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ESTIMADO DE CANAL CONJUGADO BASADO EN GRADACIONES

| ® ANEXOS
‘ Eﬂ Comprobante de pago de la tasa de presentacin de la solicitud. y2 0§-42 459 - |
E(:I Documento que acredita ia existencia y represantacidn iegal cuando el solicitante sea persona jurfdica.
|:X:| Poderes, si fuere el caso. (Ya reposa en el expediente)
[:l Documento de cesién del inventor al solicitante o a su causante.
E] Declaraciones

X|Copia de la solicitud intemacional. (Resumen, descripcion, reivindicaciones,
|_ldibujos)
[X] Traduccitn de ta solicitud intemacional al castellano. (Resuman, descripcién, relvindicaciones, dibujos)

X | Copia del examen preliminar intemacional efectuado por la Autoridad Internacional
de Examen Preliminar (IPEA).

|:| Traduccién del examen preliminar internacional efectuado por la IPEA. |

|:| De ser el caso, copia del contrato de acceso.

D De ser al caso, documento que acradite Ia licancla o autorizacidn de uso de conodmientos tradiclonales de
las comunidades indigenas.

I:I De ser el caso, certificado de depdsito del material bioldgico.

[] Arte final 12x12.

De ser el caso, Informacidn sobre otras solicitudes de patents o titulos obtenidos en el extranjero por el mismo |
titular o su causante, relaclonadas parcial o iotaiments con la Invencién de esta sollcltud.

I:I De ser el caso, modificaciones efectuadas a la solicitud intemacional. ‘

D Otros.

11 FIGURA CARACTERISTICA \

12 Solicito la Concesién de la patente,

NOMBRE: DAI‘I CAiDEw NAVAS

FIRMA: d‘
U CC. 17.066.620 TP. 1.250 g
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POWER OF ATTORNEY
In the city of __Lincolnshire ,on the _9th  day of the month of
October , of the year two thousand and two (2.002), before me,
Sharon K.’ Kroll . Notary Public, a
Jack Kail of 57 age, and domiciled at
Eighland Plrk Illinois :mldstntgd;

FIRST: That he/she acts in his/ her capacity of

Assistant Secretary of Zenith Electronics Corporation, a
company legally constituted and in existence in accordance with the laws of the
state of Illinois, and domiciled at 2000 Millbrook Drive, Lincolnshire, Illinois 60069,
United States of America, as evidenced in the By-laws and Articles of
Incorporation, documents which I have examined.

SECOND: That in such capacity he/she grants hereby special, ample and sufficient
Power of Attorney to DARIO CARDENAS NAvVAS and/or EDUARDO CARDENAS
CABALLERO, and/or BERNARDO P. CARDENAS MARTINEZ and/or JAMES VALDIRI
REYES and/or Luz HELENA ADARVE GOMEZ, and/or JUANITA ACOSTA GOMEZ
and/or ANA MARIA Ruiz RUEDA, registered lawyers of the firm CARDENAS &
CARDENAS PROPIEDAD INTELECTUAL LAWYERS, domiciled at Carrera 7 No. 71-52,
Torre B, Piso 9 Bogotd, D.C. Colombia, to carry before the corresponding
Colombian national offices and authorities the proceedings to obtain patent,
industrial models and designs and trademark registrations, as well as proceedings
of renewals, assignments, change of name or domicile of the owner, waivers and
licenses of the same for which purpose they are empowered to take before said
authorities al! necessary actions for the indicated purposes; to file applications,
statements, claims, formulate descriptions, amendments, oppositions and appeals;
pay all taxes and installments and make any other payments determined by law; to
receive every document and values issuing the respective discharge; to fulfill any
other requirements and take, in general, every measure that they shall deem
appropriate for the defense and protection of the trademarks of the company in the
event of infringements, oppositions, proceedings for cancellation or annulment,
imposition of fines, mclud.mgresorttohugnhomd'leymem pyrered to appear as
plaintiff or defendant before the competent judges, ringstipitled to transact,
submit to arbltrahon, waive, receive, remgn, RS}
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act said attorney lawfully do for its benefit, as my own act granting them also
power to substitute this proxy and if necessary to revoke such substitutions.

THIRD: That for purposes of articles 597 and 543 of the Colombian code of

Commerce the attorneys are empowered to receive service of notice and designate
judicial and extra judicial attorneys.

SIGNED AT Lincolnshire, Illinois, U.S.A.

October 9, 2002

ON
n e o/
Notary Public

AAQUECENON OSITIaL fap .
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APOSTILLE

(Convention de La Haye &u 5 Octobre 1961)

Country: United SJtates of America
This public document
has been signed by SHARON K. KROLL

acting in the capacity of NOTARY PUBLIC, COOK COUNTY

bears the seal/stamp of ITATE OF ILLINOIS
Certified
Springfield, Illinoia

No. 65401
Seal/Stamp: 10. signature:H
Qe WHhite
JESSE WHITE

SECRETARY OF STATE
STATE OF ILLINOIS
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NOTARIAL CERTIFICATION

The undersigned Notary Public certifies that Mr.

Jack Kail appeared before me and signed the
preceding document; that I know him personally and 1 am certain that he has legal
capacity to grant it; that he is _Assistant Becretary of Zenith Electronics
Corporation, and is consequently authorized to grant such document; that such
company is organized under the laws of the state of lllinois, and is domiciled at
2000 Millbrook Drive, Lincolnshire, Illinois 60069, United States of America; and
that the act for which this document is granted is included among those which
constitute the corporate object of the named company. Purthermore, that such
company performs its corporate purpose in accordance with the laws of its
incorporation and domicile.

I am certain of all these facts because 1 have examined the respective documents
migﬁngof Colombian Power of Attorney

all of which I hereby attest.

NOTARY PUBLIC (signature) ;gﬂa,\m /( w

ISSUED ANDSIGNED AT Lincolnshire, Illinois
DATED October 9, 2002

(LEGALIZATION BY APOSTILLE IS REQUIRED)
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Traduccion Oficisi No. 2002/185 de un documento escrito en inglés el cual para su
idantificacion se selia con el aelio del traductor al tiempo con i presente. Esta
traduccién ha sido preparada por Hilda Aguilera de Pledrahita, traductora oficial
debidamente reconocida por el Ministerio de Relaciones Exteriores y autorizada
por ol Ministerio de Justicia y del Derecho por Resalucion No. 323 de 1880.

PODER
Colombia
En la ciudad de Lincoinshire, el dia § det mes de Octubre de dos mil dos(2002),
ante mi, Sharon K Kroli Notario Pblico, comparecid Jack Kail de 57 afios de
adad, y con domicilio en Highland Park, Hiinois y manifesto:

PRIMERO: Que el obra en su calidad de Secretaric Asistente de Zenith

Electronica Corporation, una compafila legaimente constituida y existente de
conformidad con Ias leyes del estado de lilinois, y con domicilio en 2000 Millbrook

GOMEZ yio ANA MARIA RUIZ RUEDA, abogados registrados de la fima
CARDENAS & CARDENAS ABOGADOS PROPIEDAD INTELECTUAL LTDA.,




domiciliada en ia Carera 7 No. 71-52, Torre B, Piso 9, Bogotd D.C., Colombia,
para lievar a cabo ante las comespondientes Oficinas Nacionales Colombianas y
autoridades los trémites para obtener patentes, modelos Industriaies y disefios vy
registros de marcas, asi como trdmites para renovaciones, traspasos, cambios de
nombre o domicilio del propietario, renuncias y licencias de los mismos para cuyo
fin estédn facultados para realizar ante diches autoridades todas las acciones
necesarias para los fines indicados; para presentar solicitudes, declaraciones,
reivindicaciones, formular descripciones, modificaciones, oposiciones, y
apelaciones; pagar todos los impuestos y derechos y hacer cualesquiera ofros
pagos que la ley determine; recibir todos los documentos y valores con expedicién
del reapectivo descargo; cumplir cualesquiera otros requisitos y fomar en general
todas las medidas que juzguen oportunas psra la defensa y proteccién de las
marcas de la compailia en el evento de infracciones, oposiciones, procesos de
cancelacién o anulacién, imposicidn de multas, presentar antecadentes ante las
cortes; quedan facultedos para comparecer en calidad de demandante o
demandado ante los jusces competantes, tendrén derecho de transar, someterse
a arbitraje, renunciar, recibir, renunclar, desistir, apelar y todas ilas demés
facultades legales que puedan requerirse, y por el ’-_; Ble

;ASDUCTION ORIEIL e
SEDA ARURITA S PRRRIS,
INTIRAETE OfEL
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TERCERO: que para fines de los articulos 597 y 543 del Cédigo Colombiano de
Comercio, ios abogados estén facultados para recibir nolificaciones y pama
designar apoderados judiciales y extrajudiciales.

FIRMADO EN: Lincoinshire, lllinois. EUA
EL: § de Octubre de 2002,
POR: llagible

Jack Kail

NOTARIO PUBLICO

CERTIFICACION NOTARIAL

El suscrito Notario Publico certifica que el Sr. Jack Kail comparecié ante mi y
suscribié el documento precedents; que lo conozco personalments y que estoy
seguro de que tiene las facuitades para otorgario; que él es Secretario Asistente
de Zenlth Elactronics Corporation, y por consiguients estd autorizado pars
otorgar dicho documento; que la compalfifa mencionada existe y esth constituida

el objeto

o ::nn- ommaL l---.zx’ZI s
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Estoy seguro de todos estos hechos por haber examinado los documentos
respectivos consistentes en el Poder para Colombia, de todo o cual doy fe.

NOTARIO PUBLICO (Firma) (Firmado:Sahron K. Kroli

EXPEDIDO Y FIRMADO EN Lincoinshire, lilinois

FECHA : Octubre 8, 2002.

Sello a tinta: SELLO OFICIAL, SHARON K. KROLL, Notario Pibfico, Estado de
lllinois,

Mi comision expira 10/30/04.

(SE REQUIERE LEGALIZACION MEDIANTE APOSTILLA)

ESTADO DE ILLINOIS
SECRETARIO DE ESTADO
SPRINGFIELD, ILLINOIS
APOSTILLA

1. Pals: Estados Unidos de América
Este documento piblico

2. Ha skio frmado por SHARON K. KROLL _
3. Actuando en calidad de Notario Pblico, Condado de Cook %
4. Leva el seilolestampilla de | Estado de lfincis

CERTIFICADO
20e}qs

AADUCEEON DY:%"L, By
Lfwh. GFUIMA cf !
mreveiC1L -

W e, LA SR
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5. En Springfield, llinois

6. El dia 11 de Octubre de 2002.

7. Por el Secretario de Estado del Estado de lilinois
8.  Numero 5401. '

9.  Selio (Selio Redondo en Relieve)

10.  Firma (Firmado:liegible)
Jessa White, Secretario de Estado, Estado de liinois.

esta oficina para su confrontacion y a la cual me remito.

ES TRADUCCION FIEL Y COMPLETA de ia cusl sa deja copia en los archivos & )

Bogot4, Octubre 21 de 2002,
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E-mail del 5 de Junio de 2.006
Isdavar@cal2.venlnet.in

Ref: Bajaj Auto Limited - Colombia - Industrial Design application entitled
“Motorcycle”. File No. 04-114.438. Our ref: D-023.

Dear Sirs:

Thank you for your e-mail dated June 2, 2.006 in regards to the above matter.

Kindly note that since the reconsideration and appeal brief filed against the rejection of the
referenced industrial design application has not yet been decided by the Colombian Patent
Office, no maintenance fees have to be paid up this moment.

We will keep you informed about any development regarding this matter.

Yours sincerely,

LUZ HELENA ADARVE-GOMEZ ANA MARIA RUIZ-RUEDA

AMR/J/ Varko/Dinenid / By Amin Limibead o'/
F # Da?
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PCT REQUEST
Original (for SUBMISSION )
-] For recaiving Office use only
01 Internations) Application No.
[X] Internetional Fling Cate
03 |Name of mcsiving Ofice and "PCT -
intemational Applcation”
04  |Form PCT/ROI101 PCT Request i - -
0-4-1  [Prepared Uning PCT-BAFE {EASY moda] -
Version 3.50 (Build 0002.163) .
05 Patition
Tha undersigned requeats that the
presant international application be
procassed according to the Patant
(Cooparstion Treaty
o ::I:'Il:lli Office (specified bythe  ITnjted States Patent and Trademark
Office (USPTO} (RO/UB)
o-r Appilcant’s or agent's fls refersnce PPD3,0369-WO .
' Tite of Invantion EFFICIENT CONJUGATE GRADIENT BASED
CHANNEL ESTIMATOR
] Applicant
-1 IThis person is applicant only
H-2 Applicant for all designated Statess except US
i4  |Name ZENITH ELECTRONICS CORPORATION i
I-5 Addrass 2000 Millbrook Drive
Lincolnshire, Illinois 60069
OUnited States of America
"8 Stete of netionally us
-7 State of msidence g
8 Talaphone No. 847 941-8011
I8 jFacaimie No. 847 941-8003
-1 |AppHeant andior inventor
Wi-1-1  [This person s applicant and inventor v
W14 |Name (LAST, First) XIM, Jin H.
H-1-5  (Addreas 550 Timberwood Drive
Lake Zurich, Illinols 60047
ited States of America
Hi-1-8 [State of nationality U8
lI-1-7 [State of eskiance us

W
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PCT REQUEST i
Original {for SUBMISSION )
2 [Agplicant and/or inventor
k2.1 [This parson ta applicant and inventor v
i1+2-2  |Appicent for U8 only
iti-2-4 F"""' (LAST, First) OZEN, Serdar
RS (Address 174 ‘Heaingway Court
Varnon Hilla, Illinois 60061
ited States of America
26 [Stote of nationadty TR ) -
27 [Stats of residence us j
N1 or cammaon represantative; or
addreas for correapondence )
pevson identifiad balow Is haratny -
besn appointad to act on bahalf of agent
appiicant{s) bafore the competant
international Authorities as°
V-1-1  |Name (LAST, First) JOIKE, Trevor B.
NV-1-2  |Address Schiff Bardin LLP
6600 Sears Tower
|Ch1eago. Illinois 60606 .
United States of America
V-1-3 [Teleghona No. 312 258-5774

312 258-5921
tjolke@achliffhardin.como
25,542

V-1 The filing of this equest constitutes
under Rule 4.9(a), the designation of
all Contracting States bound by the
PCT on the International flling dats,
the grant of every kind of
protection avallable and, where
applicable, for the grant of both
reglenal and national patents.

Vi1 Prierity clalm of sarfier national
V11 {05 December 2003 (05.12.2003)
V12 10/729,722
Vi3 los
Vi-2 Priority document request
recalving Offica ia raquasted to vI-1

prepare and transmit 1o tha intemational

Bursau a certifiad copy of the eacfier

sppiication{s) idantifiad above as
T
Vi :‘:::""""""‘""M European Patent Office (EPO) (IBA/EP)

e .




PCT REQUEST

Original (for SUBMISSION )

vili
viii-1

vii-2

vii-3

Viil-4

viil-5

Number of declarstiona

Daciarstion as i tha idantity of the

Daciarsiion as to the spplicant's
antitiament, s at the Intemational filing
to spply for and be granted 8

paterd

Declarstion as in the appicant’s
eriitiament, as a1 the international fiing

to claim the pricrity of the sarfier
appiication

Daclaration of invertorship {only for the
purposas of the dasignation of the
Unitad States of America)

|m-bl‘ll'l-ﬂw
or exceptions to lack of
novelly




PCT REQUEST

46
Original (for BURMISSION )

Viil-2-1 [Deciaratian: Entitiement to apply fer

aa st the International filing
to apply for and be granted a
patant (Rulea 4.17(%) and 31bia. 1{a)0).

in relation to this international
application

ZENITH ELECTRONICS CORPORATION is
entitled to apply for and ba granted a
|pl|:enl: by virtue of the following: -

Vil Z10
v}

LECTRONICS CORPORATION, dated 05

an assignment from KIM, Jin H. to ZENITH
B
ecember 2003 (05.12.2003)

VIII-N(IL
v)

an assigument from OZEN, Serdar to )
ZENITH ELECTRONICS CORPORATION, dated 04
Dacember 2003 (04.12.2003)

VIIi-3-1(1{This deciaration Is made for tha
x} at

all designations axcept the designation
of the United States of America




PCT REQUEST

5/8
Original (for SUBMISSION )

Vil3-1 [Declaration: Entitiement to clalm

.17{) and 51bls.1{a){ )
Name

in relation to this international
application

ZENITH ELECTRONICS CORPORATION_

is entitled to claim priority of earlier
lapplication Wo. 10/729,722 by virtue of
the following:

vw)n-a-ml an assignment from KIM, Jin H. to ZENITH
ELECTRONICB CORPORATION, dated 05
Deacember 2003 (05.12.2003)

:""3"“' an assignment frem OZEN, Serdar to

ZENITH ELECTRONICS CORPORATION, dated 04
December 2003 (04.12.2003)

VA3 1(1|This deciaration is mada for the

X

purpases of:

all designations

'3
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PCT REQUEST -
Original (for SUBMISSION )
[ |Check aist number of sheets slectronia fis(e) attached
-1 |Request (indiuding daciaration sheats) 3 7
-2 IDu:bﬂnn 36 -
-3 |CIlIml 14 -
x4 =, 1 7
IX-4 Drawings 1 -
IX-r TOTAL 59
|Aceampanying tems papar-document(s) atinchad _ slactronic flie(s) sitnched -
7 -
- 7 N
2
D639 |Language of fiing of the Intamational
L Anguage of iing English - A
X-1 Signature of applicant, sgent or
[commen rapresentstive 4 ,
X-1-1  |Nmma (LAST. Firet) JOIKE, Trev .
X-1-3  |Name of signaiory
X-1-3 [Capacity
FOR RECEIVING OFFICE USE ONLY
101 [Dats of actual receipt of the o i
purported intsmational spplication
10-2 Drewings:
16-2-1
10-2-2 |Not received
10-3 Corrected date of actual recelpt due
to later but timely received papers or
drawings complating the purparted
international ag,
10-4 - |Date of imsly recalpt of the required -
corrections under BCT Article 11(2)
105  |intsmational Searching Authority ISA/EP
108 Tranamitial of saarch copy delayed
untll ssarch fas s pald
FOR INTERNATIONAL BUREAU USE ONLY
111 Data of receipt of the ecord copy by
intarnational Bursau
w2 s
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PCT (ANNEX - FEE CALCULATION SHEET) .

Original (for SUBMISSION
mmhmmuwmm“;nuumghmwmj

041 |Prepared Using PCT-EAFE [EASY moda]
_ Version 31.50 (Build 0002.163)
_Iilnl’lcrlgmﬁﬂlmnc'!'m__'-_—omTO ) -
_ JZENITH IL!CTRONI_ICB CORPORATION
Calcutation of prescribed fees Toe amountimuliglier Total smounts (USD)
Tranamital fee B & 300 .
3 o 1920
12:2-2 intermational sarch to bo conied ol by [EP
12-3 [intamationsl Slng fes
(Wrst 30 shests) _ " 1134
124 | Ramaining sheels 29
125 Additional amount ™12
128 [ Total sddiional amount [ 348
12.7 M+2= ] 1482
12-12 [ EASY Filing reduction R -81
1213 intemalional Giing fea (FR) 1 > 1401{
12-14 [Fee for priarity docuomant )
Number of priarity dacuments 1
1215 [T Fee per document P0[20
P > 20
-] 3641

authoriszation to charge deposit account

United Btates Patent and Tradamark
Office (UBPTO) (RO/UB)

v

4

4

260175

18 October 2004 (18.10.2004)

JOIKE, Travor




signal y is decoded E'éo"n:i&:i;?.?a;sfuﬁon matrix
S is formed from the data s, a ix F is formead from

the data § such that the matrix F results from the
forming of the matrix S as a convolution matrix, and a
conjugate gradient algorithm is performed to determine
.the channel estimate. The conjugate gradient algorithm
is based on the received signal y, the matrix S, and the
matrix F.

2\
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EFFICIENT CONJUGATE GRADIENT
BASED CHANNEL ESTIMATOR

Technical Field of the Invention

The present invention relates to a conjugate

gradient based channel estimator.

Background of the Invention

Since the adoption of the ATSC digital

television (DTV) standard in 1996 in the United States,

there has been an ongoing effort to improve the design of

receivers built for the ATSC DTV signal. The primary
obstacle that faces designers in dasigning receivers so
that they achieve good reception is the presence of
multipath interference in the channel.

The broadcast television channel is a
relatively severe multipath environment due to a variety
of conditions that are encountered in the channel and at
the receiver. Channels are characterized by impulse
responses which may be several hundreds of symbols long,
so that strong interfering signals may arrive at the
receiver both before and after the largest amplitude

signal. 1In addition, the signal transmitted through the

channel is subject to time varying channel conditions due

to the movement of the transmitter and signal reflectors, .

airplane flutter, and, for indoor reception, people

L
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walking around the room. If mobile reception is desired,
movement of the receiver must also be considered.

Moreover, the ATSC DTV signal uses trellis
coded 8-level vestigial sideband (usually referred to as
BT-VSB or, more simply, as B-VSB) as the modulation
method. 8-VSB data symbols are real and have a signal
pulse shape that is complex. Only the real part of the
complex pulse shape is a Nyquist pulse. Therefore, even
if there is no multipath, the imaginary part of the
complex pulse shape contributes intersymbol interference
(ISI) when the channel gain seen by the equalizer i1s not
real.

Multipath and intersymbol interference
adversely affects the ability of the receiver to
correctly receive the symbols tranamitted by the
transmitter. Therefore, designers add equalizers to
receivers in order to cancel the effects of multipath and
intersymbol interference and thereby improve signal
reception.

Because the channel is not known a priori at
the receiver, the equalizer must be able to modify its
response to match the channel conditions that it
encounters and to adapt to changes in those channel

conditions. To aid in the convergence of an adaptive
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equalizer to channel conditions, the field sync segment
of the frame as defined in the ATSC standard may be used
as a training sequence for the equalizer. But when
equalization is done in the time domain, long equalizers
(those having many taps) are required due to the long
channel impulse responses that characterize the channel.
The original Grand Alliance receiver used an
adaptive decision feedback equalizer (DFE) with 256 taps.
This adaptive decision feedback equalizer was adapted to
the channel using a standard least mean square (LMS)
algorithm, and was trained with the field sync segment of
the transmitted frame. The LMS algorithm converges quite
slowly ang, even with only 256 taps, does not always
converge during a single tralning sequence. Because the
field sync segment is transmitted relatively infrequently
(about every 260,000 symbols), the total convergence time
of this equalizer is quite long if the equalizer only
adapts on training symbols prior to convergence.
Therefore, in order to adapt equalizers to
follow channel variations that occur between training
sequences, the addition of blind and decision directed
methods to equalizers has been suggested. However, when
implemented in a realistic system, these methods may

require several data fields to achieve convergence, and
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convergence may not be achieved at all under difficult
multipaéh conditions.

In any event, because multipath signals in the
broadcast channel may arrive many symbols after the main
signal, the decision feedback equalizer 1s invariably
used in 8-VSB applications.

It has been argued that a blind decision
feedback equalizer is required due to the rise in mean
square error (MSE) between training sequences. However,
adaptation of the trained equalizer in the simulation
that supported this argument was frozen between tralning
sequences. It is possible that a decision-directed
equalizer with good tracking performance may be able tp
follow the channel variations tested.

Blind algorithms based on the Sato algorithm
and on Godard’s constant modulus algorithm {(CMA) have
been proﬁosed. The error term in both of these
algorithms uses a continuous blending of a decision-
directed term with the blind term. This blending enables
a smooth transition between the blind mode and the
decision-directed mode. However, when implemented in a
realistic system, these algorithms also may take several

data fields to converge.
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As mentiohed previously, adaptive equalizers
utilizing the least mean square (LMS) algorithm may
converge slowly or not at all depending on the channel
conditions. Convergence may be adversely affected if the
input data auto-correlation matrix has a large eigenvalue
spread. Also, if the decision feedback equalizer has not
converged before the end of the training sequence, the
shape of the objective function may change sco that it
includes local minima. These local minima may be caused
by closed eye channel conditions and decision feedback
equalizer error propagation.

The recursive least square (RLS) algorithm is
well known to avoid these convergence problems. However,
the recursive least square algorithm, in its basic form,
requires the computationally intensive inversion of the
input data auto—correlation matrix. Lattice based forms
of the recursive least square algorithm avoid the need
for this matrix inversion. However, the lattice based
forms of the recursive least square algorithm are not
easily amenable to the advantage of initialization from
an initial channel impulse response (CIR) estimate, even
though such an initialization may be desirable.

Recent work in reduced rank filtering has

connected the multi-stage nested Wiener filter (MSNWF) of °
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Goldstein and Reed to the conjugate gradient algorithm
(CG). It has been shown that the multi-stage nested
Wiener filter solves the Wiener-Hopf equations in the
Krylov subspace associated with the auto-correlation
matrix and the cross-correlation vector. The multi-stage
nested Wiener filter is then re-formulated using the
Lanczos iteration. It has also been shown that the
Lanczos-based multi-stage nested Wiener filter is
equivalent to the conjugate gradient algorithm. Since
the multi-stage nested Wiener filter often needs few
dimensions to approach the performance of the full-rank
Wiener filter, the conjugate gradient algorithm is a good
candidate for an adaptive equalization algorithm with
fast convergence.

A description of the conjugate gradient
optimization algorithm and many of its mathematical
properties may be found in “An Introduction to
Optimization,” by E. K. P. Chong and S. Zak, New York,
NY, John Wiley & Sons, 1996. The algorithm described is
applicable to the optimization of a fixed objective
function. An excellent review of adaptive filtering with
the conjugate gradient algorithm is found in “Analysis of
conjugate gradient algorithms for adaptive filtering,” by

P. S. Chang and A. N. Willson, Jr., vol. 48, pp. 409-418,
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IEEE Transactions on Signal Processing, February 2000.
The mathematical richness of the algorithm relationships
leads to a variety of options in the implementation of
the basic conjugate gradient algorithm for minimizing a
quadratic objective function. These options can be
carried over to the adaptive situation to provide a
number of options for implementation of the algorithm.
One characteristic of the algorithm which may also be
exploited is that it works directly with the correlation
matrices and vectors. This characteristic makes
init#alization based on an initial channel impulse
response straightforward, assuming information is
available for this purpose.

Like lattice based forms of the recursive least
square algorithm, the conjugate gradient algorithm does
not require the inversion of the input data auto—
correlation matrix. Another characteristic of the
conjugate gradient algorithm may be exploited by
recognizing that the lnput data auto—correlation matrix
is the product of two Toeplitz matrices.

The invention described in U.S. Patent
Application Serial No. (7227) uses these characteristics
to substantially reduce Ehe computation load in the

conjugate gradient algorithm and to even eliminate the
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need to form the input auto—correlation matrix.
Accordingly, the improved conjugate gradient algorithm
disclosed in that application may be used to achieve
satisfactory convergence times for equalizers.

The (7227) application also suggests that the
conjugate gradient algorithm can be used to estimate
channels. The present invention reduces the computation
complexity in performing the conjugate gradient algorithm

with respect to channel estimators.

Summary of the Invention

In accordance with one aspect of the present
invention, a method of processing a recelved signal y Fo
produce a ghannel estimate comprises the following: (a)
decoding the received signal y to form data s; (b)
forming a convolution matrix § from the data s; (c)

forming a matrix F from the data s, wherein the matrix F

results from forming the matrix § as a convolution
matrix; and, {(d) performing a conjugate gradient
algorithm to determine the channel estimate, wherein the

conjugate gradient algorithm is based on the received

signal y, the matrix §, and the matrix F.
In accordance with another aspect of the

present invention, a method of processing a received
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signal y comprises the following: (a) decoding the

received signal y to form data s; (b) forming a

convolution matrix § from the data s; (c) forming a

matrix F from the data s, wherein the matrix F results

from forming the matrix § as a convolution matrix; and,

(d) performing a conjugate gradient algorithm based on

the received signal y, the matrix 5, and the matrix F.
In accordance with still another aspect of the
present invention, a method of processing a received
signal y comprises the following: (a) decoding the
received signal y to form data s; (b) forming a
convolution matrix § from the data s; (c) forming a
matrix F from the data s, wherein the matrix F results
from forming the matrix § as a convolution matrix; and,

(d) performing a conjugate gradient algorithm based on

the received signal y, the matrix S, and the matrix F,

wherein the conjugate gradient algorithm includes forming

FETs based on the received signal y, the matrix §, and
the matrix F, multiplying the FFTs to form a
multiplication product, and forming an inverse FFT of the
multiplication product.

In accordance with yet another aspect of the
present invention, a method of processing a received

signal y to produce a channel estimate comprises the

-9-

3]



10

15

20

. . Attorney Docket

7240

following: (a) decoding the received signal y to form

data s; (b) forming a convolution matrix 5 from the data

s; (¢) forming a matrix F from the data s, wherein the

matrix F results from forming the matrix S as a
convolution matrix; and, {(d) performing a conjugate
gradient algorithm to determine the channel estimate,

wherein the conjugate gradient algorithm is based on the
received signal y, the matrix §, and the matrix F, and
wherein the conjugate gradient algorithm includes forming

FFTs based on the received signal y, the matrix §, and
the matrix F, multiplying the FFTs to form a
multiplication product, and forming an inverse FET of the

multiplication product.

Brief Description of the Drawings

These and other features and advantages will
become more apparent from a detailed consideration of the
invention when taken in conjunction with the drawings in
which:

Figure 1 illustrates a filter that can be used
in a decision feedback equalizer according to an

embodiment of the present invention:

-10-
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Figure 2 illustrates the decislon feedback
equalizer according to an embodiment of the present
invention;

Figure 3 illustrates a matrix S which is
derived from a vector of symbol decisions of length 2496
and is useful in describing the present invention;

Figure 4 illustrates the decomposition of the

matrix S to form two matrices 8§ and F useful in
implementing the present invention; and,

Figure 5 shows a system for determining a

channel estimate h based on the matrices 8 and F.

Detailed Description

As shown in Figure 1, a filter 10 can be used
as an equalizer and includes storage registers 12(n],
seey 12[n+N-3], 12[n+N-2], 12[n+N-1]. For example, N may
be 512. The storage registers 12[n], ..., 12[n+N-3],
12[n+N-2], 12({n+N-1] store corresponding received data
y[nl, ..., y[n+N-3}, y[n+N-2], y[n+N-1]. The output of
each of the storage registers 12[n], ..., 12[n+N-3],
12[n+N-2], 12[n+N-1] is coupled to a corresponding
multiplier 14([n], ..., 14[n+N-3], 14[n+N-2], 14[n+N-1].
Accordingly, the multipliers 14([n], ..., 14[n+N-3],

14[n+N-2}, 14[n+N-1] receive the stored data from the

-11-
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storage registers 12[n], ..., 12[n+N=-3], 12[n+N-2],
12 [n+N-1]. The multipliers 14[n], ..., 14[n+N-3],
14 [n+N-2], 1l4[n+N-1] also receive corresponding tap
weights g[n], ..., g[n+N-3], g[n+N-2], g[n+N-1]. The
multipliers 14[n],. ..., 14[n+N-3], 1l4[n+N-2], 1l4[n+N-1]
multiply each of the stored data y([n], ..., y[n+N-3],
y[n+N-2], y[n+N-1] by a corresponding one of the tap
weights g[(n], ..., g[n+N-3], g[n+N-2], g[n+N-1], and the
multiplication results are summed by a summer 16 to
provide the output of the filter 10. Various algorithms
as described above have been implemented in order to set
the values of the tap weights g[n], ..., g(n+N-3], g[n+N-
2], gin+N-1].

A decision feedback equalizer 20 is shown in
Figure 2 and includes a feed forward filter 22, a
feedback filter 24, a summer 26, a hard decision device
28, and a controller 30 that computes the tap weights for
the feed forward filter 22 and the feedback filter 24.
Each of the feed forward filter 22 and the feedback
filter 24 may comprise the filter 10 of Figure 1. The
hard decision device 28, for example, may be a decoder or
a slicer.

The output an] of the summer 26 is the

equalized output of the decision feedback equalizer 20.

-12.
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The hard decision device 28 (such as a slicer) determines
the closest value 3[n] for each of the symbols provided as
the output §{n] of the summer 26. These values $[n] are
fed back as inputs to the feedback filter 24. The
feedback filter 24 applies tap weights g,[n] to the values
5[n] and provides its output to the summer 26. Likewise,
the feed forward filter 22 applies tap weights g.g[n] to
the values y[n] of the received signal and provides its

output to the summer 26. The summer 26 sums the output
of the feedback filter 24 with the output of the feed

forward filter 22 in order to produce the output §n].
The output §[n] of the decision feedback

equalizer 20 1s given by the following equation:

i) =Relg yin)}+ g751n]

=gn¥:(nl+gry,[n]l+gzaln] (1)

where 8[n] as indicated above is defined to be the symbol
estimates provided by the hard decision device 28, where

- =Re{g,} is the real part of the tap weights g, of the
feed forward filter 22, where g,,,=Im{g,} is the imaginary

part of the tap weights g, of the feed forward filter 22,

-13-
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and where g, are the tap weights of the feedback filter
24.
The definitions given by the following

equations may be assumed:

5
¥,[n)] = [y:[n]y:[n]]"' (2)
§inl = [fis ol (3)
10 Jelnl = [ah gk (alff (4)
gl = [§HmGImf" 8

where y, =Refy,} is the real part of the received symbols
15 y,, and where y, =Im{y,} is the imaginary part of the
received symbols y,. Then, the equalized symbols #&n]

provided by the decision feedback equalizer 20 are given

by the following equation:

20 #{n]=§;¥,[nl+g8ln]

=g'¥in] (6)

-14-
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The equalizer input y([n] and the feed forward tap weights
g, are complex values, the feedback tap weights g, are
real, and the output &(n]} of the decision feedback
equalizer 20 is real. The imaginary part of the output
of the feed forward filter 22, g, , may be ignored and,
therefore, not computed.

It is desired to determine the tap weight
vector gi{n] so that the error at the output of the
decision feedback equalizer 20 is minimized according to

the following equations:

giny = 279 ™0  Efelni - &0 '} (7)
Flg) = Ef(sin] - &n)’}

= o7 — §lnly — =pdin] + §*[niRgygin] (8)

where oi is the symbol variance and is equal to the
average symbol energy, Ryy is an autocorrelation matrix,
and r,; is a cross correlation vector. The
autocorrelation matrix Ry; and the cross correlation
vector r,; are defined in detail hereinafter. The error

function F(g) is minimized by setting its gradient to

zero according to the following equation:

-15-
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VFg) = Riy'g'[nl - Ty = 0 (9)
This minimization leads to the following well known
Weiner-Hopf equation:
Rwi[n] = I'? (10)
Solving for the desired tap weights g{n] leads to the
following equation:
gin] = R%r,g (11)

So, in order to calculate the desired tap welght vector,
the large system of equations represented by equation
(11) must be solved. This solution requires the

inversion of the large matrix Ry and, therefore, a

considerable amount of computation.

One method for reducing the amount of
computation involved in solving a large sysfem of
equations is the aforementioned conjugate gradient
algorithm. In order to set up equation (11), estimation
of the auto-correlation matrix Ryy[n=0] and the cross

correlation vector z,y[n=0] is required. By definition,

-16-
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the auto-correlation matrix Ryy[n] is given by the

following equation:
Ryy[n]=E[fn¥*n]] (12)

and the cross correlation vector =x.[n] is given by the

following equation:
zy[n1=E[s [n#n]] (13)

where s[n] represents the transmitted symbols, E is the
expectation operator, and H denotes the Hermitian
transpose.

The auto-correlation matrix R;ykﬂ and the cross

correlation vector T,y[n] can be estimated using the

forgetting factor method according to the following

equations:

n-1
Rgpinl = Y v*#n - m} ¥%[n - m]

=YR,, [n-1]+Fn}F"(n] (14)

n-1
£yl = 3 y"sln - m] #'[n - m)

-17-
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= yigln - 1] + s{nl¥"(n} (15)

where 0 < y < 1 is the forgetting factor. If y is set
to 0, the equations {14) and (15) yield the estimates of
the auto-correlation matrix ﬁﬁ and the cross correlation

vector £, from the most recent sample vector y.

In determining the tap weights g, for the feed
forward filter 22 and g, for the feedback filter 24, the
controller 30 initializes the auto-correlation matrix
Ryy[0] using equation (14) and the cross correlation
vector r,;[0] using equation (15) by performing averaging
over a period of time such as 1/2 data field or so. The
controller 30 also initializes the tap weights g,[0] = 0

and initializes the decision vector s[0] to the first Nm

of the known training symbols that are contained in the

field sync portion of each data field as discussed above.
Further, the controller 30 initializes the data

vector ¥{0] as follows. The data vector ¥,[0] as given
in equation (2) is initialized by setting the real part
yaln = 0] = {ya[0],..., ya[Ngs - 11}* such that

Yr(Ol,..., ya[Nys = Ng — 1] are the real part of the

remaining training data (after those in §[0]) and

-18-
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Ya[N., = Ngl, -+, yu[N,, = 1] are the real part of the
received data after the training sequence. This setting
is repeated for §,[0]. Then, .0} = [yI[0kI[0]] is
constructed as given in equation (2) and $O0] = [ﬁ:[()]i"[()]]’
is constructed as given in equation (3) based on the
initialized vectors ¥,[0], ¥,[0], and ¥,[0] as given
above. In an ATSC digital television environment, for
example,‘the number of training symbols N, may be 728,
the number of feed forward taps Ng may be 512, and the
number of feedback taps Ng may also be 512.

Further, the controller 30 initializes the

output 8[n] of the decision feedback equalizer 20 as
8[0] = Gg[01§[0] in accordance with equation (6), the
controller 30 initializes a gradient t,[n] as

t,[0] = Ry,[01§,[0] - £,(0], and the controller 30 sets the
variable n to 0.

The controller 30 then executes a conjugate
gradient algorithm once for each received data element,
where each iteration of the algorithm is initiated upon
the shifting of a new received data element into the feed
forward filter 22. The parameters of the conjugate

gradient algorithm as described above are defined in the

table.

-19-
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Parameter Name

Equalizer Notation

Object Function Argument gx[n]
(Equalizer)
Argument Step Size a,[n]
Gradient teln]
Conjugate Directions bx[n]
Conjugate Direction Step B,[n]

Size

This conjugate gradient algorithm is as follows:

1. calculate conjugate direction bx[nl]

if n modulo(Neaps)= 0

ba[n] = -£4[0]

else

(reset)

(t,[n] — &_,[n))*&,[n]

Bn[n] =

(€oIn] ~ £_,[n))*b_,[n)

bo[n] = _tu[n] + Bo[n]h-l[n]

2. calculate argument step size a,[n]

— bylnl,[n]

ay[n] =

3. tap update

by[nRy[nlb,[n]

-20-
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g,[n] = §,(n] + ayinlb,[n]
4. n=n+1

goln] = §,[n - 1]

t_..[n] toln — 1]
S. update input vector ¥(n] with the next received

data element and update Rgylnl per

equation (14)
6. Calculate output of the decision feedback
equalizer 20
$[n] = Galn}¥in]
7. calculate gradient tyin]
toln] = t_;[n] + agln)Reznbyln]|

8. Return to step 1

The largest of the part of the computations
required by this conjugate gradient algorithm is

contributed by the matrix-vector multiplications

RylnlbIn] of steps 2 and 7. These multiplications
require the update of matrix Ry[n] from the vector ¥{n]
as in equation (14). This update requires one multiply

for each of the N! ., matrix elements, a total of NLN

taps

multiplies. Then, the matrix-vector multiplication

21-
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requires an additional N, multiplies. Accordingly, the

= 2N?

teps Multiplies.

total computation is NI, + N,

This computational load can be decreased as
explained below.

A matrix-vector multiplication given by a = ¥b,
where Y is a convolution matrix, b is a vector, and a is
the multiplication result, is equivalent to
a[n] = y{nl* b[n] where * denotes linear convolution.
These equationﬁ may be represented in matrix form by the

following equation:

af0] yi0] yi-11 yi-2]] b{0]
anl| = |yl yio yi-ulbm (16)
af2] yizl yf1] yi0] Jb(2)

where n is chosen as a small number for explanatory
purposes only. The columns and rows of the matrix ¥ in
equation (16) can be circularly extended in accordance

with the following equation:

[alo]] [ v0) yi-1) yi-20 yi2] yi1] Joio]
alll| |yl O yi-1 vi~21 (2] |bfl]
al2| = | yi2l yil] yl0) yi-1] yi-2l]bi2] (17)
dc| |yi-2 yl2 vyl yi0] yi-1 O -
dc| |[yi-1) yi-2 yi2 yll 0] ] O

.22
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where dc means don’t care. Equation (17) is equivalent

to a[n] = yin] ® bln] where ® denotes circular convelution.

Circular convolution is equivalent to the following

operation:

Y = FFIy) (18)
@ = FFI(b) (19)
A=Txa (20)

a = IFFTA) (21)

where FFT in equations (18) and {19) indicates the Fast
Fourier Transform operation, IFFT in equation (21}
indicates the Inverse Fast Fourier Transform operation,
and x in equation (20) indicates point-wise vector
multiplication such that the elements of the-resultant
vector are given by ¥p x By, ¥, x B;, Y2 x Bz, etc.

An embellishment on the above process involves
0 padding the columns to lengths of 2". This 0 padding,
as is well known, permits a cémputationally efficient
FFT. Accordingly, the matrix-vector multiplication a =
Yb can be written with 0 padding in matrix form according

to the following equation:

23-
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af0]] [ yi01" yI-1) y1-21 0 0 0 y[2) y{] JHo]
a[l] yill yi0] yi-1] yi-21 0 0 0 yi2] bl
al[2] yi2] ylll yi0] y-1 y-2] © 0 0 {bi2
de| | 0 yl2 yil yl0] y-1 yi-21 O o | o (22)
dc 0 0 yi2l y1l yi0] yi-1] y-22 0 || O
de 0 0 0 yl2 yil] yio] yi-1] y[-21f 0
dc yi—2] 0 0 0 yl2] yi1] yi0] y(-11j O
jde| |vi-1] vI-22 © 0 0 yi2 ylll y0l] 0]

It is noted that matrix Y has a Toeplitz structure, and

that Y! is also a Toeplitz matrix.

transpose.)

It will be shown that the

({H denotes Hermitlan

need for both the Ry -

update and the Ryb multiply can be eliminated, and that

the matrix Ry need not even be created.

Let ¥y =0 for equation (14

that

- — .}
Ryy = ¥¥* = YY

Y. It is well known

where Y is a convelution matrix based on the vector y

(that is, y forms the first column of the matrix Y).

vector ¥ may be 0 padded to length 2°.

first column of Y&,

The

Let ¥ be the

For the conjugate gradient operationt

the calculation given by the following equation must be

made:

24
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v = Rgginlbgln] = Y ¥by(n) (23)

In order to calculate v, the quantity Y'by[n] should first

be calculated according to the following equations:

Y = FFNy)
@ = FFI(b)
X =T9x@8

x = IDFT(X)

Xy = first N elements of x, remaining elements = 0

xu = FFT(:H)

where x in equation (26) denotes point-wise vector

(24)
(25)
(26)
(27)
(28)

(29)

multiplication. Then, Y x Xy is calculated according to.

the following equations:

7' = FFNy')
YV =9xX
v = IDFTY

vy=first N elements of v, remaining elements = 0

-25-
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The number of multiplies in this process, particularly

for large Neaps, i8s much less that 2Ni,,.

In the process given by equations (24)-(33), b
is the vector by of the eight step algorithm described

above, y is a vector of received symbols as described
above, and vy is the guantity ﬁ"[n]b,[n] in steps 2 and 7

of the conjugate gradient algorithm described above.

The conjugate gradient algorithm described
above can be used to make other calculations. For
example, the conjugate gradient algorithm described above
can be used to calculate updated channel impulse response
estimates. This calculation can be useful, for instance,
because known alternative methods of calculating MMSE -
(Minimum Mean Square Error) equalizer tap weights are
based on having a channel impulse response estimate.

The conjugate gradient method described above
permits the continuous calculation of channel impulse
response estimate updates between training sequences
{when only a priori unknown symbols are received) in a
receiver for a time varying multipath channel. This
calculation utilizes a least squares channel impulse
response estimation calculated from an over-determined
system of equations. Dynamic changes to the channel

impulse response may be tracked by using receiver trellis

-26-
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decoder decisions on input symbols to form a long
sequence of almost perfectly known symbols. This
sequence should have relatively few errors.
The channel impulse response to be estimated is
5 of length Ly = Ly, + Ly + 1 where Lpa is the length of the
anti-causal part of the channel impulse response and Ly
is the length of the causal part of the channel impulse
response.
The reliable trellis decoder decisions on the
10 input symbols is a vector designated herein as s of
length L,. A Toeplitz matrix S may be defined based on

this vector s according to the following equation:

Stn-1 Sz - — - - - So
- Sgpr - - - = - -
8§ = _ _ _ Sy, (34)
- - Sia~1n -
Sta-1 Sta-z = — — = = Spe_pn
15
where the elements in the matrix of equation (34) are
real and consist of the symbol decisions of vector s.
To ensure an over-determined system of
equations, the following inequality is necessary:
20

27-
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Lg 2 2L, - 1. (35)

The matrix 8 is of dimension (Ls—La+l)xLy with
(Lg = L, +1) 2 L,. The received signal vector is y with
data elements y; for L, 1 < (Lg — Ly, — 1) where y; is
the received symbol corresponding to input symbol
decision s;. Then, y = Sh + v where h is the I, long
channel impulse response vector and v is a white noise
vector.

The least squares solution for h is given by

the following equation:

By = (s"s)'ls"y . (36)

By utilizing reliable trellis decoder input
symbol decisions, there should be sufficient support for
calculating a channel impulse response estimate of the
required length. As required by inequality (35), the
vector s of symbol decisions must be at least twice as
long as the channel impulse response being estimated.

For an 8 VSB receiver application, the
following parameters may be assumed: Ly = 512, Lna = 63,
Inc = 448, and Ly = 2496. The vector s may be formed from

a sequence of trellis decoder decisions on the ;nput

-28-
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symbols. Normally, the trellis decoder would just make
output bit pair decisions, but it can also make equally
reliable decisions on the input symbols.

The vector s, for example, may be selected as 3
segments (Ls = 2496 symbols) long. So, three data
segments may be used to produce a single channel impulse
response estimate update. A new channel impulse response
estimate update can be obtained once per segment by
proceeding in a sliding window manner. Optionally,
several consecutive channel impulse response estimate
updates can be averaged in order to further improve
channel impulse response estimate accuracy if necessary.
Of course, this additional step of averaging can be a
problem if the channel impulse response is varying
rapidly.

A vector b with fewer than 3 segments of symbol
decisions may be used, but as stated in inequality (33),
the length of vector b must be at least twice as long as
the channel impulse response to be estimated. Longer b
vectors help to diminish the adverse effect of additive
white Gaussian noise on the channel.

The system of equations represented by equation
(36) may be solved using the conjugate gradient algorithm

in a manner similar to that previously described to solve

-29.
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equation (11) for the MMSE tap weights where 8%y in

equation (36) takes the place of r,; in equation (11l),
where 8'S in equation (36) takes the place of Ry in

equation (11), and where h;4 in equation (36) takes the

place of g in equation (1l).

So, the conjugate gradient algorithm described
above can facilitate the computation of (8'8)b for the
case of the channel impulse response estimation just as

it facilitated the computation of Ryb for the
calculation of tap weights.

In further reducing the computation complexity
necessary to implement the matrix-vector multiplications
required to perform the conjugate gradient algorithm, .
such as when the conjugate gradient algorithm is used to
estimate a channel as described above, it is useful to
note that the conjugate gradient algorithm may be used to
solve the following linear system for the channel
estimate h:

sh (37)

]
»

The matrix 8 is an m x n (e.g., 1985 x 512} Toeplitz
matrix derived from symbol decisions, and y is a vector

(the observation vector) derived from the received data.

-30-
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The symbol decisions can be made, for example, by a
trellis decoder or a slicer.
The system may be written as S'sh = 8%y by
multiplying both sides of equation (37) by 8. The
5 conjugate gradient algorithm can be used to solve this
system for the channel estimate h according to the

following steps:

(1) Calculate the residual vector =r; representing the

10 system 8y - 8'8h; as follows:

r, = 8y - 8'8sh, (38)

where r; is a 512 x 1 vector, and where h; is the previous
15 channel estimate which may be initialized to any desired
value such as h; = 0.

(2) For k = 1 to n, iteratively calculate the following:

(a) diy=r; +pkdl-l (39)
20
xf er
where 8, = 0, Bysy = —r-’f-—*—, and where d¢ is a 512 x 1
Py ® Iy
vector;
(b) hk+1 = ht + akdk (40)
-31-
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where by, is a 512 x 1 vector, where a, is 1 x 1, where

T *n

, where qx = 878d,, where 8 is a 512 x 1985
dy * q

a, =

matrix, and where 8 is a 1985 x 512 matrix; and,
(€) =Xxyp =X ~ OrQ, (41)

where xry; 1s a 512 x 1 vector.

Steps 2(a) - (c) are repeated enough times
until a desired accuracy is achieved for the channel
estimate h. The index k , for example, may be
incremented up to a value of 5 although any other desi;ed
value can be used. It will be seen that step 2(b)
includes the matrix vector multiplication A'Ad,. This
operation is computationally very complex. A technique
for reducing the computational complexity of implementing
this operétion is suggested above with respect to
equations (23) - (33). The present invention improves
this technique.

A straightforward approach to thi; technique
would be to form the FFT of each of the three components
8’, 8, and d;, point-wise vector multiply the three

resulting FFTs, and then take the inverse FFT of the
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multiplication result. This series of calculations,
however, does not provide an accurate answer because the
matrix 8 is not a true convolution matrix, and the IFFT
of the triple product, therefore, produces a corrupted
result. Figure 3 illustrates the matrix 8 which is
derived from a vector of symbol decisions of length 2496
(three segments of a VSB field). The first row of the
matrix S contains symbol decision 512 in the first column
down to symbol decision 1 in the last column, the second
row of the matrix S contains symbol decision 513 in the
first column down to symbol decision 2 in the last
column, and so on. The portions of the matrix 8 which
prevent it from being a true convolution matrix are the
triangular areas 40 and 42. The diagonal lines in Figure
3 are parallel.

According to the present invention, and as

shown 1n Figure 4, matrix S§ of Figure 3 is decomposed to

form two matrices 8 and P such that the matrix 8 is a
true convolution matrix. Accordingly, the area 44 of the
matrix 8 is the same as the area 44 of the matrix 8, and

the symbel decisions in the areas 40 and 42 of the matrix

8 are set to zero. The symbol decisions in the area 44
of the matrix F are set to zero, and the areas 40 and 42

of the matrix F are the same as the areas 40 and 42 of

-33-

H




‘1

10

15

20

, <5

Attorney Docket
7240

the matrix S. A new linear system based on 8 and ¥ is

then defined which may be solved for the channel estimate

h. Advantageously, FFT operations of 8 may be used for

implementing the matrix vector multiplication of the

conjugate gradient algorithm without corruption because 8
is a true convolution matrix.
More specifically, because the linear system is

defined by y = 8h, the following equations result:

Yy = (ﬁ + l')l (42)
y = 8h + Fh (43)

y - Fh = 8h (44)

Defining y - Fh; = ¥, where h; is a previous channel
estimate derived by any known technique, the new system

expression becomes § = §h. This expression can be

written as 8’y = 878h. The conjugate gradient algorithm
can then be applied to solve for h in the new system as

follows:

(1) ¥=y- rh],l'

(2) For k = 1 to n, iteratively calculate
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(@) dy =z + f4d,,
(b) hy,; = by +a,d,

(€) Zpyy = 5 — gy

5 where hy may be initialized to any desired value such as
0, and where dy, x,, B;, and a, are as previously

defined.

As indicated above following equation (40),

step 2(b) includes calculating the expression q, = 878d,.
10 This multiplication may be conveniently solved by forming

the FFT of (i) the matrix 8, (ii) d,, and (iii) 8%. The
three FFT results are then point-wise vector multiplied,
and the inverse FFT (IFFT) is taken of the multiplication
result. The first N elements of this IFFT produces qx.

1§ N, for example, can have a value of 512 for a 1024 point
FFT/IFFT. However, N can have other values as desired.

Figure 5 shows a system 50 for implementing

this technique so as to determine a channel estimate h.
The system 50 includes a decoder 52 that decodes the

20 received data y to produce the symbols s. As described
above, the decoder 52 may be a trellis decoder. However,
the decoder 52 may be other forms of decoders such as
slicers. A channel estimator 54 produces a channel

estimate h using the techniques described above.
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Modifications of the present invention will
occur to those practicing in the art of the present
invention. For example, the Fast Fourier Transform (FET)
and Inverse Fast Fourier Transform (IFFT) are used in the

5 present invention as described above. Alternatively, the
Discrete Fourier Transform (DFT) and Inverse Discrete
Fourier Transform (IDFT) can be used instead of the FFT
and IFFT.

Accordingly, the description of the present

10 invention is to be construed as illustrative only and is
for the purpose of teaching those skilled in the art the
best mode of carrying out the invention. The details may
be varied substantially without departing from the spirit
of the invention, and the exclusive use of all

15 modifications which are within the scope of the appended

claims is reserved.
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We claim:

1. A method of processing a received signal y

to produce a channel estimate comprising:

5 (a) decoding the received signal y to form data

(b) forming a convolution matrix § from the
data s;
(c) forming a matrix F from the data s, wherein
10 the matrix F results from forming the matrix § as a
convolution matrix; and,
(d) performing a conjugate gradient algorithm
to determine the channel estimate, wherein the conjugate

gradient algorithm is based on the received signal y, the

15 matrix §, and the matrix F.

2. The method of claim 1 wherein the
performing of a conjugate gradient algorithm comprises
determining a quantity qx according to the following

20 equation:

-37-
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wherein d; is dependent upon the received signal y, the
matrix 5§, and the matrix F, and wherein qy is determined
by forming a first FFT of the matrix §, by forming a

second FFT of the matrix 5T, by forming a third FFT of
dx, by multiplying the first, second, and third FFTs to
produce a multiplication result, and by forming an

inverse FFT of the multiplication result.

3. The method of claim 1 wherein the forming

of a matrix § from the data s comprises:

forming a matrix S from the data s; and,

forming the matrix § from the matrix S by
setting certain values of the matrix S to zero;

and wherein the forming of a matrix F from the
data s comprises:

forming the matrix F from the matrix S by

setting to zero the values of the matrix S not set to

zero during the forming of the matrix §.

4, The method of claim 3 wherein the
performing of a conjugate gradient algorithm comprises
determining a quantity gx according to the following

equation:

-38-
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wherein dy is dependent upon the received signal y, the
matrix 5, and the matrix F, and wherein gy is determined
by forming a first FFT of the matrix 5, by forming a

second FFT of the matrix §r; by forming a third FFT of
the dx, by multiplying the first, second, and third FFTs
to produce a multiplication result, and by forming an

inverse FFT of the multiplication result.

5. The equalizer of claim 1 wherein the
performing of a conjugate gradient algorithm to determine
the channel estimate h comprises performing the following

algorithm:

(1). ¥ =y~ Fhy,
r1 = érg - gréhl

(2) For k = 1 to n, iteratively calculate

(a) dk rk + ﬂkdk—l
(b) hk+1 = hll. + dek

(€) Xye1 = Iy — oAy

-39-
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where hy is an initial value of the channel estimate,
ry I, Iy ® T,
where B, = 0, By = . where a, = —=———=, where
T3 ® Iy, dy ® qy

qx = S™Sdy.

6. The method of claim 5 wherein the
performing of a conjugate gradient algorithm comprises

determining the quantity qx by forming a firat FFT of the

matrix §, by forming a second FFT of the matrix 5%, by
forming a third FFT of d;, by multiplying the first,
second, and third FFTs to produce a multiplication
result, and by forming an inverse FFT of the

multiplication result.

7. The method of claim 5 wherein the forming
of a matrix 5§ from the data s comprises:
forming a matrix S from the data s; and,

forming the matrix § from the matrix S by
setting certain values of the matrix S to zero;
and wherein the forming of a matrix F from the

data s comprises:
forming the matrix F from the matrix S by

setting to zero the values of the matrix S not set to

zero during forming of the matrix 5.

-40-
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8. The method of claim 7 wherein the
performing of a conjugate gradient algorithm comprises

determining the quantity gx by forming a first FET of the

matrix 5§, by forming a second FFT of the matrix 57, by
forming a third FFT of the d;, by multiplying the firét,
second, and third FFTs to produce a multiplication
result, and by forming an inverse FFT of the

multiplication result.

9. A method of processing a received signal y
comprising:

{a) decoding the received signal y to form data

(b) forming a convolution matrix 5§ from the
data s;

(c) forming a matrix F from the data s, wherein
the matrix F results from forming the matrix § as a
convolution matrix; and,

(d) performing a conjugate gradient algorithm
based on the received signal y, the matrix §, and the

matrix F.

-41-
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10. The method of claim 9 wherein the
performing of a conjugate gradient algorithm comprises
determining a quantity qx according to the following

equation:
qk = grgdk ’

wherein dx is dependent upon the received signal y, the
matrix §, and the matrix F, and wherein qx is determined
by forming a first FFT of the matrix 5§, by forming a

second FFT of the matrix 3T, by forming a third FFT of
the dx, by multiplying the first, second, and third FFTs
to produce a multiplication result, and by forming an -

inverse FFT of the multiplication result.

1l. The method of claim 9 wherein the forming
of a matrix § from the data s comprises:

forming a matrix S from the data s; and,

forming the matrix § from the matrix S by
setting certain values of the matrix S to zéro:
and wherein the forming of a matrix F from the

data s comprises:

-42-
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forming the matrix F from the matrix S by

setting to zeroc the values of the matrix S not set to

zero during forming of the matrix §.

12. The method of claim 11 wherein the
performing of a conjugate gradient algorithm compriseﬁ
determining a quantity qx according to the following

equation:
qk = grgdk ¢

wherein dyx is dependent upon the received signal y, the
matrix §, and the matrix F, and wherein q: is determined
by forming a first FFT of the matrix 5§, by forming a
second FFT of the matrix 5T, by forming a third FFT of
the dx, by multiplying the first, second, and third FFTs

to produce a multiplication result, and by forming an

inverse FFT of the multiplication result.
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13. A method of processing a received signal
y comprising:

(a) decoding the received signal y to form data
s;

(b) forming a convolution matrix § from the
data s;

(c) forming a matrix F from the data s, wherein
the matrix F results from forming the matrix 5§ as a
convolution matrix; and,

(d) performing a conjugate gradient algorithm
based on the received signal y, the matrix §, and the
matrix F, wherein the conjugate gradient algoritﬁm
includes forming FFTs based on the received signal y, the
matrix §, and the matrix F, multiplying the FFTs to form
a multiplication product, and forming an inverse FFT of

the multiplication product.

14. The method of claim 13 wherein the
performing of a conjugate gradient algorithm comprises
determining a quantity qx according to the following

equation:

Jxy = érgd* ’

S
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wherein dx is dependent upon the received signal y, the
matrix §, and the matrix F, and wherein qx is determined
by forming a first FFT of the matrix §, by forming a
second FFT of the matrix 57, by forming a third FFT of
the dt,.by multiplying the first, second, and third FFTs

to produce a multiplication result, and by forminé an

inversé FFT of the multiplication result.

15. The method of claim 13 wherein the forming

of a matrix § from the data s comprises:
forming a matrix S from the data s; and,
forming the matrix § from the matrix S by

setting certain values of the matrix S to zero;

and wherein the forming of a matrix F from the
data s comprises: |

forming the matrix F from the matrix S by

setting to zero the values of the matrix S not set to

zero during forming of the matrix §.

16. The method of claim 15 wherein the
performing of a conjugate gradient algorithm comprises
determining a quantity qx according to the following

equation:

45-
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wherein dy is dependent upon the received signal y, the
matrix §, and the matrix F, and wherein q; is determined
by forming a first FFT of the matrix S, by forming a
second FFT of the matrix §T, by forming a third FFT of
the dy, by multiplying the first, second, and third FFTs

to produce a multiplication result, and by forming an

inverse FFT of the multiplication result.

17. A method of processing a received signal y
to produce a channel estimate comprising:

(a) decoding the received signal y to form data
8;

(b) forming a convolution matrix § from the
data s;

{c) forming a matrix F from the data s, wherein
the matrix F results from forming the matrix $§ as a

convolution matrix; and,

(d) performing a conjugate gradient algorithm

to determine the channel estimate, wherein the conjugate

gradient algorithm is based on the received signal y, the

matrix 5, and the matrix F, and wherein the conjugate

gradient algorithm includes forming FFTs based on the

-46-
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received signal y, the matrix §, and the matrix F,
multiplying the FFTs to form a multiplication product,

and forming an inverse FFT of the multiplication product.

18. The method of claim 17 wherein the
performing of a conjugate gradient algorithm comprisés
determining a quantity gy according to the following

equation:

wherein dy is dependent upon the received signal y, the
matrix 5, and the matrix F, and wherein qx is determined
by forming a first FFT of the matrix §, by forming a

second FFT of the matrix 57, by forming a third FFT of
dx, by multiplying the first, second, and third FFTs to
produce a multiplication result, and by forming an

inverse FFT of the multiplication result.

19. The method of claim 17 wherein the forming

of a matrix § from the data s comprises:

forming a matrix S from the data s; and,

forming the matrix § from the matrix S by

setting certain values of the matrix S to zero;

47-
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and wherein the forming of a matrix F from the
data s comprises:
forming the matrix F from the matrix S by

setting to zero the values of the matrix S not set to

zerco during forming of the matrix §.

20. The method of claim 19 wherein the
performing of a conjugate gradient algorithm comprises
determining a quantity q: according to the following

equation:
qk = grédk,

vherein dx is dependent upon the received signal y, the
matrix S, and the matrix F, and wherein q; is determined
by forming a first FFT of the matrix 5, by forming a

second FET of the matrix ST, by forming a third FFT of
the di, by multiplying the first, second, and third FFTs
to produce a multiplication result, and by forming an

inverse FFT of the multiplication result.

48-
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21. The equalizer of claim 17 wherein the
performing of a conjugate gradient algorithm to determine
the channel estimate h comprises performing the following

algorithm:

z, = §% - §%n,
(2) For k=1 to n, iteratively calculate

(a) dy

I + Bydg-y
(b)  hygyr = hy + ody

(e} Xy41 = 1 — Qg

where h; 1s an initial value of the channel estimate,

T T
Iy o1

where B; = 0, Byyp = #—:, where a, = X*—X%  where
-1 ® Yi-1 die ® qy

22. The method of claim 21 wherein the
performing of a conjugate gradient algorithm comprises

determining the quantity qx by forming a first FFT of the

matrix §, by forming a second FFT of the matrix S§T, by
forming a third FFT of dix, by multiplying the first,

second, and third FFTs to produce a multiplication
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result, and by forming an inverse FFT of the

multiplication result.

23. The method of claim 21 wherein the

forming of a matrix 5§ from the data s comprises:
forming a matrix S from the data s; and,
forming the matrix § from the matrix S by
setting certain values of the matrix S to zero;
and wherein the forming of a matrix F from the

data s comprises:
forming the matrix F from the matrix S by

setting to zero the values of the matrix S not set to

zero during forming of the matrix §.

24. The method of claim 23 wherein the
performing of a conjugate gradient algorithm comprises

determining the quantity qx by forming a first FFT of the

matrix §, by forming a second FFT of the matrix ST, by
forming a third FFT of the d;, by multiplying the first,
second, and third FFTs to produce a multiplication
result, and by forming an inverse FFT of the

multiplication result.
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Abstract

In forming a channel estimate, a received
signal y is decoded to form data s, a convolution matrix
§ is formed from the data s, a matrixlF is formed from
the data s such that the matrix F results from the
forming of the matrix § as a convolution matrix, and a
conjugate gradient algorithm is performed to determine
the channel estimate. The conjugate gradient algorithm

is based on the received signal y, the matrix 5, and the

matrix F.
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CONJUGATE GRADIENT BASED CHANNEL ESTIMATOR

. Technical Field of the Invention

5 The present invention relates to a conjugate

- gradient based channel estimator.

Background of the Invention

Since the adoption of the ATSC digital
10 television (DTV) standard in 1996 in the United States,
| there has been an ongoing effort to improve the design of
receivers built for the ATSC DTV signal. The primary
obstacle that faces designers in désigning receivers so
that they achleve good reception is the presence of
15 multipath interference in the channel.

The broadcast television channel is a
relatively severe multipath environment due to a variety
of conditions that are encountered in the channel and at
the receiver. Channels are characterized by impulse

20 responses which may be several hundreds of symbols long,
s0 that strong interfering signals may arrive at the
receiver both before and after the largest amplitude
signal. In addition, the signal transmitted through the
channel 1s subject to time varying channel conditions due

25 to the movement of the transmitter and signal reflectors,

airplane flutter, and, for indoor reception, people
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equalizer to channel conditions, the field sync segment
of the frame as defined in the ATSC standard may be used
as a training sequence for the equalizer. But when
equalization is done in the time domain, long equalizers
5 (those having many taps) are required due to the long
channel impulse responses that characterize the channel.
The original Grand Alliance receiver used an
adaptive decision feedback equalizer (DFE) with 256 taps.
This adaptive decision feedback equalizer was adapted to
10 the channel using a standard least mean square (LMS)
algorithm, and was trained with the field sync segment of
the transmitted frame. The LMS algorithm converges quite
slowly and, even with only 256 taps, does not always
converge during a single training sequence. Because the
15 fleld sync segment is transmitted relatively infrequently
(about every 260,000 symbols), the total convergence time
of this equalizer is quite long if the equalizer only
adapts on training symbols prior to convergence.
Therefore, 1n order to adapt equalizers to
20 follow channel variations that occur between training
sequences, the addition of blind and decision directed
methods to equalizers has been suggested. However, when
implemented in a realistic system, these methods may

require several data fields to achieve convergence, and
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As mentioned previously, adaptive equalizers
utilizing the least mean square (LMS) algorithm may
converge slowly or not at all depending on the channel
conditions. Convergence may be adversely affected if the
input data auto-correlation matrix has a large eigenvalue
spread. Also, if the decision feedback equalizer has not
converged beforé the end of the training sequence, the
shape of the objective function may change so that it
includes local minima. These local minima may be caused

by closed eye channel conditions and decision feedback

. equalizer error propagation.

The recursive least square (RLS) algorithm is
well known to avold these convergence problems. However,
the recursive least square algorithm, in its basic form,
requires the computationally intensive inversion of the
input data auto—correlation matrix. Lattice based forms
of the recursive least square algorithm avoid the need
for this matrix inversion. However, the lattice based
forms of the recursive least square algorithm are not
easily amenable to the advantage of initialization from
an initial channel impulse response (CIR) estimate, even
though such an initialization may be desirable.

Recent work in reduced rank filtering has

connected the multji-stage nested Wiener filter (MSNWF) of
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IEEE Transactions on Signal Processing, February 2000.
The mathematical richness of the algorithm relationships
leads to a variety of options in the implementation of
the baaic conjugate gradient algorithm for minimizing a
quadratic objective_function.. These options can be
carried over to the adaptive situation to provide a
number of options for implementation of the algorithm.
One characteristic of the algorithm which may also be
exploited is that it works directly with the correlation
matrices and vectors. Thi; characteristic makes
initjalization based on an initial channel impulse
response straightforward, assuming information is
available for this purpose.

Like lattice based forms of the recursive least
square algorithm, the conjugate gradient algorithm does
not require the inversion of the input data auto—
correlation matrix. Another characteristic of the
conjugate gradient algorithm may be exploited by
recognizing that the input data auto—correlation matrix
is the product of two Toeplitz matrices.

The invention described in U.S. Patent
Application Serial No. (7227) uses these characteristics
to substantially reduce the computation load in the

conjugate gradient algorithm and to even eliminate the
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signal y comprises the following: (a) decoding the

received signal y to form data s; (b) forming a

convolution matrix § from the data 8; (c) forming a

mafrix F from the data s, wherein the matrix F results

from forming the matrix § as a convolution matrix; and,
(d) performing a conjugate gradient algorithm based oﬁ
the received signal y, the matrix 5§, and the matrix F.
In accordance with still another aspect of the
present invention, a method of processing a received
signal y comprises the following: (a) decoding the
received signal y to form data s; (b) forming a
convolution matrix $§ from the data s; (c) forming a

matrix F from the data s, wherein the matrix F results
from forming the matrix § as a convolution matrix; and,
(d) performing a conjugate gradient algorithm based on

the received signal y, the matrix §, and the matrix F,

wherein the conjugate gradient algorithm includes forming

FFTs based on the received signal y, the matrix 5, and
the matrix F, multiplying the FFTs to form a
multiplication product, and forming an inverse FFT of the
multiplication product.

In accordance with yet another aspect of the
present invention, a method of proceasing a received

signal y to produce a channel estimate comprises the

9-
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Figure 2 illustrates the.decision feedback
equalizer according to an embodiment of the present
invention;

Figure 3 illustrates a matrix S which is

5 derived from a vector of symbol decisions of length 2496
and is useful in describing the present invention;

Figure 4 illustrates the decomposition of the
matrix S to form two matrices 8 and F useful in
implementing the present inyention; and,

10 Figure 5 shows a system for determining a

channel estimate h based on the matrices 8 and F.

Detailed Description

As shown in Figure 1, a filter 10 can be used
15 as an equalizer and includes storage registers 12[n]},
veey 12[nt+N-3], 12[n+N-2], 12[n+N-1]. For example,.N may
be.512. The storage registers 12(n], ..., 12[n+N-3],
12[n+N-2], 12[n+N-1l] store corresponding received data
yinj, ..., y(ntN-3], y[n+N-2], y(n+N-1]. The output of
20 each of the storage registers 12[n], ..., 12[n+N-3],
12[n+N-2], 12[n+N-1] 1s coupled toc a corresponding
multiplier 14[n], ..., 1l4[n+N-3], 14[n+N-2}, 14[n+N-1].
Accordingly, the multipliers 14(n], ..., 14[n+N-3],

14{n+N-2], 14[n+N-1] receive the stored data from the

-11-
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The hard decision device 2B (such as a slicer) determines
the closest value 3¥[n] for each of the symbols provided as
the output §n] of the summer 26. - These values 3[n] are
fed back as inputs to the feedback filter 24. The
feedback filter 24 applies tap weights g£,[n] to the values
§[a] and provides its output to the summer 26. Likewise,
the feed forward filter 22 applies tap weights §,[n] to
the values y[n] of the received signal and provides its

output to the summer 26. The summer 26 sums the output
of the feedback filter 24 with the output of the feed

forward filter 22 in order to produce the ocutput fnj.
The output #fn] of the decision feedback

equalizer 20 is given by the following equatlon:

fn}=Refgl yinl}+ g33Tn]

=ghy:[nl+gny;[nl+gialn] (1)

where 8[n} as indicated above is defined to be the symbol
estimates provided by the hard decision device 28, where
g, =Refg,} is the real part of the tap weights g, of the

feed forward filter 22, where gn=1m{g,} is the imaginary

part of the tap weights g, of the feed forward filter 22,

-13-
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The equalizer input y[n] and the feed forward tap weights
g, are complex valuesa, the feedback tap weights ¢, are

real, and the output &n] of the decision feedback
equalizer 20 is real. The imaginary part of the output
of the feed forward filter 22, g, may be ignored and,
therefore, not computed. |
It is desired to determine the tap weight
vector gin] so that the error at the output of the
decision feedback equalizer 20 is minimized according to

the following equations:

arg min 1

gin] = 2 E{sfn] - &n] P} (7

Fg) = Efsin] - &n))}

= o - Pink,g — 230l + PlRggatal  (8)

where oﬁ is the symbol variance and 1s equal to the
average symbol energy, Rgy is an autocorrelation matrix,
and x,y; is a cross correlation vector. The
autocorrelation matrix Rg; and the cross correlation
vector r,; are defined in detail hereinafter. The error

function F({g) is minimized by setting its gradient to

zero according to the following equation:

=15-
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the auto-correlation matrix RyyIn] is given by the

following equation:
Reyln]=EffinF"[n]] (12)

and the cross correlation vector xsy[n] is given by the

following equation:

x,y[n]=Efs [n ¥ n]] (13)

10 .

15

20

where s{n] represents the transmitted symbols, E is the
expectation operator, and H denotes the Hermitian
transpcse.

The auto-correlation matrix Rgln] and the cross

correlation vector I.yln] can be eatimated using the

forgetting factor method according to the following

equations:

n-1
Rggln] = Y y™§in - m1 ¥°[n - m]

m=0
=YR,[n-11+#HnF"[n] (14)
n-1

£p(n] = 3 y"sin - m] ¥°[n - m]

-17-
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YalNey = Nyl yu[Nge — 11 are the real part of the
received data after the training sequence. This setting

is repeated for #,[0]. Then, #,00] = [yiro1wT(0]]" is

constructed as given in equation (2) and ¥0] = [f:[oﬁ'[o]]’

is constructed as given in equation (3) based on the
initialized vectors ¥.[0], ¥,[0], and ¥,[0] as given
above. In an ATSC digital television environment, for
example, the number of training symbols Ny may be 728,
the number of feed forward taps Nes may be 512, and the
number of feedback taps Nm may also be 512.

Further, the controller 30 initializes the

output §[n] of the decision feedback equalizer 20 as
8[0] = g,[01¥{0] in accordance with egquation (6), the
controller 30 initializes a gradient t,[n] as
£,[0] = Ry[0JG,[0] - £,,[0], and the controller 30 sets the
variable n to 0.

The controller 30 then executes a conjugate

gradient algorithm once for each receilved data element,

where each iteration of the algorithm is initiated upon

the shifting of a new received data element into the feed

forward fiiter 22. The parameters of the conjugate
gradient algorithm as described above are defined in the

table.

-19-
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@:[n] = G,[n] + a,(nToy[n]
4. n=n+1
golnl = §,in - 1]
t.,[n] = ¢,(n - 1]
b_,[n] = by(n — 1]
5. update input vector §#{n] with the next received
data element and update ﬁw[n] per

equation (14)
6. Calculate output of the decision feedback
equalizer 20
8{n] = Gglnl¥n]
7. calculate gradient tx[n]
tolnl = t_y[n] + aoln]RgzInIboln]]

8. Return to step 1

The largest of the part of the computations
required by this conjugate gradient algorithm is

contributed by the matrix-vector multiplications
Rglnlbyn] of steps 2 and 7. These multiplications
require the update of matrix Rg[n] from the vector #n]
as in equation (14). This update requires one multiply
for each of the NI, matrix elements, a total of .

multiplies. Then, the matrix-vector multiplication

21-
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<8

where dc means don’t care. Equatlon (17) is equiv&lent
to aln] = yin] ® bin] where ® denotes circular convolution.

Circular convolution is equivalent to the following

operation:

FFy) " (18)

Y =
@ = FFI(M) (19)
A=7x0 (20)
a = IFFTUY) (21)

where FFT in equatlions (18) and (19) indicates the Fast
Fourier Transform operation, IFFT in equation (21)
indicates the Inverse Fast Fourier Transform operation,
and x in equation (20) indicateas point-wise vector
multiplication such that the elements of the resultant
vector are given by ¥y x By, Y1 x By, ¥z x B, etc.

An embellishment on the above process involves
0 padding the columns to lengths of 2". This 0 padding,
as ls well known, permits a cpnputationally efficient
FFT. Accordingly, the matrix-vector multiplication a =
Yb can be written with 0 padding in matrix form according

to the following equation:

-23-
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v = Rgglnlbyln] = Y"¥by[n]

(23)

In order to calculate v, the quantity Y'byln] should first

be calculated according to the following equations:

Y = FFNy)
® = FFT(b)
X=9x@8

x = IDFT{X)

xy = first N elements of =, remaining elements =

X. = FFI({xy)

where X in equation (26) denotes point-wise vector

(24)
(25)
(26)
(27)
(28)

(29)

multiplication. Then, Y x Xy is calculated according to,

the following equatlions:

' = FFIy')
Y =7"xX
v = IDFTY

vy=first N elements of v, remaining elements = 0

(30)
(31}
(32)

(33)

¥©
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decoder decisions on input symbols to form a long
sequence of almost perfectly known symbols. This
sequence should have relatively few errors.
The channel impulse response to be estimated is
5 of length Ly = Ipa + 1pe + 1 where Ly, is the length of the
anti-causal part of the channel impulse response and Lnc
is the length of the causal part of the channel impulse
response.
The reliable trellis decoder decisions on the
10 input aymbols is a vector designated herein as s of
length L,. A Toeplitz matrix $ may be defined based on

this vector s according to the following eguation:

Sih-1 Sz -~ - - - -~ So |
- S - - - - - =
s=| " - - - (34)
- - - Sth-1
- - Su_m -
S1a-1 Spa-2 = = = = —  Sps-n]

15
where the elements in the matrix of equation (34} are
real and consist of the symbol decisions of vector s.
To ensure an over-determined system of
equations, the following inequality is necessary:
20
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symbols. Normally, the trellis decoder would just make
output bit pair decisions, but it can also make equally
reliable decisions on the input symbols.

The vector s, for example, may be selected as 3
segments (L = 24956 symbols) long. So, three data
segments may be used to produce a single channel impulse
response estimate update. A new channel impulse response
estimate update can be obtalned once per segment by
proceeding in a sliding window manner. Optionally,
several consecutive channel impulse response estimate
updates can be averaged in order to further improve
channel impulse response estimate accuracy if necessary.
Of course, this additional step of averaging can be a
problem if the channel impulse response is varying
rapidly.

A vector b with fewer than 3 segments of symbol
decisions may be used, but as stated in iqequality (35),
the length of vector b must be at least twice as long as
the channel impulse response to be estimated. Longer b
vectors help to diminish the adverse effect of additive
white Gaussian noise on the channel. |

The system of equations represented by equati n
(36) may be solved using the conjugate gradient algorithm-

in a manner similar to that previously described to solve

Al
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The symbol decisions can be made, for example, by a
trellis decoder or a slicer.
The system may be written as 8'sh = 8"y by
multiplying both sides of eguation (37) by 8°. The
5 conjugate gradient algorithm can be used to solve this
system for the channel estimate h according to the

following steps:

(1) Calculate the residual vector x; representing the

10 system 8%y - 878h; as follows:
r; = 8%y - 8%sh; {38)

where r; is a 512 x 1 vector, and where h; is the previous
15 channel estimate which may be initialized to any desired
value such as h; = 0.

(2) For k = 1 to n, lteratively calculate the following:

20

{(a) dg=r; + il (39)
:; L I'k .
where By =0, fypo = ——————, and vhere dy is a 512 x 1
Tl * Txa
vector;
-31-
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multiplication result. This series of calculations,
however, does not provide an accurate answer because the
matrix 8 is not a true convolution matrix, and the IFFT
of the triple product, therefore, produces a corrupted
result. Figure 3 illustrates the matrix 8 which is
derived from a vector of symbol decisions of length 2496
(three segments of a VSB field). The first row of the
matrix S contains symbol decision 512 in the first column
down to symbol decision 1 in the last column, the second
row of the matrix S contains symbol decision 513 in the
first column down to symbol decision 2 in the last
column, and so on. The portions of the matrix 8 which
prevent it from being-a true conveolution matrix are the
triangular areas 40 and 42. The diagonal lines in Figure
3 are parallel.

According to the present invention, and as

shown in Figure 4, matrix 8 of Figure 3 is decomposed to

form two matrices 8 and P such that the matrix 8 is a

true convolution matrix. Accordingly, the area 44 of the

matrix 8 is the same as the area 44 of the matrix 8, and

the symbol decisions in the areas 40 and 42 of the matrix

8 are set to zero. The symbol decisions in the area 44

of the matrix F are set to zero, and the areas 40 and 42 '

of the matrix ¥ are the same as the areas 40 and 42 of

=33-
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(@) dy = xy + Bydry
(B)  Bg4y = By + @pdy

(€) =y = T — @y

where h; may be initialized to any desired value such as
0, and where &, r,, f,, and a, are as previously

defined.

As indicated above following equation (40),

step 2(b) includes calculating the expression q, = 8'8d, .
This multiplication may be conveniently solved by forming
the FFT of (i) the matrix &, (ii) dy, and (iil) 8%. The
three FFT results are then point-wise vector multiplied,
and the inverse FFT (IFFT) is taken of the multiplication
result. The first N elements of this IFFT produces qx.
N, for example, can have a value of 512 for a 1024 point
FFT/IFFT. However, N can have other values as desired.
Figure 5 shows a system 50 for implementing
this technique so as to determine a channel estimate h.
The system 50 includes a decoder 52 that decodes the
received data y to produce the symbols s. As described
above, the decoder 52 may be a trellis decoder. However,
the decoder 52 may be other forms of decoders such as
slicers. A channel estimator 54 produces a channel

estimate h using the techniques described above.

35-
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We claim:

1. A method of processing a received signal y

to produce a channel estimate comprising:

5 {(a) decoding the received signal y to form data

(b) forming a convolution matrix 5 from the

data s

(c) forming a matrix F from the data s, wherein

10 the matrix F results from forming the matrix 5 as a
convolution matrix; and,
{d) performing a conjugate gradient algorithm
to determine the channel estimate, wherein the coﬁjugate

gradient algorithm is based on the received signal y, the

15 matrix 5, and the matrix F.

2, The method of claim 1 wherein the
performing of a conjugate gradient algorithm comprises
determining a quantity gz according to the following

20 equation:

qk = grgdt'

-37-
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qx = 88d,,

wherein d; is dependent upon the received signal y, the
matrix S, and the matrix F, and wherein oqx is determined
5§ by forming a first FFT of the matr:l..x 5, by forming a
second FFT of the matrix §, by forming a third FET of
the d;, by multiplying the first, second, and third FFTs

to produce a multiplication result, and by forming an

inverse FFT of the multiplication result.

10
5. The equalizer of claim 1 wherein the
performing of a conjugate gradient algorithm to detern.line
the channel estimate h comprises performing the following
algori.thm:
15
(1)- § =y -Fhy,
r, = 879 — §"8n,
(2) For k = 1 to n, iteratively calculate
(a) dx = g + Pyxdyx
20 (b)  hy,y = hy + apd,

(€) ©Li41 = 5 = 4pQx_3

-39-
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8. The method of claim 7 wherein the
performing of a conjugate gradient algorithm comprises

determining the quantity qx by forming a first FFT of the

S matrix §, by forming a second FFT of the matrix 57, by
forming a third FFT of the dx, by multiplying the firét,
second, and third FFTs to produce a multiplication
result, and by forming an inverse FFT of the

multiplication result.

10
9. A method of processing a recelved signal y
comprising:
(a) decoding the received signal y to form data
8;
15 (b) forming a convolution matrix § from the
data s; |
(c) forming a matrix F from the data s, wherein
the matrix F results from forming the matrix 5 as a
convolution matrix; and,
20 (d) performing a conjugate gradient algorithm

based on the received signal y, the matrix 5§, and the

matrix F.

-41-
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forming the matrix F from the matrix S by

setting to zero the values of the matrix S not set to

zero during forming of the matrix §.

12. The method of claim 11 wherein the
performing of a conjugate gradient algorithm comprises
determining a quantity q; according to the following

equation:

qx = 578d,,

wherein dy is dependent upon the received signal y, the
matrix 5§, and the matrix F, and wherein g: is determined
by forming a first FFT of the matrix &, by forming a
second FFT of the matrix 5¥, by forming a third FFT of
the dx, by multiplying the first, second, and third FFTs

to produce a multiplication result, and by forming an

inverse FFT of the multiplication result.
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wherein dxy is dependent upon the received signal y, the
matrix §, and the matrix F, and wherein ég is determined
by forming a firast FFT of the matrix §, by forming a
second FFT of the matrix 5°, by forming a third FFT of
S. the dx, by multiplying the first, second, and third FFTs

to produce a multiplication result, and by forming an

inverse FFT of the multiplication result.

15. The method of claim 13 wherein the forming
10 of a matrix § from the data s comprises:

forming a matrix S from the data s; and,

forming the matrix § from the matrix S by

setting certain values of the matrix S to zero;

and whereiﬂ the forming of a matrix F from the

15 data s comprises:
formiﬁj the matrix F from the matrix S by

setting to zero the values of the matrix S not set to

zero during forming of the matrix 5.

. 20 16. The method of claim 15 wherein the
performing of a conjugate gradient algorithm comprises
determining a quantity qx according to the following

equation:
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received signal y, the matrix §, and the matrix F,
multiplying the FFfTs to form a multiplication product,

and forming an inverse FFT of the multiplication product.

18. The method of claim 17 wherein the
performing of a conjugate gradient algorithm campriaéa
determining a quantity qy according to the following

equation:

wherein dx is dependent upon the received signal y, the
matrix §, and the matrix F, and wherein ¢ is determined
by forming a first FFT of the matrix 5, by forming a

second FFT of the matrix ST, by forming a third FFT of
di, by multiplying the first, second, and thirxrd FFTs to
produce a multiplication result, and by forming an

inverse FFT of the multiplication result.

19. The method of claim 17 wherein the forming

of a matrix § from the data s comprises:

forming a matrix S8 from the data s; and,

forming the matrix § from the matrix S by

setting certain values of the matrix S8 to zero;
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21. The equalizer of claim 17 wherein the
performing of a conjugate gradient algorithm to determine
the channel estimate h comprises performing the following

algorithm:

(1) ¢ =y-Fh,
r, = §'9 — §%8h,

(2) For k = 1 to n, iteratively calculate
(a) dy = 5 + Bedg_y
(b)  hyyy = hy + ody

(c) =Ty4y = 5p — Ay

where h; is an initial value of the channel estimate,

T T
L, ® 5L L, ® I
where pl = 0, Bkzz = Tk_k_—f where oy = _.!_.._.._k' where
Ty ® Y_3 . dy ® qy

Q@ = STSdy.

22. The method of claim 21 wherein the
performing of a conjugate gradient algorithm comprises

determining the quantity qx by forming a first FFT of the

matrix §, by forming a second FFT of the matrix 5’, by
forming a third FFT of dx, by multiplying the first,

second, and third FFTs to produce a multiplication
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Shartly aiter the expiration of 18 montha from the priority date, the Internavional application will ba publlshed by the
intamational Bureaw. If the applicant wishes 1o avoid or posipona publication, a notice of withdrawal of the Imernational
application, or of the prlarity clalm, must reach the Intemational Buresu as provided in Rules 60bi.1 and S0bis.3, respectively,
bafore the complatan of the technical preparations for Intemational publicaton.

The applicant may submit comments on an informal basis on the writlen opinion of the Intemational Searching Authority to the
International Bureau. The Intemational Buraau will send a copy of auch comments to all designated Offices uniess an
international preliminary examination report has been or is to be establishad, Thosa comments would ales ba mads avaiabla o
tha public bul not before the expiration of 30 months from the priodty date.

Within 18 months rom the priority dae, but only In respect of some designated Offices, a demand for Intemnational preliminary
examination must be fied if the applicant wishes to postpone the entry ino the national phase untl 30 months from the priority
date’ (in some Otfices even later); otherwise, the applicant must, within 20 months from the priority data, perform the prescribed
acts for entry into the national phase bafore those designated Offices.

in respact of other designated Otfices, the time limit of 30 months {or later) will apply even If no damand ls fled within 19
months,

Seea the Annax to Form PCT/B/301 and, for detalls about the applicable time limite, Office by Office, see the PCT Applicant’s
Guide, Volume 11, National Chapters and the WIPQ Intemnet she.

Name and malling ackress of the Intemationsal Searching Authority | Authorized officer

e Eurcpaan Patent Office, P.B. 5818 Patentiaan 2
NL-2280 HV Rijswijk Carole Emery
Tei. {+31-70) 340-2040, Tx. 31 651 epo i,
Fax: (+31-70) 340-3016

Form PCT/ISA/220 {January 2004) (See noles on accompanying shesl)
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Thesa Notss are intended to give the basic instructions soncsming tha fling of amendments under article 19, The
Notes are based on the requiremants of the Patent Cooperalion Trealy, the Regulstions and the Adminatrative instructions
under thai Tresty. In cans of discrepancy between these Noles and those requirements, ihe latier sre spplicabls. For more
detailed inlormation, ses alkeo the PCT Applicant's Guide, a publaation of WIPO.

in theas Notes, “Articie”, "Ruis", and "Seclion™ refer to the provisiona of the PCT, the PCT Regulstiona and the PCT
Adminisirative instructiona respectively.

INSTRUCTIONS CONCERNING AMENDMENTS UNDER ARTICLE 19

The applicant has, after having raceived the Infemational search report, ohe oppariunily 1o amend the claime of the
intemalional application. R should however be emphasized thal, sinos all parta of the inlemational application {claims,
descriplion and drawings) may be smended dwing the inlemational preliminay sasmination procedurs, there & uuslly
na need to file amendments of the claims undar Article 19 sxpept where, a.¢. the applicant wants the laiter ip be published
lor the purposss of proviaional protsction or has another reason for amanding the alsima befors intemational pbulication.

Furthaermore, k should be emphasized that provisional protection is avalabis in some Gistes only.

What parts of the intarnationsl spplication may be anended ?
Under Article 19, only the claims may bs amendad.

During the intlemationsl phass, the dlaims may siso be amanded (or further amendaed) undar Artidle 34 before
the inlemnalional Preliminary Examining Authorily. The descriplion and drawings may only be amended under
Article 34 before the intemational Examining Authorily.

Upnmmtmummm.dmdmmm-l spplication may be amendad under Arlicle 28
or, where applicable, Arlicle

Whan? Within 2 months rom the daie of traramital of the intemational ssarch repont or 18 months from the priority !
date, whichever lims mit expires later. I should be noted, howavar, that the amendmanis will be considered
-hlvlngblmmdonllmdl-ynmnwdwﬂ-lmmmﬁﬂ-tmmdh
applicable time imi bul beiors the compistion of the technical preparstions for inlemational publication

(Rule 46.1). ‘

Whaere not 1o file the amendmants?

The amendmenis may only be fied with the inlemational Buresu and nat with the receiving Offics or the
Intermnational Ssarching Authority (Rule 46.2).

Where a demand for intemational preliminary examination has been /s fled, see below.

How? Either by cancaliing one or more entire olaimas, by adding one or more new olaims or by emending the ud of
one or more of tha caims as fied.

A replacement shest must be submittad for sach shest of the claims which, on account of an amendmant or
amandments, difisr from the shast originally filed.

Al the claims sppearing on a repiacemant shest muat bs numbered in Arabio numnerais. Whare a claim s
cancalled, no enumbering of the other claima s required. in all cases whare claime are renumbared, they must
be renumbered conseculively (Administralive Instructions, Section 205(b)).

Tha amendmaents must be made In the lsnguage in which the Intermnationsl appiicstion la io be published. !

What documents must/may sscompany the amendmante?
Letter (Section 205(b)):
The amendmants must ba submitted with a ietter.

The letier will nol be published with the intemational application and the amendad claima. & shouid not be
confusad with the “Stalemant under Arlicie 16(1)" (sse below, under “Staiement under Articls 18{1)").

The lstier must be in English or French, st the cholcs of the applicanl. However, If the language of the
inlamationsl application Is English, the lstter must be in English; if the lenguags of the internations) application
Is French, the isftar must ba In French.

Noes to Form PCTABA/220 (frst sheet) [January 1964)
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The lstier must iddicale the difisrences between the claims as filed and the claims ss amanded. & musd, in
particuler, indicats, |nmmdbnﬂhodlquqnmhhwmmmmw
that idertical indications conesming ssveral claims may be grouped), whether

() theclaim s unchanged:

(i) the claim s cancelled;

(i)} the clsim & new;

)y hdlinnﬂlu'lnmarnmdinn- filed;

(v) the claim ln the result of the division of & claim as filed.

The foliowing exampies Nusirats the mannsr In which amandmants mustbs expisined In the
accompanying lstter:

1. [Where ariginally there were 48 claima and sfisr amandment of soma ciaima thare are B1):
“Claims 1 10 29, 31, 32, 34, 35, 37 1o 48 repiaced by amended cisims bearing the same numbemn;
claims 30, 33 and 3 unchangad; new clsirmy 40 10 51 added.”

2 [Whers ariginally there were 15 claims and afier amandmeni of all alaims there are 11}
*Claims 1 io 15 replaced by amended olsims 110 11."

3. [Where originally thare ware 14 claima and the amendmenis conaist in canosliing some dlalms and in adkding
new claims):
“Clmims 1 lo 6 and 14 unchanged; claima 7 to 13 cancelied; new claims 15, 16 and 17 scided.” or
“Claims 7 to 13 cancelied; new claima 15, 16 and 17 added; all other olsims unchanged.”

4. [Wham various hinds of amendments are mads]:
*Cigims 1-10 unchanged: claims 11 to 13, 18 and 16 cancelied; claims 14, 15 and 16 replacsed by amended
dpim 14; elaim 17 subdivided into amencdad dsims 15, 1Glrd'l7 naw clajms 20 and 21 ackind.”

Statement under asticie 15(1)" (Rule 48.4)

The amendments may be acoompanied by a statament sxplaining the amendments and indicaling any impact
Mnﬁ;ar;rﬁﬂniﬂnhmmhuﬁﬂhmdhtﬁ'wmumm
Articie 1 .

The statement will be publishad with the inlemalionsl appliication and the amended claima,
& must be In the language in which the internationsl apppiication s to ba publishad.
R must ba briel, nol ssceeding 500 words if in English or if translated into English.

R should not be conhmed with and doss not replace the lelter indioating the difisrencas betwean the claims
an filed and as amendad, § must be Ged on a saparats sheet and must be identified as such by a heading,
preferably by using the worte “Bistament undar Article 15{1)."

It may not eontain wly daparaging commants on the inlemational ssarch report or the relevance of citations
containad in that repart. Reference io citations, relevant b a given olaim, contained in the intlemational search
MMqhmmnMW%nlMdmm

Consequences if a demand for intemational preliminary axamination has sirendy beeh flled

W, &l the time of filing any amandments under Arlisle 19, a demand for intlamational preliminary sxamination
has akready besn submitted, the applicant must preferably, st the same tima of filing ths amendmanis wilh the
international Buraay, also fils a copy of such amendments with the intemational Preliminary Examining
Authorily (ses Fuls 62 2(a), firsi serienas).

Conseguence with regard lo transistion of the intenational appiloation for entry into the national phase
The spplicant’s aftention is drawn in the fact thal, where upon endry into the nalional phase, a tramslstion of the
cnvs & amended under Articls 15 may have lo be fumished i the designated/elscted Offives, instsad of, or
in ackiilion io, the iranslation of the claims as fled.

For lurther details on ihe requiraments of asch designaledisleciad Offios, ses Volume 1 of the PCT Applicant's
Guida.

MNotes to Form PCTASA/220 (second sheet) (Jarcary 1994)
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PCT \03

INTERNATI NAL SEARCH REP RT

{PCT Article 18 and Rules 43 and 44)

Appiicant's or agent's fia reference FOR FURTHER 506 Form PCTASA20

FPO3, 0369-WO ACTION a8 well as, where applicable, item 5 below,
international appiication No. Intemnational lThg date {dawmonth/year) (Earllest) Priortty Daie (dayAmontivyear)
PCT/US2004/034642 18/10/2004 05/12/2003
Appiicant

ZENITH ELECTRONICS CORPORATION

This intemational Seerch Report has been prepared by this Iniemational Searching Authority and Is transmitied to the applicant
according to Article 18. A copy IS being transmitied 1o the Intemational Bureau,

Thia Intemational Search Reportconsistsofattalof ___ 4  chests.
[X] e a0 accompanied by a copy of each prior art document cited in this report.

1. Basls of the report

8. With regard to the Ianguags, the Intemational esarch was casried cut on the basis of the International application In the
language in which k wes filad, uniess otherwise indicaied under this ltam.

D The Intemational sasrch waa camed out on the basie of a transiation of the Inlemational appiication furnished to
this Authority {Rule 23.1(b)).

b. D Wiih regard 1o any nucisotide and/or amino acld sequanca disciosed in the inlemational application, éee Box No. I.
2. [[] Cortainclaims were found unsearchable (See Box Il).
3. [[] uniyofinventon is lacking (see Box lll).

4. With regard © the titie,
[C] thetextis approved as submitted by the applicant
[X]  the text nas been esmblished by this Authority to read s folows:
CONJUGATE GRADIENT BASED CHANNEL ESTIMATOR

5. WIIh regard 1o the abstract,
[X] the textis approved as submitied by the applicant.

E] the taxt has been astablishad, according to Rule 38.2{b), by thie Authorily as It appears in Box No. IV. The applicant
may, within one month from the date of maling of this inlematonal search report, submit comments to this Authority.

8. With regard 1o the drawings,
8. the ligure of the drawings t0 be published with the abstractls FigureNo. _4_
[[] assuggestad by the appiicant.
[[] s ssiected by this Authority, because the appiicant faled 1o suggest a figure.
[X] s eslected by this Authority, because this figure belter charactsrizes the Invention,
v. [[] none ot the figures Is 1o be published with the abstract,

Form PCTAISA/210 (firel sheet) {January 2004)
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A. CLASEIFIC. BJECT MA
e 7 HO4L 25702

According 10 Intnmational Pajent Classification {PC) or 10 both nations] cisasiiicalion and PC

A. FIELDS SEARCHED

IPC 7 HO4L GOGF

Minlnum documentalion searched (classification sysiem followed by clsesificalion symbols)

Documeniation searched other than minimum documsniation 10 Lhe axtant thal such documanis ase included In the fiskis saarched

EPO-Internal, INSPEC, WPI Data

Escironic daia basa consulted during the intamational sasrch (name of dala base and, whan praclical, search lems usad)

C. DOCUMENTS CONSIDERED TO BE RELEVANT

Catagory * | Challon of document, with indication, whers appropriale, of 1he relevani pARRADSS

A US 6 647 078 B1 (THOMAS TIMOTHY A ET AL) 1-24
11 November 2003 (2003-11-11)
abstract
column 9, paragraph 2

A WO 03/036891 A (ZENITH ELECTRONICS 1-24
CORPORATION) 1 May 2003 (2003-05-01)
abstract
claims 1,10

-/—

EI Furihar documanmis ere isted In e continuation of box C.

E Patent family members are Iisted In anne.

* Spadal calegorios of ched documonts :

"A" documant delining the general siale of the en which ks not
considired 10 be of particular relevance

"E* earfior documon! but publiphad on or sher the inlamational
fiing dato

o dwnmuhhhmymmdnubuonphﬂy dlin(a)w
which |s cited 10 estabiish the publicalion dala of another
clindion or other spacial reason (a8 spociiod)

"0" documant retarting 10 an onal disciosurs, use, axhibition or
other means

‘P* docu publishad to the imamational data ban

‘T iater documam published afier the nlumnhnlllllmﬁu
of priorily dale and nol in conflict with the application tut
cligd 1o undersiand tha principle or theory underiying the

> mmdplnlmllr ralevance; lha claimad Imvantion
not ba conskiared novwel or cannot be considerad w0

mnnhmm-lnpunnnihm-nh Iﬂnlbne

"y docurnani of parlicular relevancs; iha caimed invaniion
cannot ba congldared to involve an invendive siap when the
document i3 combinad with one or more ather such docu-
.n-'ltm.ludlmntmllhnhmmlo. porson skiilad

the arL.

‘4" gocomani membaer of tha sama patanl iamily

Dai# of 1he actual compiation of Ihe Inlemalional Search

9 February 2005

Daile of maling of Ihe intemalional ssarch repont

16/02/2005

Nama end maliing ackiress of the ISA
Europaan Paterd Office, P.B. 5818 Palanien 2
N - 2280 HV Ajswik
Tol {+31-70) 3402040, Tx. 31 651 epo nd,
Fax; {(+31-70) 340-3016

Koukourlis, S

Form PCTABAZ10 (second snasl) (laruary 2004)
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C.{Continustien) DOCUMENTS CONSIDERED TO BE RELEVANT

Calegary ® | Clistion ol document, with Indication, whare appropriate, of the relsvant passagas Relevan o cialm No.

A SARKAR T K ET AL: "ACCURATE AND EFFICIENT 1-24
SOLUTION OF HANKEL MATRIX SYSTEMS BY FFT
AND THE CONJUGATE GRADIENT METHODS"
INTERNATIONAL CONFERENCE ON ACOUSTICS,
SPEECH & SIGNAL PROCESSING. ICASSP.
BQLLAS, APRIL 6 - 9, 1987, NEW YORK, IEEE,
vol. VOL. 3 CONF. 12,

April 1987 (1987-04), pages 1835-1838,
XP000758077

the whole document

A SONI R A ET AL: "Channel equalization 1-24
with adaptive filtering and the
preconditioned conjugate gradient
algorithm”

CIRCUITS AND SYSTEMS, 1997. ISCAS '97.,
PROCEEDINGS OF 1997 IEEE INTERNATIONAL
SYMPOSIUM ON HONE KONG 9-12 JUNE 1997, NEW
YORK, NY, USA,IEEE, US,

vol. 4, 9 June 1997 (1997-06-09), pages
2284-2287, XP010236182

ISBN: 0-7803-3583-X

abstract

A ZOLTOWSKI M D ET AL: "Conjugate gradient 1-24
based multichannel decision feedback
equalization for digital television”
2002 IEEE SENSOR ARRAY AND MULTICHANNEL
SIGNAL PROCESSING WORKSHOP PROCEEDINGS
(CAT. NO.Q2EX593) IEEE PISCATAWAY, NJ,
USA, 4 August 2002 (2002-08-04), pages
599-603, XP010635821

ISBN: 0-7803-7551-3

abstract

Form PCTASA/210 (continusnon of sacons shest) (Jenusry 2004)
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family members AP No
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Patent document Publication Patent tamlly Publication !
cited in saarch repon dak member(e) dats
UsS 6647078 Bl 11-11-2003 NONE
WO 03036891 A 01-05-2003 US 2003099309 Al 29-05-2003
WO 03036891 A2 01-05-2003

Form PCTABA/210 (patent tamily snex) (anusry 2004)
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From the
INTERNATIONAL SEARCHING AUTHORITY

PCT
WRITTEN OPINION OF THE
soe form PCTASAZ20 INTERNATIONAL SEARCHING AUTHORITY
(PCT Rule 43bis.1)
Datte of maiing
{dayinonthiear) see form PCTASA210 (second sheet)
| Applicant’s or agenf fi reterence FOR FURTHER ACTION
~ see form PCTASA220 See paragraph 2 balow
i Imemetional application No. International filing dete (dayénonthear) Priority date (daymonthdear)
i PCTAS2004/034642 18.10.2004 05.12.2003
" Intesnational Patent Classification (IPC) of both national ciassification and IPC
" H04L2502
| Applicant

ZENITH ELECTRONICS CORPORATION

1.

This opinion contains indications relating to the following items:

] BoxNo.l  Basis of the opinion

O Box No.ll  Priority

[ Box No.lll Non-establishment of opinion with regard to novelty, inventive step and industrial applicability
D Box No.IV  Lack of unity of invention

[0 BoxNo.V  Reasoned statement under Rule 43bis,1{a)(i) with regard to novelty, inventive step or indusirial
applicabillty; citations and explanations supporting such statement

O BoxNo VI Certain documents clted
0 Box No Vil Certain defects in the international application
[0 Box No VIl Certain observations on the international application

2. FURTHER ACTION
f a demand for international preliminary examination is made, this opinion wlll usually be considered to be &
written opinion of the International Preliminary Examining Authority ("IPEA"). Howevar, this does not apply where
the applicant chooses an Authority other than this one to be the IPEA and the chosen IPEA has notiled the
intarnational Bureau under Rule 66.1bis{b) that writien opinlons of this intematlonal Searching Authority
will not be s0 considered.
If this opinion is. as provided above, considered to be a written opinion of the IPEA, the applicant is invited to
submit {o the IPEA a writtan reply together, where appropriate, with amendments, before the explration of three
months from the date of mailing of Form PCTASAZ220 or befora the expiration of 22 months from the priority date,
whichever expires latar.
For further options, see Form PCTASA220.
3. Forfurther details, see notes to Form PCTASA/220.
Name and mailing nddress of the ISA: Authorized Officer f\
E Patent Office - P.B. 5818 Patentiaan 2 : : )
NL-2280 HV Rijswilk - Pays Bas Koukourlis, S { Q) \
Tel. +31 70 340 - 2040 Tx: 31 651 eponl % ‘;I

Fax:+31 70 340 - 3016 Telsphone No. +31 70 340-2285 o W

Form (PCTASAR237) (Covar Sheet) {January 2004)
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WRITTEN OPINION OF THE " Intemational application No.
INTERNATIONAL SEARCHING AUTHORITY PCTAIS2004034642

Box No.| Basls of the opinion

1. With regard to the language, this opinion has been established on the basis of the international application in
the language in which it was filed, unless otherwise indicated under this item.

O This opinion has been established on the basis of a translation from the-original language into the following
language , which is the language of a translation fumished for the purposes of international search
(under Rules 12.3 and 23.1{b)).

2. With regard 10 any nuclectide andior amino acld sequence disclosed in the international apptication and
necassary to the claimed invention, this opinion has been established on the basis of:

a. type of material:
O a sequence listing
O table(s) related to the sequence listing
b. format of material:
D in written format
0O in computer readable form
c. time of filingfumishing:
O contained in the intemational application as filed.
O filed together with the international application in computer readable form.
O turnished subsequently to this Authority for the purposes of search.

3. O In addition, in the case that more than one version or copy of a sequenca listing andbr table relating thereto -

has been filed or fumishad, the required statements that the information in the subsequent or additional
copies is idantical to that in the application as filed or does not go beyond the application as filed, as
appropriate, were turnished.

4. Additional comments:

Form PCTASA/237 (January 2004)
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WRITTEN OPINION OF THE . . International application No.
INTERNATIONAL SEARCHING AUTHORITY " PCTAJS2004/034642

Box No. il Non-sstablishment of opinion with regard to novelty, inventive step and Industrial
applicabliity

The questions whether the claimed invention appears 1o be novel, to involve an inventive step (1o be non
obvious). or to be industrially applicable have not been axamined in respect of:

O the entre international application,
O clams Nos. 1-24
because:

O the said international application, or the said claime Nos.  relate to the following subject matter which
does not require an international preliminary examination (specify):

1 the description, claims or drawings (indicate particular elemenis below) or said claims Nos. 1-24 are S0
unclear that no meaningful opinion couki be iarmed (specify).

see separate sheet

O 1ne claims, or said claims Nos. are 80 inadequately supported by the description that no meaningful opinion
could be formed.

O no international search report has been established for the whole application or for said claims Nos.

D the nucleotide andior amino acid sequence listing does not comply with the standard provided for in Annex
C of the Administrative instructions in that:

the writien form O has not been furnished
OO0 does not comply with the standard
the cam;;uler readableform  [1 has not been fumished
O does not comply with the standard
O the tables related to the nucleotide andbr amino acid sequence listing, if in computsr readable form only, do
not comply with the technical requirements provided for in Annex C-bis of the Administrative Instructions.

[ See separate sheet for further details

Form PCTASA/237 (January 2004)
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WRITTEN OPINION OF THE " Intemational application No.
INTERNATIONAL SEARCHING
AUTHORITY (SEPARATE SHEET) PCT/US2004/034642

m
Non-establishment of opinion with regard to novelty, inventive step and Industrial
applicability

Reference is made to the following documents:

D1: US-B1-6 647 078 (THOMAS TIMOTHY A ET AL) 11 November 2003 (2003-11-
11)

D2: WO 03/036891 A (ZENITH ELECTRONICS CORPORATION) 1 May 2003
(2003-05-01)

D3: SARKART K ET AL: "ACCURATE AND EFFICIENT SOLUTION OF HANKEL
MATRIX SYSTEMS BY FFT AND THE CONJUGATE GRADIENT METHODS"
INTERNATIONAL CONFERENCE ON ACOUSTICS, SPEECH & SIGNAL
PROCESSING. ICASSP. DALLAS, APRIL 6 - 9, 1987, NEW YORK, IEEE, US,
vol. VOL. 3 CONF. 12, April 1987 (1987-04), pages 1835-1838, XP000758077

D4: SONIR A ET AL: "Channel equalization with adaptive filtering and the
preconditioned conjugate gradient algorithm™ CIRCUITS AND SYSTEMS, 1997.
ISCAS '97., PROCEEDINGS OF 1997 IEEE INTERNATIONAL SYMPOSIUM
ON HONG KONG 9-12 JUNE 1997, NEW YORK, NY, USA,IEEE, US, vol. 4, 9
June 1997 (1997-06-09), pages 2284-2287, XP010236182 ISBN: 0-7803-3583-
X

D5: ZOLTOWSKIM D ET AL: "Conjugate gradient based multichannel decision
feedback equailization for digital television” 2002 IEEE SENSOR ARRAY AND
MULTICHANNEL SIGNAL PROCESSING WORKSHOP PROCEEDINGS (CAT.
NO.02EX593) IEEE PISCATAWAY, NJ, USA, 4 August 2002 (2002-08-04),
pages 599-603, XP010635821 ISBN: 0-7803-7551-3

1. The application does not meet the requirements of Article 6 PCT, because claims 1,
3,5,7,9,11, 13,15, 17, 19, 21, 23 are not clear.

1.1 The term convolution matrix used in the independent claims is vague and unclear,

because the quantities that are convolved are not defined. Thus, it leaves the reader
in doubt as to the meaning of the technical features to which it refers, thereby ren-

Form PCTASA/237 (Separaie Sheét) (Sheet 1) (EPO-Janusry 2004)
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WRITTEN OPINION OF THE intemnational application No.
INTERNATIONAL SEARCHING .
AUTHORITY (SEPARATE SHEET) PCT/US2004/034642

dering the definition of the subject-matter of said claims unclear.

1.2 From the wording of the steps (b) and (c), it is not clear what the difference between
the two matrices $ and F is; they both seem to be convolution matrices formed from
the data s.

1.3 ltis clear from the description that, amongst others, the features of claim 3 are
essential to the definition of the invention. However, claim 3 only states that certain
values of the matrix S are set to zero, without defining which those values are.

The problem to which the invention relates, i.e. implementing the matrix-vector
multiplication involved in the conjugate gradient algorithm without corruption (see
description page 34), cannot be solved without:

- the features relating to forming the FFT of matrix § (see step (d) of claim 13);

- the features of claim 3; and

- the features related to decomposing the matrix S to matrices § and F in the way
described on page 33 and figures 3 and 4 (i.e. setting the upper and lower
triangular areas of matrix S to zero, thereby producing matrix 8, and keeping the
values in the upper and lower triangular areas of matrix S while setting the
remaining vaiues to zero, thereby producing matrix F).

Since the independent claims do not contain these features they do not meet the
requirement following from Article 6 PCT taken in combination with Rule 6.3(b) PCT
that any independent claim must contain all the technical features essential to the
definition of the invention.

1.4 Claims 5 and 21 claim an equalizer while they depend on a method. This renders
their subject-matter unclear.

1.5 The pluraiity of independent claims makes it difficult to determine the matter for which
protection is sought, and places an undue burden on others seeking to establish the
extent of the protection. Hence, the requirements of Article 6 PCT (conciseness) are
not met. '

Form PCTASA/237 (Separate Sheet) (Sheet 2) (EPO-January 2004)
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WRITTEN OPINION OF THE International application No.

INTERNATIONAL SEARCHING
AUTHORITY (SEPARATE SHEET) PCT/US2004/034642

1.6 The vague and imprecise statement in the description on page 36, last paragraph
referring to the spirit of the invention implies that the subject-matter for which
protection is sought may be different to that defined by the claims, thereby resulting
in lack of clarity (Article 6 PCT) when used to interpret them.

2. Inview of the objections mentioned-above, a reasoned statement with regard to
novelly, inventive step and industrial applicability will be given with respect to a claim
which would include all the technical features which are essential to the definition of
the invention.

Document D3 is regarded as being the closest prior art, and shows (see pages 1836-
1837) using FFT in order to calculate efficiently matrix-vector products involved in the
conjugate gradient algorithm.

The invention as claimed by a claim containing all the essential features, would differ
from the disclosure of this document in the way of decomposing (see point 1.3
above) the matrix of which the FFT is to be calculated.

The problem to be solved by the present invention would then be regarded as
implementing the matrix-vector multiplication of the conjugate gradient aigorithm
without corruption.

The solution to this problem would be considered new (Article 33(2) PCT) and
involving an inventive step (Article 33(3) PCT) because, although using the gradient
algorithm to determine a channel estimate (see D1, D2) or for processing a received
signal for other purposes (e.g. channel equalisation, see D4, D5) is known from the
prior art, none of the prior art documents discloses or renders obvious the use of the
specific matrix decompasition.

As the method of the invention would be used in processing a received signal, it
would be industrially applicabie (Article 33(4) PCT).

Form PCTASA/237 (Separate Sheet) (Sheet 3) (EPO-Janusry 2004)
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METHOD AND DEVICE FOR MULTI-USER causes ihe received signal strengih at a particular portion of
FREQUENCY-DOMAIN CHANNEL the occupied bandwidih to vary as lime progresses. In a
ESTIMATION BASED ON GRADIENT mobile muliipath chaonel. the overall channe] response not
OPTIMIZATION TECHNIQUES only varies across 1be occupied bandwidih of the sipnal, but
x 2]50 across time as well.
In addition to multipath, interference is another system
FIELD OF THE INVENTION componen! ibat limijis the performance of a communication

The present inveation gepenlly relates 1o the Geld of
communication systems and more particularfy. io esimatiog
the lime and [requency response of at least one desired
signal received by at leas aoe anlenma. based on Gradient
Oplimizalion kechniques.

BACKGROUND OF THE INVENTION

In a wincless communication system, a major design
challenge is 10 maximize svstem capacity and performance
in the presence of ioterference. and a time-varyiog multipath
chanm)l. Mubtipath propagation is caused by Ihe tramsmitied
sipnal reflecting off objects near the transmitter and receiver
am arriving at the receiver over mulliple paths. Interference
in 3 communication sysiem ¢an come from a variety of
scurces depending on the particular aystem deployment. 1f
the sysicm is in motion. tben Doppler-induced channel
variations hecome an issue. Interference and multipath are
major factors that limit the achicvable performance and
capacily of a commupication system because both effects
imerfere with 1he sbility of a communication receiver 10
properly decode the Uansmitled daa.

In » multipath propagation channel. the tranamitied signal
propagates 1o the receiver over a finite oumber L, of
propagation paths, where each path has an associaled time
delay and complex pain. 1o such a channel, the communi-
cation receiver receives the superposition of L, delaved,
atenuated, and phase-shified copies of the rransmitied sip-
nal. The numher of patbs L, and their time delays amd phase
nhifis dependds np the physical location of the various
scatiering objects (such as huildings. smomobiles, and irecs)
in the immediale vicinity of the iransmitter and receiver. The
complex atiemation (magnituck: ancd phase) of each path
dependx an the length of cach path. ax well as the material
compusition of any scallerers or reflectors encountered
along the path.

The presence of mullipath can severcly distont the
received signal. In 2 muliipath enviroment, the multiple
copivs of I transmitied signal can imerfere consiructively
in sume ponims of the sccupicd handwidih. In otber par-
tions of the ovcupied bundwidth. the muliiple copies can
interfen: deructively a1 the recciver. This signal duplication
causss unwanted variations in the raceived signal siremeth
aver the bandwidth occupicd by the signal. Furthermore. if
the dilfer:nce in the path delays of the various propagation
paths ix significamly preater than the duration of a trans-
mined information symhul. then intersymbol interference is
present a1 lbe receiver. When iolersymbol interference is
present, the recejved signal is comupted by prior iransmitted
symbols propagating over paths having delays relative 10 the
shoricst path that are longer than the duration of an infor-
mation symhol The demodulation provess (the process of
detcrmining which information Aymbol was transmilted)
becomex difficult in the presence of intensymbol inlerfer-
ence.

In & mohil: wireless communicalion system. the complex
atenuation of each of the multipath components of the
received sipnal becomes a tlime-varying function of the
iransmitter’s path and speed throughout he scatiering field
local to the iRnsmitter’s positivn. The transmiticr’s motion
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sysiem, If the sysiem is deployed in an unlicensed hand. then
other users of the band can generate interference. And in a
cellular system employing {requency reuse, Iransmitiers in
another cell that is allocaied the same scl of frequency
chennels can gencrate co-channel inlerference. Frequency
reuse is the praclice of assigning the same frequency chan-
nels 1o multiple users of the allocated specirum.

Masy cellular communication sytiems emplov the tech-
nique of frequency reusc in order 1o maximize 1he utilization
of the frequency spectrum allocsted 10 8 wide-area sysiem
deployment. In a cellular sysiem, a luge geographical area
is divided into smalier regions called cells, where each celt
is served by a single base station operating on an assigned
se1 of frequency channels Within each cell. muliiple sub-
scriber devices are allowed 1o communicate with the base
siation on ibe frequency chennels asxsigned i thai cell. The
concepl of frequency reuse involves allocating differem scis
of Irequency channcls o the cells belonging 10 a particular
group and then reusing the same sets of frequencies 1o the
cells belonging 1o another group of cells.

The reuse favtor of a cellular svsiem is defined W be the
minimum distance herween two cells that are allocated the
same set of frequency chanmels divided hy the radius of a
cell. A cellular sysiem employing s large reuse factor docs
ool utilize the allocated spectrum as efficiently as a ccllular
sysiem employing a smaller reuse factor. However, the level
of co-channc! imerference reccived by a recciver in the
cellular syxiem is directly dependent on the reuse factor.
Reducing the reuse facior tends 1o increase 1he level of
co-chanpe] interference experienced by a receiver. To betier
wiilize the available spectrum. it would be advantageous 1o
be able to suppress the effecis of vo-channe] interference.

To compensate for co-channel imerference, multi-user
channe] estimation is used. The current multi-user channel
eslimators require » very large matrix inversion which is
based on each user’s pilol sequence or symhol decisions o
be solved to find a matrix of filtering coefficients that. when
muhiplied by the received dala, gives the chapnel edlimalces.
This requires provessing and sioring » large marrix that can
be burdensome to processor and memory limited implemen-
mtions. Also, there is a need 10 perform a larpe matrix
inversion based on each user's pilot sequepces or symbol
decisions, The inverse is nol a prohkem when the sequences
are known since this inverse is computed once upon device
initialization and then stored. Howewver, ihe large inverse
makes decision-directed channel updates impractical in real
time.

Thus, there is a nced for a method and device for
estimatiog the lime and frequency response of al least ane
transmiticd signal recejved on at kax one receive anienna.
In addition. there is » need for 2 methad and device 1o
eliminate the peed for computing and sioring the inverse of
3 very larpe matrix.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 iy an overview diagram of s prefermed embodiment
of a cellular communicalion system in accordance with 1he
presenl invention;

FI1G. 2 is a block diagmm illusirating a preferred embodi-
meni of a device in accordanes with the present invention;
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F1G. 3 s a hlock diagam illusirating details of the
Antenna Combiner of the device of FIG. 2:

FIG. 4 is a representation of an information hurst for
Single or Multi-carrier Modulstion. which can he used by
the communicalion system in which the device in FI1G. 2
operates,

FG. 5 is a flow chant represeatation of ane embaodiment
of the methad performed by the Channel Estimation Device
(208) 10 provide channe! estimation lor pikst blacks between
a transmilting device and a receiving anienna in accordance
with the present igvention;

FG. 6 is a flow chan representation of ope embodiment
of the methad performed by the Channel Esiimation Device
(208) 10 prowick: channe} estimation for data blocks between
a ransmining device and a receiving anienna in accordance
with the present iovention:

FIG. 7 is a flow chant representation of one embodiment
of the methad performed by the Channel Estimation Device
(208) 10 provide channel estimation for pilot blacks between
a transmiltiag devicr and a receiving antenna in accordance
with the present invention; and

F1G. 8 is a flow chanl represeniation of one embadiment
of the method performed by the Channel Estimation Device
(208) 10 provide channc] estimation for dain blocks between

a rransmitling device and a receiving antenna in accordance 2

with the present invenlion.

DETAILED DESCRIPTION OF THE
PRESENTLY PREFERRED EMBODIMENT

An adaptive antcnna armay is ao amay of solcnnas con-
necied 1o a communications receiver and operates by com-
bining the sipnakk received by the antennas so as to optimize
in an adaptive fashion the receive characteristics of the array.
By weighiing and then summing the multiple antenna
signals, the adaplive anicnna amay can adapl ils angular
response, somelimes calked the array pattern, while it oper-
alex i fesponse to changes in the propagation environment.
Whilc operating, the sdaplive antcona atiempts 1o maximize
the reception af e aignal reocived from a dekired trans-
mining cevice, ax it simullancously minimizes the effects of
all other interfering sipnals and ouise. In a communication
swxlem, the interference suppression capability of an adap-
tive anlenna array offers the potential 10 reduce co-channel
inlerference. improve aoverape quality, and increase overall
Sysiem capacily.

Adapiive anienna arrayx alsu officr the possibility of
providing a new way of multiplexing mulliple devices:
Spatial Division Mullipie Access (SDMA), With SDMA.
mulliple devices cun ximullaneously share the same channcl

(... 1ime, frequency, or code channel) and are separated and &

simultancously decoded by the receiver armay on i hasis of
their spatial msition relative to the anlenna array. When
successfully deployed. SDMA promises 1o provide enor-
MOUs incTeases in syslcm capaity.

Spatial Division Muhipk: Access is a difficull technology
o implenxnl hecause of the rapidly varying multipath
Iading channcl. In an SDMA sysiem, the devices that are
gharing a chanm] provide inlcrference 10 the reasiver pro-
cunsing algarithms thal must decode: the signals transmitted
by the devices, When a recciver-processing algorithm
aticmpis 10 deoekke one SDMA device, the otber SDMA
devices provide sirong interference o the decoding algo-
rithm. The adapiive anicnna implementing SDMA sup-
presses the effects of the oiher devices whep altempling lo
decode one of the transmitting devices.

A problem axsnciaied with employing both an equalizer
and an adaptive antenna in 3 wirclesx communication syslem

BRNSDOCID- <Ub_______6547076E1_1 >
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lies in the design of an algorithm and device having adequate
ability 10 adapt 1o changes in the sipnal environment. For
besl performance, adapiive anicnnas thal operaie in a fas-
fading muhipath environment mus! adapt to the rapidly
varying channe) as well as 10 any changes in Ibe nature of the
desired and inlerfering sigoals. In a broadband sysiem. a
frequency-selective multipath charme] will cause significani
variations jn the chanmel acToss the accupied bandwidth of
the received signsl. Equalization and interference-
suppression algorithms, which cannot rack ihese channel
variations both in ume and frequency, will suffer significant
degradation in performance ax measured by the Bit-Emmor
Rawe (BER) or Signal-to-Inericrence-plus-Noise Ratio
(SINR).

A common ingredien! in many cqualizers and adaplive
anlenna arrays is an algorithm and device 1hat eslimates 1he
characieristics of 1he multipath propagation envircamenl,
channel transfer function, or channc] frequency response,
between the desired transmilting device and each of the at
least ape receiving antenna at the communication receiver.
When SDMA is heing emploved in 2 broadband sysiem
openaling in a frequency-selective environmeni, then an
adaptive anicona array generally requires an estimate of the
channe] frequency response between each receiving anicnna
and cach of 1he ransmitting devices that arc simultancously
sending information 10 (he array. The channel extimation
algoritha in this case should opersie (o simultancously solve
for the chanoel responses of the multipke iransmitling
devices.

Given the nexd for higher sysiem capacitivs in wircless
commupicalion systems, adaptive aplennas and advanced
equalization techniques are importam for satisfying the
ever-increasing need for high data mte communications. To
suppont the operation of adaptive anlennas and equalizers, it
is advantageous 1o bave a method and device 1hat iracks 1be
lime-varving frequency response of s broadhand sysiem
accurately enaugh io permil effective equalization and inter-
ference suppression. Given the difliculiies associaled with
implemeating SDMA and the delcicrious pature of the
multipath-fuding epvironment, such » device would epable
imprened equalization and inlerference suppression perfor-
mance in a mohile broadband communication sysiem.

Bricfly dewcribed, 1be present invention is a method and
device for calculaling the channel frequency responses of
the xipnals Iransmitied by st kasl ope IRnsmilling device
and received un a1 keast ome reccive aplenna. The invention
utilizes gradient optimization techniques and efBciem Dix-
ercice Fourier Transform {DFT) processing that significantly
lowers chanmel csiimation complexity with no loss in chan-
nel estimation performance. Using this method climinates
the need to compute the inverse of & very large matrix that
is required by most multi-user channel estimators. Also, this
mveniion climinates problems associuted wilh channel csti-
mations at cdge subcarriers in OFDM (Ornthogonal Fre-
quency Division Multiplexing). thus providing improved
symbol estimation performance.

The method and device of the presem invention can he
incorporated inlo & communicalions receiving device, hase
station, or subscriber unit. 1o the present invention, the 1erm
~device™ can refer 10 apy 1vpe of communicatinns device
such as a base station, subscriber unil, or ather communi-
cations receiver or transmitter,

The present invention is implemented ip 2 communjcation
system where al least one desired irnasmilting device trans-
mils infarmalion 10 a communication receiver having al least
one aniepna. In a preferred cmbodiment, pluralities of
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transmitling devices simultanecusly ransmit information to
3 communication recejver having s plunality of anennas. A
transmitling device trammits its information in bursts that
conlain Iwo componenis: a \raining interval and a dala
interval. also called blocks. The information transmined io
» Iraining inlerval comaios pilel symbol sequences of con-
tent and duration known by both the transmitting device and
the communication receiver. The data interval contains data
svmhbals thai musi be recovered at the receiving device. In
the present invention, the term “burst™ refers to any ane of
the following: a shon or isolaed transmission, a portion of
a longer Iransmission, a portion of a continbous
transmission. a porlion of & semi-conlinuous iransmission, »
time-limited traosmission, a1 bandwidth-limited
transmission, or any combination thereof.

The ability to receive and recover the information trans-
mitied simulianeously by more than one device significantly
increascs the capacity of |he communication system- Con-
ventional cellular sysiems permit only oge device to transmil
on a panicular frequency channel within a cell for any
predetermined lime interval. Providing fur more than onc
device 10 Iransmit 0 a base station on the same [reguency
chanme] at the same time will muliply the capacity of the
system by & factor equal 1o the pumber of devices that are
allowed 10 simulianeously transmil. Devices incorporating
slgorithms for providing 1his capability must bave the ability

.10 irack any varialions in the tinve and frequency-stlective
“channel. The method and device of the present invention
provide time-varying channel estimates for use in adaptive
sotenna equalization eslimaticn techniques, making com-
munication systems more efficient.

A preferred embodiment of the present invention
described below typically operaies in a time-varying delay-
spread channel and operates under the assumption 1bat 1he

channel can change significanily aver the occupicd band- ;

widih and sigaificantly in time. This requires a frequency-
domain multi-user channel estimation technique for iracking
the time and frequency variations of multiple SDMA users
*sharing the same time [frequency channel.

F1G. 1. rumenal 100, illusirares » wireless communication
sysiem in accordance with the preferred embodiment of the
present invention. As shown in FIG. 1. a Base Station 110
provides communication service 10 3 peographic region
known as a ecll 103, At least one User Devices 120 and 130
comnmunicake with the Base Siation 110. In some embodi-
menix of the communication system of FIG. 1, at keast zero
Exwernal Imerference Sources 140 share the same spectrum
allocatad 1o the hase siation 110 and subscriber devices 120
and 130. The External Imerference Sources 140 represent an
unwanted source of emissions that interferes with (b com-
munication process between 1he Base Station 110 and the
User Devices 120 and 130. The exact nature and number of
the External Inierference Sources 140 will depend on the
specific cmbodiment of the communicstion sysiem of FIG,
1. In some cases, a8 is shown in FIG. 1, an External
Interference Source will be another User Deviee 140
(similar in consiruction and purpese to User Device 120)
that is communicating with anotber Base Station 112 in the
same frequency spectrum allocsied (o Base Station 110 and
User Devices 120 and 130. As shown in FIG. 1, User
Deviees 120 has a single snienna, while User Devives 130
have al least one auicana. The mxihod and device of the
present invention can be implemented as pant of a Base
Station 110 as well as part of a User Device 120 or 130.

FIG. 2, sumeral 200, is a block diagram illusiratiog a
device in sccordance with the present invention. The com-
munication receiver in accordance with the present inven-
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tion incindes at leasi one antenna (101) wherein tbe outpuls
of the aniennes are cach pravided 10 a receiving unit (201).
The outputs of the recciviog units (201) are provided to al
least one Anienna Combiner (202). The signals from the
receiving units (201) arc also fed inio the Combioer Con-
wraller (210), which regulates the operation of 1he a1 Jeas one
Antenna Combiner (202). The sigaais {rom the receiving
unils (201) are also fed into the Chamnel Estimatiop Device
(208). The Pilot Symbol Geperator (212) penerates pilot
symbol information thal is used by 1the Combiner Controller
(210) 10 conirol the Anienoa Combiner (202). The pilot
symhol information generated by the Pilm Symbol Genera-
tor (212) is also used by the Channel Estimation Device
{208) 10 estimate tbe lime-varying [requency responses of
the iransmifling devices (110. 112, 120,130, or 140, or any
combination thereof). The ountput of an Aatenoa Combiner
{202) is fed into an Information Decoding Unit (206), which
decodes the Anteone Combiner Output (204) and penerates
data information (213) thal was received by I Antennas
(101). The output of the inlormation decoding unil (206) is
fed inlo the channel estimation device (208) 10 eltlimaic the
lime-varying frequency response of the transmitting devices.
FIG. 3, numeral 304, is a block disgram llusirating details
of the Antenna Combiner of the device of FIG. 2. Anenna
Combiner (202) is coupled 1o 1he receiving units (201).
which in wn are coupled 10 the anteonas (10I). In &
preferred embodiment, the receiving units (201} may
inchude madio frequency pre-amplifiers. filiers. and other
devices that can be used 1o convert the radio frequency
sigoal received by Lhe antenna down to & digital siream of
base b and equivaleni complex symbols. As shown in FIG.
2, 1be output of the i"th receiving unit (201) (where i is an
integer between 1 and M inclusive, and M is the total
gumber of azicnna elements) is mathematically deoated by
v/k), where k and i are iniegers. and is provided (0 the
amenpa combiner (202) which can he in the form of 2
plunality of complex multipliers (302) which muliiply the
output ol each receiving mnit (201) by & complex weighi
{304), mathematically denoled ps wfk). and a combiner
(306) sums the ouiputs of the plunslity of complex mui-
pliers (302). The values of the complex weights (304) are
controlled by the Combiner Cantroller (218). shown in FIG.
2
FIG. 4, numeral 300, ix & liming diagram illumrating the
siructure of an information burst for sinple or mubi-carrier
modulation (310) iransmitied helween a plurality of trans-
mitliog devices (¢.g., Base xiation 110, User Device 120, or
130) and a recciving device (eg., Base station 110, User
Device 120, or 130). An information burst (410) includes al
kast one tmiining inerval (420) abo referred 10 as a pilol
block, and a1 least one data interval (430} also referred to as
a data block. During » training interval (£20), a iImosmitting
device (e.p.. s Base siation 110, or a User Device 120, 0r a2
User Device 130, or a base siation 112, or in some ¢ascs »
User Deviee 140, or any 'combimation thereof) trunsmil
training information consisiiog of a1 least one pilot xymbol
of duration, coatenl, and timing known to both the rans-
milting device and the receiving device (a Base siation 110,
of & User Device 120, or 2 User Device 130). The Channel
Estimation Device (208) in the presem invention uses the
outputs of the receiving units (20)) during al keast ope af the
training intervals (420) and the knowledpe of the ranxmitied
scquence of pilot symbols to compute an estimate of the
channe! time and frequency response between (e plurality
of trapsmitting devices (a Base station 110 or 112, or a User
Device 120, 130, or 148, or any combination thereof) and
the aniennas (101) of the receiving device. To update the
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chanm] estimaie. the channel estimation device (208) in the
prescnl invention uses the autputs of the information decod-
ing unils (206) and the ovipuis of the receiving units (201)
during al Jeast one data interval (430) 10 compute an estimare
ul the channel time and frequency respopse between the
plurality of transmilting devices (a Base station 110 or 112,
or 3 User Deviee 120, 130, or 140, or any combination
therenl) and 1he anweanas (101) of 1be recciving devive. This
inlswmation burst acix in accordance with all channel esti-
mativnx using cyvelic prelixes.

The chanmel exiimation device for the present invenlion
miliz the mathematical architeciure of pradient oprimiza-
tion. Gradicnt uplimization is a finile ilerative procedure for
salving a syvslem of n equalions in p unknowns. A descrip-
i ol a [eguency-domain channel extimation based on
aradicnl uplimization lechniques is now piven:

For the derivation of the pradient methods, assume that
thw entize bhock of symbols (e.g.. 420 or 130 in FIG. 4) 10 be
prwessed (in OF1M this hlock is sometimes referred 1o as
a bawd vr as an O)1IM symbal inlerval) is of knovn xymbols
{uither pilims, il the hinck is 420, or symbal decisions, if the
block i~ 4M). 1T approach 10 be described can be extended
t arhitrary pilit furmats as well. Also the following deri-
valivn will he given for one of the at least one receiving
ancanas. An OFDM (Onhogonal Frequency Division
Muliiplexing) saxicm ix assumed, although the derivation is
applivable » any sysivm employing frequency-domain pro-

vensing. The OFDM sysiem described below employs ao ;

FIFT si/c ol N aml K frequency-domain subcarriers sre
cophoyed bo Lransmit information (either pilot or data). Alsa,
in e il i derivation. the lenm =ser™ is used 10 refer
v a Irsnsmilling anienna %o that the derivation will be
apphivable 10 vonventional single wser systems, SDMA
(Spatis! Mhivision Multiple Access) systems, MIMO
(Multiple-lnpat-Multiple-Output) sysiems, space-fime-
vuding sy S or any other relsted svilem having at least
ol Iraismithng aniennas and al least one reeciving anlenna.
Additiomalls m sy following derivations, the symbaol deci-
st ied eewarily have 10 e hard sliced 10 actusl
svinhel valins S 1y of sofi decision can be used such
as hyperinsdi tanzot mappings.

The rewe sl data on one of The reeeive antennas. ignoring
nuise aml unhissn interfenency. is given as:

. i
it N M bk
-

where ks thwe subvarrice number (k raoges from 1 10 K), b
ix 3 numbyt ikoniying the haud being processed (b ranges
from 1 te B). J i 1the number aof Sparial Division Multiple
Access (SDMA)Y wsers (Ihe number of devices or anichnas
transmitting simulancously). H{kb) is user j's frequency-
dulmain chaone] al subcarrier k, haud b, and x{k.h) B user
j's frequency-thimain symbol on suhcarier k. bawd b (in
single carricr, X(Kb) is the DFT of user §'s K lime-domain
symbals). In a preferred cavironment, the Discrete Fourier
Transform (DF1"s} are replaced by Fast Fourier Tranxform
(FFTs) 1o simplily calvulations. H(kb) ix matbematically
modeled a8 the N-piinl DT (N2K) of » length L sequence,
h{lb){where k=ill. ... ].-1 or any other appropriaic leagth
L inteper sequuncc). ul lime-domain 1ap pains (called time-
taps}) ax follwws: (Nule that the length L sequence h{lb) can
vary as a function of the haud index b.)
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In singke earricr employiog [requency-domain receive pro-
cessing K=N, bul in OFDM. N>K so thal the estimalor
assumes a Jow cormrelation helween the channe) al subcarrier
k=1 and the channel a1 subcarrier k=K.

In matrix form and extended 1o all X subcarriers, the
previous equation becomes:

Hil b

WK b= w Fib)

H K.

where:

1 h

ol e

Fa Ul
KYLWFm

I ik lifkl =

ShK-n ‘_M,_._“_‘,,

b b
(YA ) KT T

Ai-1. 0

The rcceived data on baud b a1l each subcarrier, stacked
inio 3 vector, Y(b), can be writien as:

Yil.n : (L]
Kxyyibm ] - Z Kb WFhab) e XibADMD).
Nk.m| =
where (KxK)X (b)=diag(x(}. b), . . . , X{kD)), (diag means

the mairix is composed of all zeros except for the diagonal
clemenis which are piven in parenthesis) and

(K wJE X w (X1 ... X151, 161

F o 0

b F "~ : "It‘"
UKxJLD=|. ok uLx b ¢

T ham

b -0 F

The least squarcs estimalor is the solution 10 the following
minimizalion probkm:

mig vt mio - _ h
.m|xunm|m Yiof = hbl‘ 1M XM 10X 101Dy

D" x Y iy - P XD + YV v

The gradient of the previous cquation with respeat 1o hib)
is given as (where a muhiplicative factor of 2 is neglecied to
improve Ibe clarity of the prescniation):

ARChD X D ATHDA(M-D XM T DI &

where # is the conjugaic transpose. When computing this
gradient, note that a mairix multiplication by the large
mairiz U can be implemented as J N-point DFTs with ¢ach
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DFT 1runcaied 1o the first K samples. Also, multiplication by
D™ can be implemenied a8 J N-poini inverse Discrete
Fourier transfomn (IDFTs) with each IDFT truncated 1o the
first L samples.. Note that X(b) is a sparse matrix, so only JK
complex muhiplies are required when il is muliiplied by a
JKxl wvecior. In otber words, in computing the sbove
gradient. Dhh) can be found by taking a separate FFT of
cach user's L 1ime tapx in h(b). iruncating each 10 K saroples,
and then gacking Ihe result inlo 2 JKx1 vecior. Theo
X(bXDh(b)} can be found by JK complex mulliplies {(and
some sddition operations). Next X¥(b) X(b}Dh(b))) can be
found by JK complex multiplies, and finally, D*(X"(b)XX
{bXDh(b)))) can be found threugh J N point IFFTs runcated
10 L samples and stacked into a JLx1 vector. Calenlating the
gradieni with these methods (1hat is, with the DFT or FFT
operalions) requires significantly kss operations then if
matrix multiplication operativns are carrisd out directly as
writlen in the Equation (8)). It is these observations that lead
to a low compuiational compkxily decisiop-directed algo-
rithm based on the gradient mutbods of opimization. These
processes are described in (e following two lists of steps
(the first fur the gradicnt method, the secoad for the conju-
gate gradient method) but arc explained in dewil with FIG.
&, through FIG. 8.
Fixed Siep Size and Sicepest Descent Gradient Method
1. 2 =D*X¥(D)Y(b), 1=0),
;=2 unkess in decision-directed mode where B =h{b-
1)
2. d=2 -D*X¥(b)X(b)D0 G, ,=0,+crd,
where =1 for fixed step size gradient and for stecpesi
descent il equals:

ll,-# vy & X1beDd,
i

3. tat4l, I 1>t then siap and h{b)=b,. clse po f0 2
Conjugate Gradient Mcthod
1. 2, =D X"B)Y(b). 1=0),
6y=7, unless in decision-tirected mode where 8 =h(b—
n
2. gl XHBIN(BIDO,~2,. d=-By

N
Sam-E e Mg
,

&

. en | -Bl“lldl
By = LXAABIN(B)DY, 2,

h

o
l’,"ll

LA

7. =ity 48,

8. 1=i4], IT 1=t then siop and hib)=B,. cise go 1o 3,

FIG. § shows a flow chan that illusirates the sweps
performed by the Channel Estimation Device (208) when
the fixed sicp size gradient or siecpest decenl pradient
method is used. This is in accordance with the present
invention wihxn biock b (equation I) is a pilot block ($20).
The pilot symhols for block b $10 are provided by the Pilot
Symbol Genersior 212. Afier receiving the pilot symbols
and the pilor data (520) on hlock b, tbeir information is
stacked into a vector Y(b) and is cquated as
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The initial time vector, 2,.. is computed (330) as a function
of the received pilat data on block b and the pilot symhols
on block b, lb;;ilol block b heing 1he scgment 420. This is
such that z=D”*X”(b)Y(b) where:

Fuo .0
"F o
Ky KK b m (X80 ... K] (UKW /LD ¢

. 0bFr

(K=K} X(b)=diag(x(Lb), . . . . x{K})) diag meann the
malrix is com, of all zeros except for the disgoml
tlemnents which are given in parenthesis. x{1b) is user j's
pilol symbol on subcarrier k and block b, For the mairix
ahave, F ix delermined by:

L.

Mo
iKyliFe

} where iLx [ )ftd1m

MAE-n ‘,p.u.l-nu

(Ia the preferved embodiment, z,~D*X¥(b)Y(b). would be
cuamputed by FFT s and an elemem-wise mulliplication of
Iwo vectors.) Next {330) the iteration number 1, is set to zero,
The initialization also requires thal 1the channe] estimate a1
itcration mumber 0, 8,, be equal 10 an initial channel exti-
mate. In the preferred embodiment, the initial channel
eslimaie is the initial lime vecior 2, (580). Nexi, in block
560, the direction vector d, is compulted al ileration oumber
t, forming d, as a function of the initial ime vecior, the pikot
svmbols on hlock b, and the channel estimate a1 ileration
number 1. 8,. The direction vector is used 10 determine how
bip & siep should be computed for the nex; jieration of
procese” S6l) through 585, The equation for (560} is d,=z -
DMXM(h)X(h)DY,. (370) If the step size is not fixed (a0,
where «, where is a constam) then (672) the siep size is
computed al itcration pumber §, <t as » funetion of the
direclion vector al ilcration number ! and the pilol symhals
on block b. The equation for 672 is

&'
Uy m =

where v,aX(b)Dd,- 370 The channel estimate is computed at
iteralion number 141, B,,,. a8 a function of the direction
vector al iteration number L, the channc] estimate at iieration
number 1, and the siep size al ileration number 1, a, (574).
The equaticn for 574 is 0=+ d. Al this poinl the
iteration number is increancd by one (576). ) the iteration
number ¢ equals 1., (380), 1, beiog the oumber where the
channcl estimator should stop jterating, Ihen the channel
eqimaie on block b, h(b), is the channel estimate af iteration
number 1 {(3M). 1, is predetermined for the receiving
device. snd is d:#ndcnl on iis processor power and memory
limitations. If d,"d,<e (385), where d,”d, is the magnitude
squarcd of the direction vector, and in the preferred
cmbodimenl, ¢ is 2 small perceniage (e.g.. 1%) of the thenn
infocmation (47'8). the chanoel estimaie oa block b, (h), is
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the chanoel cmimaie a1 iteration 1t (390). Otherwise the
process is repeated from block 56U on until the conditions ¢
equals 1, or d,*d,<e are met, a1 which poinl the channcl
estimale an block b, i(b). is the channel estimaie al iteration
1(390).

FIG. 6§ shows a2 flow chen thal {Jlustrales the sicps
performed by the Channel Estimalion Device (208) when
the fixed sicp sizc gradient aor sieepest decent pradicnr
methnd is wsed. This is in accordance with the present
invention when hiock b (equation 1) is a data block (4340).
Symhols for block b, x(kb). (610) arc provided by the
information decoding unil (206) where x(k.b) is user j's
symhol. Afier reeeiving the data (620) on block b, it is
s1acked inlo a vector and cquaied as

Nl }
K.t
The initial time weetor, .. is computed (630) as o function

of 1he received data eom block b and the symbol estimates an
hlock b, This is such that z,=D"X“(b)Y(b) where:

WwWr 1=

F U = u
[ 3
WKeJKiXim e |[X\b ... X K » JLID - PR
.- 0 F

(KxK) Xb}=diag(x{1b). . . . , x{(Kh)), diag mecans 1he
malrix i compowed of all zeros exeept for the disgonal
chements which are given in parcnibesis. x41b) is user j's
symbal extimate on suhcarrier k and block k. For the matrix
ahave, F ik determined by:

"
J7im ey

: where 1LY ik =
PW=-n

Kvid =

gL TR

(In the preferned embodiment. 2, =D X (0)Y(b). would he
vampeted by FITT" and an clement-wise multiplication of
Iwu veclurs). Next, (640) the ileration number (. is s¢1 10
zero, The ipilialization also requires (650) that the channel

cdimate 2 iralion number 0, 8. be equal 10 an initial |

chann) estimate. In the preferred embodiment, the initial
channe! estimate is the chamne]l otimate on block h-<},
h{h=1). This is th: channc estimalc that bas been previously
compuictd fur the bock 388 if bloack b-1 is a pikv block and
690 if hkxck b=1 is a da1a hlock. In block 660, the direciion
veetor d. is onmpuicd a1 ileralion number t, forming d. a5 3
function of the initial time vecior, the symbols estimates on
bkick h. and the channel eslimate ai iweration number 1. 0,
The direction vecior is used 10 deicrmine how big a sicp
should he compuivd for the next iteration of process”™ 660
through 6X5. The equations for (660) are: d=z,-D"X"(b)
X{M)D8 where v =X{b)Dd,. (670) If 1be step size in not fixed
(e, where «y is a constant) then (672) 1be siep size is
cemputed at ileration number t, «,, as 3 funciion of the
directiun vector at jleration mumber 1 and the pilot syvmbols
on hinck b, The equation for (672) is:
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670 The channc] estimate is compuied at ileration number
t+1, 6,,;. ax & function of the direcon vecior at ficration
number 1, the channel estimate at jierstion sumber 1, and the
sicp size at jteration number 1. ¢x, {674). The equation for 674
is 0,,,=8,+ad,. Al this point the itcration aumber is
increascd by ane (676). If the iteration number t equals 1,
(6H0), 1., being the number where the channel estimator
should stop iterating. then the channel eslimate on black b,
hih). is the channc] estimaie a1 jleration number 1 (690). 1,
is predetermined for the receiving device, and is dependent
on jlx provessor power and memory limitations, I d,d,<¢
(685). where d,*/d, is the magnitude squared of the direction
vector, and in the preferred embodiment. € is 2 small
percentape (e.g.. 1%) of the thela information (6*8). the
chanme] estimate on blodk b, h{h), is the channel estimate at
iteration 1 (690). Otherwise the process is repeated from
hlock 660 on unijl the conditions 1 equals I, or 8,70,<€ are
mel. al which poini the channe] estimale on binck b, h{b). is
the channel extimate at iteration ¢ (690).

FIG. 7 shows s flow chart that illustrates the sieps
performed by the Channel Estimation Device (208) when
the conjugme gradient method is ured. This is in acconrdance
with \be present imvention when block b (cquation 1) is a
pilat hlock (420). The Pilen Svmbol Generator 212 provides
the pilol svmbaols for block b (710). Alter recuiving the pilol
data (715) an block b, where

Yil.o
m'.ml

the initial time vecior, 2, is computcd (720) as a fuaclion of
the received pilot data on hlack b and the pilot symbaols on

block b, the pilot block b being the scpment 420. This is such
that z, =D X"(b)Y(b) where:

IKx 1 Fim

F u
w F -
Ky K [ X .. X, UK v JLID = PR

(KxK) X(b)=diap(x(1b). . . . . x{Kh)) disg means the
malrix is composed of all 2eres except for the diogonal
clkements which are given in parcmhesis. x(1.b) is user s
pilot symbol or symbol estimate on subearricr k and block
b. For the matrix ahove, F is delermined by:

f"'ﬂll ‘ﬁl- A

IN®L\F = ], where ILY 1 fil)m

MR-

P T L)

(In the preferred embodiment, z, =DX#(h)Y(b). would be
computed by FFT s and an ¢lement-wise muliiplicaticn of
two vectors). Next (725) the feration numher L, i% sci 10°Zero.
The initialization also requires that the channel estimaie at
ilerstion pumber 0, 6, be equal to an jnitial changel esti-
maike. In the preferred embodiment. the initisl channel
eslimaie is z, (730). In block 735, the pradient vecior g is
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cumputcd al jlvration number 0, forming g, as a function of
the initial 1ime vector, the pilol symbols on block b, and the
channe] estimaie at iterstion number 0. The equation for 738
is g, aDX*bIX(b)DO;—2,. Then the direction vector d is
compuiced a1 ileration number O, forming dgas the negative
ol ihe pradicnt vecior at iteration number O (740). The
permuted direction vecior v is compuled at ileration number
1. ax a function uf the direction vecior at iteration number t
am the pikat symbabs an black b forming v, (745). The full
vuuation for 745 is v=DYX#(b)X(b)Dd,. Utilizing the equs-
tivn

P
= -m.

the fird slep iAot ix computed al iteration number L. as a
fumction ol 1he dircetion vector at ileration number 1. the
pradient vecior al ilerlion number ), and the permuled
directin wetor at iterstion number | forming o, (750).
Bhwk 758 compuien the channel estimate at jicration num-
ber 141, ax a function of the direction vector at ileration
number I, the channel estimate at itcration number 1, and the

firs slep siac al itcratios number 1, forming 6, ,. using the -

cuyuativm ), =lh4td,. Next the gadien vector g is com-
pule] al jlcration number 141 as a function of the initial time
vl b pilul symbals on block b, and tbe channel
eMimale al itcratin number | where g, ,=D*X¥(b)X(b)
M1~z (768). T scoond step size § is compuied al iteration
number 1 as 3 fumtion of the direction vecior a1 iteration
number 1. Hhwe geadicm vector ot iteralion number 1+1. and the
permuied direytion vector at iterstion oumber t forming B,
(765). Thin is illusirated as

’II-.——

Bhwk 770 compones the direction veetor ai iteration number
tel. ol o o tuetion af the gradient vedior at ileration
numiber 1+ 1.t soovind step sizce at iteration number 1. and
the direvtiom st at leration number 1 using 1he equation
U, ==p,  #ial, N this moint the iteration number ©is
incrcased by oo t775), If 1he iteration numbser t equals 1,
(7). 1,,, e i pumber where the channe] estimalor
should stop ferating. the channe] estimsle on black b. hib),
i the chamixel oMimawe at fieration number 1 (790). ¢ i5

predetermitned lor the receiving device, and is dependent on

it privesar e and memory limitations. 10 d,%d,<e
(7HS5). where o),"'d, is the magnitude squared of the direction
vecior amd in llne prefermed embodiment, € ix some xmal]
pereenlapy (eg. 19) of the thela informavion (67B), the

channel estimate sn bhak b, h{h), is the channel estimale at

itevation numbwr 1 (791, Otherwine the process from block
745 through 7RS is repeated until the conditions Lequals i,
or d,7d,<¢ arc nwl. al which point the channel estimate on
black b, h(Dh), is b channel estimale st jteration 1 (790).
FAG. K shows 3 flow chant that illupimies the sieps
performual by ihe Channel Estimation Device (208) when
the conjugate gradicnt method is used. This is in accondance
with the prowent invention when block b {equation 1) s a
data black (K10} 1he data block b being the segment 430,
Symhols [ur blick b, x(kh) (810) are provided by the
information deviding unit (206) where x(k.b) is user j's
symbol. Aficr recciving the pilot dala on block b, where

BEDOCID. U8 _______G847078R | >
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Fil. b
(K> 1i¥ibiwm

Nik. b

is true, the initial time vector, z_, is computed (820) ws 3
function of the received data symbols 815 and the symbwol
estimates 810. This is such that z =D*X*(b)Y(h) where:

F O .0
UK IEN B = (X100 ... XptbL KxdfDm |, "
U 0 F

(KxK) X/(b)=diap(x(1D). . . . , x{Kh)) Diag means the
mairix is composed of all zevos excepl for the diagonsl
clkements which are given ip parenthesis. x{1b) is user j's
symbol estimate on subcarrier k and hlock b. For the malrix
above, F is determined try:

il ! .

IKyLFm } whee (Lx 1) fik)m

ME=-n e

{In the preferred embodiment, 7, «D"X"(b)Y(b), would be
compuied by FFT s and an clemem-wise muhiplication of
two veciors). Next (825) the ileration number (. i5 s¢1 (0 2zero0.
The initialization also requires thal the chanoel estimate a1
iteration number O, 8;, be equal 1o an initial chanoel esti-
mate. In the preferred embodiment, the initial chaanel
estimaie is equal 1o the channel esimaie at block b-],
b{b=1) (8M). This is the channe] emimale that has been
previously computed for the black 790 if black h-1 i a pilol
block and 899 if block b=1 is a data block. In block R3S, the
gradien! vecior g is compuled at ileration pumber 0, forming
£o a5 a function of the inilial time vecior. the symbol
exdimaics on block b, and the channel estimale 8t iteration
number 0. The equation for K35 is p =D X¥(h)X(b)DH,~2.
Then the direction vector d is compuied af iteration number
(1, forming dobs the opepative of the gradiem vecior a1
iteration number O (830). The permuted direction vector v is
compuied at ilcration number L. as a3 function of i direction
vecior at ilerstion number 1 and 1the symbol estimates on
block b forming v, (8435). The (ull equation for 845 is
v,=D"X¥(b)X(b)Dd,. Urilizing 1he equation

2

a, --E_

tbe firai step size  is computed st iteration oumber (, &5 &
function of the direction vecior at iteration number 1, the
gradienl vecior at iteration number &, and the permuted
direction vector al iteration number 1 forming «,, (850).
Block 835 compules Ibe channe] extimate at ileration num-
ber 1+1. as a function of the direction vector at ileration
pumber 1, 1he channe] estimaie ai iteration number 1, apd the
first step size at iteration number 1, farming 8,,,. using the
equation 8, ,«8,+ad,. Next the gradiemt vector ¢ is com-
puled al iteration number 141 as 3 function of tbe initial time
vector, the symbol estimates.on block b, and the channel
eslimate al jleration nomher | where g, ,»D"X(b)X(b)
D8,-z,(860). The sccond siep size [} is compuied a1 ileration
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aumber 1 as a function of the direction vecior o1 iteration
aumibwr, the gradien vector at ileration number t+1. and the
permuled direction vector st ikeration number [ forming .
(RAX). “This is ilfustraied as

Iik o k X700 Counpuies the direction vector at iteration number
1o, s, . o~ o function of the gradient vector at ileration
mmadsr 1o 1. the second Riep Kize at iteration number 1. and
il dducetion seehor al iteration number 1 using the equation
o, ==z, _.efi. AL this point the ileration number 1 is
i v asial s one (B7S). 16 ihe iteration number L equals €,
(KN, 1, Inanz ihe number where the chanme] estimalor
stisukd stop s ating. the channel estimaie on block b, h{b),
it chasn ] oslimawe ar fteration number ¢ (390). 1, is
pradcanned lor the receiving, deviee, and is dependent on
s prsvssn power and memary limitaions 11 d,%d,<e
(RKE), wheae ol 4, is the magnilude squared of the dircction
et amd ke prelerred embodiment. € s some small
preentage (o 197) of the theta information (874, 1he
chamwe |l esimate an hlogk b, hib). is the channel eslimate al
itcrathm numher 1 (KW}, Otherwise the provess [rom block
S48 1thnouigh BES is repeaied uniil the conditions 1 cqualsi,,, .
ur /i< are mel. 3y which paint the channcl extimate on
hiwch b, hih), is the channe] ostimate at iteration 1 ().

There is a simpler, less complex approach W the above-
mentional gradicnl estimatons il the end gal ix w lind
vige] extimates lor multiple tramsminting dovices when the
traemnilting. dhvives employ o kaown spevially designed
pilol sequetice or when there is only 8 singhe ransmiting
devive (either with knvavn pilots or symbal decisiong).

Onc examply ol o ponsibke pilol seyuenee fir iransmitling
evic i in:

valbabydy Win 12N [y

Wihere bghy is an arhitrary pilot soquence, Now thal cach
ol the 1 transmiting deviees has the same piba seyuenee
cwep Ity lmcar phase e, The phase weem alhiws
smple prewessing I reawer cach samanilting devicss”
chane] respearw, The linesn phas erm meais tha when
the received hegqueney-domain dota, Yk w divided by the
pilol sequeine, bdk) the moncless resal vomtains the sum
al cachy tranmimiing device’s vhamnl muhiplicd by the
lincar phase am. Bevause cach hanannnng device is
awumwed by have 1, time laps That charscterize its fregueney
roviae, We Gl tun 3 stk user vension of e pradical
appriach that assumes JIime 1aps. Again because of the
linear phase e, the linsd 1 taps will Ine ik cow fransmitting
device, the seoond L anather 1eansmibtiog device and so
forth.

Nolc thal jn some cases guicker converpesee of the
gradient algorithms is pasible by uning o apacing greater
than 1.. In ither words, the Lol Eyuation (9) is replaced by
1l whene y> 1. When the pradient alporithms are applicd, in
the nimw-tlomain, o of the transmitting deviees lime-
domain channel taps will e from U o -1, e secand will
he from it (74 1)=1, and so fonh,

A matliematival ckesariplion of the gradical meibud with
the lincar phase shifl of Lyuation (V) is now described. The
cXtensivn o arbitrary phase shift and arbitrary pilot
seguence is straight furwand and iovolves modifving the
definition of F{Y) amd G(Y) given below 1o secommondate
the subearriers where there ane pilots symbuls and modify-
ing where the lime taps fur cach of the muliiple transmining
devices are Touned afier the 1T processing.

sEa70788 1 >
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The first siep is 1o detine 1he noisy channel estimate Kxi
vecior. H (b). as:

Hiloin 1th
Habrs where Mok, e %
Hak,In

Next we define Fly] 10 be the N-point IFFT of the KxI1
veclar y truncated to JL samples and scaked by Nisqri(K)
{for other linear phase shilis. the JL samples kept are the
ones that comespond 10 each of the J transmitling devices
time-domnain chanoels whose location afier the IFFT is
specified by the phase shift). Ao we define G({x] 10 be the
N-poini FFT of the JLx1 vector x truncated 10 K samples and
scaled by 1/sgri(K).

Fixed Step Sive and Steepest Descent Lincar Phase Shifl
Grudient Mctbod

L. 10, 8 =F{H.))

2.d,-8,-F|G[6,})

ﬂhl-afﬂ‘ldi
where a=1 (or any approprisie scalar) for fixed step
sizc gradicnt and for sieepest descent il equals:

u#’lf;
Ry

1 Gldl

A (=i+l. If 131, 1hen stop and hib)=Y,, ¢k go 10 2
Conjugate Linear Phase Shift Gradien Mcthod

1. 1=(), §,aF | H b))

2. gomF{G18,}] -6 dom-

R | ___Sf.:":
o L

b w FIGKE R

. Hul-"rﬂ"df
- B=F[G[8,]] -8,

. LT

[

7. d, e thid,

K. w141 I 11, then stop and h{b)=0,. ¢l po 10 3
This description can alko be implemenied in FIGS. 6 through
¥ providing the steps within the comesponding blocks af the
figures arc carried oul in accordance with the above descrip-
Lun.

The present invention may be embodied in other specific
forms without departing [rom its spirit or essential charac-
ristics. The descrited embadimenis are 10 be considered in
all respects only as illustraiive and not restriclive.

We claim: .

1. A method of operating a communication sysiem includ-
inp al Jeast one receiver comprising:

providing a plurality of pilot symbols;

receiviag pilot dala;

determining an initial time veciar as a function of the

received pilol data and pilot symbols;
detenmining an initial direction vector as a function of the
initial timy vector and the pilor symbols: and

delermining a first channel estlimale as 2 function of 1he
initia] direction vector, the initja time vecior, and an
initial sep size.




BNSDOCID <US,

US 6,647,078 Bl

17

2. The method of cleim 1 wherem the initial time vecior
is compuied uging Discrete Fouricr Teansform (DFT) pro-
cessing.
3. The method of claim 2 wherein the Discrelc Fourier
Transform (DFT) comprises a Fan Fourier Transform
(FFT).
4. The method of claim 1 further conmprising detcrmining
a second channel estimate as a fanction af s second direction
vector, the firdt channel cstimale and a second siep size.
5. The metbod of claim 1 furtber comprising determining
an initial gradienl vector from the initial direction vecior,
wherein the fird channel estimale is determined 2% a fone-
tion of the initial gradient vector.
6. A method of operating a communication system inchud-
ing a1 keast one receiver comprising:
providing a plurality of symbol estimates:
receiving a plurality of data symhols;
dhelermining ap initial time vector as a Function of the
received dala symbols and symbol enimates:

dutcrmining an initis] direction vector as a function af the
initial time vector, the symhol estimaies. and an initial
channe] estimate; and

dutermining a first channe] extimate ax a funclion of the

initial dircetion vector. the initial channe] estimate and »

an initial xiep size.

7- The method of claim & wherein 1he initial fime vector
is computed using Discrete Fourice Transform (DFT) pro-
oessing.

B. The methad of claim 6 whercin the Discrete Fourier
Transform (DFT) comprises a Fast Fourier Transform
(FF).

9, The method of claim 6 furtber comprising determining
a secord channel estimate 16 & funclica of & secnad direction
veutor, the first channel estimate and a3 second’sivp size.

10, The method of claim 6 wherein the initial ¢channel
estimale is cqual 10 a channe] estimate (rom a previous time,

11. The methed of determining channel estimation for a
pilat hlock beiween a transmitiing device and a receiving
devive comprixing:

a) initializing a channcl extimation device by sloring pilat

svmbalg;

b} receiving pilot data:

<) computing an initial lime vector as a function of a

received piled data hluck and pilot symbols:

d) iniializing an ficration number t In zero;

<) initlalizing a channel cximale (0 cqual the initiaf time

vecton

) vomputing a direction veeir hased on 1he initial time ¢

vextor, pilot symbols, and channe] estimate at ileration

L

) compuling a channe] estimaic al iteration 1+] hased op
the direction vector 8l ileration 1, a channcl estimaic o
ileration t. and a siep size al iteration L

h) incrementing ireration number by 1: and

i) if t is not equal 1o a preset number, then repeal sleps [)
through i): and

jyif 2 magniude squared of 1be direction vector is not less
than a predeiermined value, repeat sieps ) through j).

12, The methad of determining chaonel estimation for a

duta block between s 1ransmitting device and a receiving

devive comprising:
a) initializing a channel estimation device by determining
and storing symbol estimales:

15

18

b) receiviog data symbols:

<) computing an iniial lime vector as a function of a
received data symbols and symbol estimaies;

d) initializing an iteration number t ta 2ero;

¢) initinlizing a channel estimaie 10 equal a channel
eslimate from a previous lime;

f) computing a direction vector besed on a initial time
vector. pilol symbols, and channel estimate a1 iteration
L

g} vompuling a channel estimale al iteration 141 based on
the direction vectar at jteration |, a channe] cslimate at
fteration 1. and a stcp size a1 jleration t:

h) incrementing iterstion oumber by 1;

i) if t is not «qual 10 2 presel qumber. then repeat sieps f)
through i) and

§) il a magnilude squared of the direction vecior is not Jess
than a predetermined value, repeal Meps f) through j).

13. A receiver for 8 communication sysiem cnmprising:

means for receiving a plurality of pilad symbols;

means for recciving pilot data;

means for deiermining an initial time vecior ax a function
of the received pilot data and pilol symbols:

means for delermining an ioitial direction vecior s a
function of the initial 1ime vector and the pilol symbols:
and

mcans for determining a fist channel estimate as a
function of tbe initial direction wecior, the initial 1ime
vector. and an initial siep size.

14. The receiver of claim 13 wherein the initial lime

vector is compuicd using Discreie Fourier Transform (DFT)

ng.
15. The receiver of claim 13 wherein the Discreic Fourier

* Transform {DIT) comprises u Fast Fourier Tragsform

(FFT).

16. The receiver of claim 13 further comprising means for

determining » sccond channel estimate o5 & fFunclion of &
second direction vector, the first channel estimate and a

% second Siep size.

43

17. A receiver for 2 communication system comprising:

means for receiving a plurality of symbal estimates;

means for reeciving a plurality of data svmbals;

muans for delermining an initial 1ime vector as a function
of 1he received dala svmholy and symbul estimaics;

meams for delermining an initial direction vector as a
function of i initial time vwtar. the symbol estimates,
and an inilia] channel estimate; and

means for determining a fir channel eslimale as a
function of the initial direction vecior, the initial chan-
pel estimaie and an initisl sicp size.

I8. The recciver of claim 17 whercin the initial time

vecior is compuied using Discrele Fourier Transform (DFT)

53 processing.

19. The receiver of claim 17 wherein the Discrele Fourier

Transform (DFT) comprises a Fasi Fourier Transform
{FFT).

20. The receiver of claim 17 further comprising means for

W determining a sevond channel emimate as a funciion of a

ol

second direction vevior. the first channel estimaie and »
second step size.

21. The receiver of claim 17 wherein the initial channcl

eslimale i5 equal 1o a channel extimate [rom a previous lime.
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CHANNEL ESTIMATION METHOD BLENDING CORRELATION AND LEAST-
SQUARES BASED APPROACHES

Related Applications

The present application claims the benefit of
Provisional Application Serial No. 60/336,415 filed on

October 24, 2001.

Technical Field of the Invention

The present invention relates to a channel
estimator and, more particulariy, to a channel estimator
. that estimates the response of a channel through which

10 signals are received.

Background of the Invention

For communication systems utilizing a
periodically éransmitted training sequence, least-squares

15 algorithms or correlation algorithms have been the most
widely used alternatives for the estimation of the
channell The estimation of the chamnel may then be used
for various purposes such as initializing the values of
the taps of an equalizer at a receiver.

20 Both algo;ithms use a stored copy of the known
transmitted training sequence at the receiver. The
properties and length of the training sequence generally
depend on the particular standard specifications of the

communication system. In addition, a training sequence

BNEDDCED «WO______O30JEEIAZ I »
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is also used in a communication system for
synchronization to indicate the beginning and/or end of a
transmitted data frame or packet.

In general, a commnication system 10 that
utilizes an equalizer adjusted by use of the training
signal is shown in Figure 1 and includes an equalizer 12
and a channel estimator 14 of a receiver. The base-band
transmitted signal s(t) having a data rate of 1/T symbols

per second is represented by the following equation:

s(t) = ?I,q(t ~kT) (1)

where I,€ As(a,, -—,a,}cC’ is the transmitted training
sequence, which is a discrete M-ary ae't':l.-:.ence taking
values on the generally complex M-ary alphabet A, which
also constitutes a two dimensional modulation
constellation. The function g(t) as shown in a block 16
represents the pulse shaping performed by a transmitter
filter of finite support [-Tg/2., Tgq/2].

The overall complex pulse shape is denoted by

p(t) and is given by the following equation:

pt)=q()*q" (1) (2)

BNROOSID «WOL____ COMIBRMAL | »
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where g¢'(-t) shown in a block 18 is the receiver matched
filter finite impulse response. Although it is not
required, it is assumed, for the sake of simplifying the

3 notat:.ion, that the span, Tq, of the transmitter and
receiver filters is.a.n integer multiple of the symbol
period T; that is, T,=N,T,N,eZ".

The physical channel between tfxe transmitter L.

. and the receiver is denoted by c(1,7) and is shown by a

10 block 20, and throughout the discussion below the
concatenation of p(t) and the physical channel c¢(1,7) will

be denoted by h(t) and is defined by the following

equation:
15 h(r) = g(t)* c(1,7) *g" (-1) = p(1) * c(1.7) (3)

where h(t) is generally referred to as the channel
response. The physical channel c(f,7) between the
transmitter and the receiver is generally described by

20 the following impulse response:

L
c.t)= D, cr(DU-1y) T (4)
koK

BNEDCCID WO G30MBRAZ_I_>
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which describes a time-varying channel, where {g(n)}ccC',
-KsSksL, and ,te R. However, it is assumed that the
time-variation of the channel is slow enough that
c(t,7)=c(t) can be assumed to be a fixed (static) inter-
5 symbol interference (ISI) channel throughout the training
period; that ie, it is assumed that c;(f)=c,, which in
. turn implies that c(t) is defined by the following

equation:

L
10 ct)= Y 8@t -1;) (5)
k==K

for 0St1<NT, vhere N is the number of training symbols.
The summation indices K and I,, where K is the

number of anti-causal multi-path delays.and L is the

number of causal multi-path delays, are dependent on the
15 channel and are more fully explained below in the
discussion of correlation based channel estimation and

subsequently. The multi-path delays T, are not assumed

to be at integer multiples of the sampling period T.
Ir..ldeed, an accurate and robust way of recovering the

20 pulse shape back into the concatenated channel estimate
when the multi-path delays are not exactly at the

sampling instants is disclosed herein.
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Equations (3) and (5) can be combined according

to the following ecuation:

L
he) = pl)sc)= Y e, plt-1,) . (6)
km-K

Because both p(t) and c(t) are complex functions, the
overall channel impulse response h{t) is also complex.
Therefore, p(t), c(t), and h(t) can be written as
functions of their real and imaginary parts as given by

10 the following equations:

PQ)=p; )+ jpg () {(7)
c(r)=c, (1) + jeg(r) (8)
h() = by (t) + jho (1) (9)
15

Substituting equations (7)-(9) into equation (6) produces

the following equation:

h(t) = p(1)* c(t) = (p; (1) + jpo (1)) * (c; (1) + jeg (1))
20 =SP: (’)*Cz(f)—PQ(‘)*CQ(t)Z + jSPJ(f)‘CQ(‘)+ PQ(‘)"CJ(I))‘ (10)
Ry (1) hQ(1)
-5-
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The output matched filter 18 is denoted y(t) and is given

by the following equation:
y(r)=(ZI.8(:—kr)]~h(n+F(n (11)
k

where'\'f'(t) designates the complex noise process after the
matched filter. As in the case of equations (7)-(9),

-

y{t) can be written in terms of its real and imaginary
parts as Y(t)=y,(t)+ jy,(t). Sampling the output of the
10 matched filter 18 at the symbol rate using a sampler 22

produces the discrete-time representation of the overall

communication system according to the following equation:

yIn} = y(1) mar = ;uh[n-kwm : (12)
15
The transmitted symbols are composed of frames
{or packets) of length N', where the first N symbols are
the training symbols ax. Within a frame of length N, the
symbols may be denoted by the following eqguation:
20

1, = {a.. for0<ksN-1 (13)

dy, for NSn<N-1
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where the distinction of the first N symbols is made to

indicate that they are the known training symbols, and
where it is possible that the training symhols ay belong
to a subset of the M-ary consteliation alphabet A; that
is {s,€e AcAs{q,....0,)}. In fact, for the 8-VSB digital

television system, the signal alphabet is A={t],+3,t5,+7),

while the training sequence can only take binary values

within the subset KEI-S,+5). .
Figure 2 shows a least-squares channel
estimator 30 that has been used for the channel estimator

14 of Figure 1. 1In order to fully estimate the channel
defined by equation (6), the least-squares based channel
estimation algorithﬁ assumes that the starting point and
the ending point of the channel taps are either known or
can be bounded. This assumption plays a critical role in
the overall quality and robustness of the least-squares
estimation procedure. It can be equivalently assumed
that the impulse respoﬁses of the discrete-time
equivalent composite chamnel h[n) can be written as a
finite dimensional vector according to the following

equation:

h=[h[-Na] ,h[-Ny+1],~,h[~1],0[0],h[1], -, h[Ne-1),h[N1]T"

{14)
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where N, denotes the number of anti-causal tape of the
channel, N, denotes the number of causal taps of the

channel, and N,+N.+1 is the total memory of the channel.

5 Based on equation (12) and assuming that

N2N_+N_+1 where N again is the number of training

symbols, the output of the matched filter 18
corresponding to the known training symbeols can be -

written as follows:

10
yIN 1= h[‘NclaN,m, +---+h.[0]a~c +-+h{N lag +D[N_]
YN, +11=H-N,Jay_sn 4 +-+ M0lay_s +--+ BN Jay +DIN, +1]

VIN-1-N,]=h-Nlay; + -+ hOlayy-p, +--+HN lay_ sy, -y, +OIN-1- Na,
15

which can be compactly written according to the following

vector equation:
20 y=Ah+0 (15)
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where y comprises values extracted by a sample extractor
32 from the received signal and is defined according to

the following equation:

5 y=0JIN.1 YN, +1),... YIN-1-N, ]I (16)

where A is based on the training signal and is defined

according to the following equation:

aNg“'Na ﬂ~c+N¢_l ana ao
a a a
10 A=| Nelatt THetle : (n
Y a P -
an-1 ay-2 N-1=Ng=Ne }(N_Ng-N_)x(Ng+N 1)

and where V is defined according to the following

equation:
15 7 =[D[N,).0[N, +1),....5IN~1-N, 1" .

As long as the matrix A is a tall matrix and of full

column rank such that N22(N,+N_.)+1 and rank{A}=Ng+N.+1,

then the least-squares solution which minimizes the

20 objective function given by the following eguation

ENSDOCIT WO CODIEBUIAL | =
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J s () =y - Anj? (18)

exists and is unique and is given by the following

equation:

hs =(AHA) ATy (19)

-

where the superscript H denotes Hermitian transpose, and .

where ﬁL, is the least-squares estimation of the channel
10 Dbetween the transmitter and the receiver. Thus, in

accordance with equation (19), a matrix multiplier 34

multiplies the matrix y by a matrix A*, which is (A"A)'A”

and wﬁich is Btored in a memory 36. Thus, the matrix

multiplier produces the channel estimate ﬁL, according to
15 equation (19).

One of the problems associated with the least-
squares based chamnmel estimation is the uncertainty
associated with the actual chamnel spread; i.e., the
spread between the outermost multi-paths. That is, this

20 uncertainty arises because the channel memory and the
first and last channel taps are not actually known by the

receiver. Therefore, in order to set up equations (16)-

(19), some sort of preprocessing is needed, such as

-10-
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correlating the stored training symbols with the received
signal, or some pre-assumed starting and ending points
for the channel must be used such that the total channel
spread is not too long that would otherwise result in the
5 A matrix being a wide matrix rather than a tall one. ‘
Even if the starting and endiné points of the
actual channel spreaa are known by the receiver, least-
squares based channel estimators still have problems that - -
may be insurmountable. For example, least-squares
10 channel estimators cannot properly estimate the channel
from the training sequence if the channel sgpread is too
long for the training sequence to effectively support the
channel.
That is, if N < 2(Na+N:)+1, such that the number
15 of training symbols is insufficient to support, or [
create, an over-determined channel conveolution matrix A,
then there are two cases to consider.
First, if the full A matrix as given by [
equation (17) is used, the least-squares estimate of
20 equation (19) no longer exists. That is, the matrix afa
is singular.
Second, if the receiver does not attempt to

construct the full A matrix and instead constructs an

alternative thinner matrix A with N 22N, +N_)+1 such !

-11-
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15

20

that N, <N, and/or N, <N,, then the inverse of A*A will

exist but the new least-squares solution given by the

following equation:
hs =(AUR) A"y

will not be a very desirable estimate. That is, the
resulting channel estimate no longer resembles the actual
chaﬁnel, especially if the actual channel spread is much
longer that the training segquence can support.

An example is illustrated in Figures 3(a)-3(e).

A channel with delays 7.=[-105.32, -87.643, -45.443, 0,

12.22, 39.9, 203.659, 321.82, 435.12] with a complex’
raised cosine pulse shape of 41 samples {(a channel spread
of 580 symbols including the tails of the pulse shape)
was simulated. The real part of the channel impulsge
response seen at the output of the matched'filter is
shown in Figure 3(a). As shown in Figure 3(a), each peak
of the channel impulse response has a raised cosine pulse
shape. The training seguence is the same as in the 8 VSB
digital television standard and is of length N = 704
symbols. With 704 training symbols, a channel with a

maximum delay spread of only N, + No + 1 = 352 taps,

including the tails of the pulse sbape, can be supp rted.

-12-
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Thus, the actual channel has a much longer delay spread
than the standard least-squares based method can handle.
The least-squares channel estimate corresponding to cases

where the receiver constructs a smaller convolution

5 matrix A with ~N,=-125, N, =60, -N,=-125, N =120,

4
-N,=-125, N. =206, and —-N, =-125, N_=342 are shown in
Figure 3(b), Figure 3(c), Figure 3{d), and Figure 3(e),

respectively. The matrix A is non-singular for all cases _ -
. except Figure 3(e). As can be seen from Figure 3(b) to
10 Figure 3(d), as the assumed channel spread gets longer,

the estimated channel response increasingly deviates from

the original channel response. In Figure 3(e}, where A
is undetermined, the estimated channel no longer
resembles the original channel response. However, it may

15 be misleading to assume a very short channel spread in
order to obtain a cleaner channel estimate within the

. assumed channel span. In that case, it is 'very likely
that very significant early pre-cursor multi-paths or
late post-cursor multi-paths may be missing.

20 As indicated above, it is also known to apply
auto-correlation in estimating the channel. The sampled
received sequernce at the output of the matched filter is
denoted by y[n) and is given in equation (12), where the

pre-cursor symbols are at positions 7220 and post-cursor
-13 -
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symbols are at positions n<0. The known training
sequence is denoted by 8[n] =a, forn=0, . ., ., N-1.
The auto-correlation functions rg[m]and r,,(m] are defined

in accordance with the following egquations:

5
N-l
ryim]= Y s*[k)s[k + m) (20) .
k=0
N2
rylml= Y 5" [k]y(k + m] (21) -
E=
where {s{k]Je A}.
10 It is assumed that, in order to be able to use

correlation based chamnel estimation, the training

sequence must belong to a certain class of sequences and

thereby possess certain desirable properties. An

exemplary class of sequences is maximal length pseudo-
15 noise (PN) sequences. A PN-sequence of.length n is

denoted herein as PN,. In general, the periodic auto-
correlation of a binary valued ({+A, -A}) PN, sequence is

given by the following equatian:

Azn. if m=0,tn12n,...

2 (22)
-A*, otherwise

20 PN, [m] = {

-14-
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Figure 4 shows a correlation channel estimator
40 that can be used for the channel estimator 14 to
estimate the channel in order to initialize the equalizer
12. The correlation channel estimator 40 includes a
5 cross-correlator 42 that cross-correlates the received
signal with the training sequence stored in a memory 44
and a level thresholder 46 that sets to zero any

correlation coefficients that are below a predetermined

threshold. Accordingly, the correlation channel

10 estimator 40 preoduces a channel estimate .

More specifically, based on the auto-
correlation property of equation (22), the chénnel can be
estimated by cross-correlating s[n] (the training

sequence known and stored in the receiver) with the

15 received sequence y[n]. The initial pre-cursor impulse
response estimate ﬁ;pﬂ is determined from the cross-

. correlation of the training sequence s[n] stored in the “
receiver and the actual received symbols at lags from 0 !

to ~N+1 with respect to the start of the received
20 training sequence. That is, fl',[u] is given by the

following equation:

N-l
h,[n) =—l-—2.r'[k]y[k+n] forlags n =0,-1,...~N +1 {23)
r;[OIH

-15-.
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Similarly, the initial post-cursor response estimate fc[n]

ie determined from the cross-correlation of the training
sequence stored in the receiver and the actual received

5 symbols at lags from 1 to N-1 with respect to the start

P

of the received training sequence. That is, A[n] is

given by the following equation:

- N=1
h,[u]=-—l—zs[k]y'[k +n] forlagsn=12....N~-1 (24)
10 Far
10

where rya[0] in equations (23) and {(24) is defined

according to the following equation:

N-1 2
r;[0)= Zﬂ a,l
k=0

15
Equations (23) and (24) imply that the correlations
should be extended on either side by the length of the
training sequence in order to obta-in the longest poesible
channel estimate within the limits of the transmission
20 standard, with the assumption that N2X and N2L.
. With reaspect to the channel estimation

procedure given by equations (23) and (24). the overall

-16-
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initial estimated channel transfer function H(z) is given
by the Z-transform of the concatenated channel estimates

according to the following equation:

~ 0 N=i_
5 H)= Y hlkz™ + Y h k™
k=—N+l k=]
N-1_
= Yhkz™* (25)
kw=-N41

where the concatenated estimated channel impulse E[n] is

given by the following equation:

10
-~ h - <
filn] = !l-"[n], for~N+15n<0 (26)
h.nl, forl€sn<N-1
Equation (25) can be rewritten in accordance with the
following equation:
15
= 1 g-Hg -k
H, (0)=——A 27
u() r,[O] yz (27)
where A is a (N + N, + N:) by (N, + No + 1) Toeplitz
matrix with a first column [ap, a;, . . ., aga, 0, . . .,
20 0] and a first row -[ag, 0; . . ., 0]", and where y =
-17-
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[y(-Nal, . . ., Y[N + N. -1])7. In order to get rid of
the side lobes of the aperiodic autocorrelation, the
autocorrelation of the training sequence is determined

according to the following equation:

5
Rye =——A#K (28)
ALY
and then R,, can be inverted and applied to I?,(z)
according to the following equation:
10

H_(z)=RH,(2) (29)

However, the channel estimate ﬁ,(z) obtained by equation

(29) has the contributions due to uninown symbols prior
15 to and after the training sequence, as well as the
additive channel noise; only the side lobes due to the
aperiodic correlation is removed.
As discussed below, the correlations of

equations (23) and (24) will clearly yield peaks at
20 {Der"}, for k= -K, . . ., -1, 0, and at {Dfez"], for k

=1, . . ., L. These delays Df and Df are the sampling

instants closest to the locations £ the actual physical

.- 18-
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channel multi-path delays 7, for k = -K, . . ., -1, 0, 1,

.. L within a symbol interval.

As shown in Figure 4, there is a level
thresholding algorithm following right after the cross-
5 correlations such that the estimated channel taps are set
to zero if they are below a certain threshold. This

thregholding algorithm coperates in accordance with the

following equation:

0, if h[nl<e (30)

1 i; ={ .
0 set heln] { h [n), orherwise

for n=-N+1, . . ., -1, 0, 1, . . ., N~1, where the
subscript ¢ denotes that the corresponding function has

been cleansed of side lobes. &As a result, the estimated

15 transfer function !?,(z) after thresholding can, in

general, be written according to the following equation:

-~ — . - < - -
Hc(z)=ﬁrzni +---+;624'.Dg +E;z.nil + @y + &2 ! +a,z D3 +eet+ @y Z of
5 (B .7 of -f -0
=@o(Brz K ++ Pz +1+ayz ! +-dapz ) (31)

where a; =&;/dy for 1<i<L, and B, =B, /8, for 1Sks<K.

The notation of egquation (31) is adopted because, after

-19-
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thresholding, there are usually very few dominant taps.

Accordingly, the channel after correlation and

thresholding is sparse. Moreover, the peaks in the

channel estimate no longer have the pulse shapes of the
5 actual channel response.

In equation (31), the coefficients f,

correspond to the post-cursor (causal) part of the
correlation, and the ccoefficients &; correspond to the

pre-cursor {(anti-causal) part of the correlation. The

10 delays D are the anti-causal delays, and the delays Dy

are the causal delays. As a convention, it is assumed

that 1€Df <Dj <---< D[ and similarly that
1€Df <D§ <--:<Dg. Also, by the construction of the
channel estimates in equations (23) and (24), DY <N-1
15 and D{<N-1.
At this point, the causal part I:?u and the

anti-causal part I;'._. of the transfer function of equation
(31} can be defined in accordance with the following
equations:

" 20

A.(2) =&o(ﬁxzD§’ +ed ﬂzzng +ﬂ|zn" +1) (32)
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a -pt _ _
H () =dg(mz g +arZ DE +etay2 Di) (33)

such that H_(2)=H,()+H.(2). Again the first subscript

denotes whether the parf is anti-causal or causal, and

5 the second subscript denotes that the part has been
cleansed of the side lobes. The partition of equations
(32) and (33) enable the development of the appropriate
feed-forward filter initializations for a Decision .
Feedback Equalizer (DFE).

10 Unfortunately, if the PN training sequence is
finicte and the standard linear correlation is used, the
auto-correlation values corresponding to the non-zero
lags will not be constant and will not be as low as -A2.

As a simple illustration, a sequence composed of six PNs;;

15 appended back to back may be considered so that the
gequence is given by the following equation: |

Y =[PNy,, PNy, PNy, PNy, PNy, PNy, - (34)

20 Then, rglm], with x={ng11]T, will be given as shown in
Figure 5. A low correlation value of ~A° will be
obtained for lags that are not multiples of L= 511
corresponding to the intermediate PNs;; portions of the of

-21-
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the long sequence y. However, as illustrated in Figure

5, for the outermost lags, this constant and low
correlation value of -A° will not be obtained. Instead,

these correlation tails are noise like due to the
finiteness of the training seguence. That is, the stored
training sequence is correlated not only with the
training sequence in the received signal but also with
random data symbols and reserved symbols.

The training sequence that is used for digital

television is given by the following equation:
§ =[ss,PNy;,, PNgy, 2 PNgg, PNg YT

where g8 = [+5 -5 ~5 +5] represents the four segment sync
symbols at the beginning of the frame sync segment.

There are also reserved frame bits and data bits right
before and after the training sequence §.

In summary, the correlations of the received
signal with the stored training sequence wi}l be noisy
because the PN sequences are finite in length so that
they will not achieve the desired low correlation values
for non-zero lags, and because the span of the cross-
correlation includes the known training sequence as well

as random data symbols and reserved symbgls.

-22-
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Because of these reasons, the initial estimate
of the channel that is acquired from the correlation of
the matched filter output with the stored training
sequence will not yield a clean and accurate channel

5 estimate. Accordingly, even if the channel tap estimates

ﬁhﬂﬁh} are Bcaled properly, they will not be very close
to the actual channel tap values {cyp(0)} due to the

reasons given above as well as due to the fact that there ;
may also be tap values in the tails of the adjacent

10 multi-paths. Hence, both the amplitudes and phasea of
the estimated tap values may be incorrect.

Moreover, after the thresholding takes place,
the most likely result is that the thresholded
correlation will include only the peaks of the channel

15 taps, which implies that the tails of the raised cosine
pulse shape that are under the noisy correlation output
may be eliminated entirely. This elimination of the
tails may lead to critical performance loss in the
initialization of the equalizer 12 and a slower

20 convergence onto the correct tap values for the equalizer
12 after initializationl

The present invention mitigates the problems of
the least-scquares channel estimators and the correlation

channel estimators providing a channel estimator that is

~23.-
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a blend of a least-squares channel estimator and a

correlation channel estimator.

Summary of the Invention

A

In accordance with one aspect of the present
invention, a method for detemmining a channel response
comprises the following: determining a matrix I' based on
a correlation of a received signal and a known training
sEequence; extracting a vector y from a received signal;
10 and, estimating the channel response from a least-squares

golution based on the matrix I, the vector y, and a
matrix A formed from the elements of the known training
sequence.
In accordance with another aspect of the
15 present invention, a method for determining a channel
response comprises the following: determining a matrix I’
based on a correlation of a received signal and a known

training sequence; extracting a vector y from a received
signal; determining an unknown coefficient vector ¥.s

20 according to the following equation:

yis =CPAZAT) TR ARy

OI0MNEIAE 1 »
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wherein the unknown coefficient vector y,;¢ comprises a

least-aquares solution of the following equation:

y=Al'y +v
5
and wherein A comprises a matrix based on the training
sequence; and, determining a channel response according
to the following equation:
10 Foew =T¥1s -

In accordance with still another aspect of the
present invention, a method for determining a channel
response comprises the following: correlating a received
signal with a training sequence; constructing a matrix T

15 by approximating a desired pulse shape for each peak of
the correlation; constructing a matrix A based on the
training sequence; solving a least-squares solution of
the following equation in order to derive an unknown

coefficient vector y:

20

y=ATY
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vherein y is a vector representing a received signal;
and, determining the channel response from the unknown

coefficient vector y and the matrix I.

5 Brief Description of the Drawings

These and other features and aﬁvantagea will
become more apparent from a detailed consideration of the
invention when taken in conjunction with the drawings in
which:

10 Figure 1 illustrates a generalized system whose
equalizer is initialized by a channel estimator;

Figure 2 illustrates a least-sguares channel
estimator that has been used for the channel estimator of
Figure 1;

15 Figures 3(a)-3(e) illustrate an exemplary
simulation useful in explaining problems associated with
the least-squares channel estimator of Figure 2;

FPigure 4 illustrates a correlation channel

estimator that has been used for the channel estimator of
20 Figure 1;

Figure 5 illustrates an exemplary sirmulation

useful in explaining problems associated with the

correlation channel estimator of Figure 4; and,

-26 -
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Figure 6 illustrates a channel estimator
according to an embodiment of the present invention that
is a blend of a least-squares channel estimator and a

correlation channel estimator.

Detailed Description

Figure 6 illustrates a blended channel
estimator 50 having a sample extractor 52, a matrix
multiplier 54, a training sequencé memory 56 that stores -
10 a training sequence, a cross-correlator 58, a level
thresholder 60, a combiner uqit 62, a multiplier 64, and
a tap weight initializer 66. The sample extractor 52

extracts values y from the output of a receiver’s matched

filter, and the matrix multiplier 54 multiplies the

15 extracted values y by a matrix Q{Ff. where the matrix

(AFY is calculated by the combining unit 62 in the manner
described below. The cross-correlator 58 cross-
correlates the received signal with the stored training
sequence stored in the memory 56 and the resulting CIOES-

20 correlation is thresholded by the level thresholder 60 so
that the combining unit 62 can construct the matrix (AFP
from the output of the lével thresholdewr 60 and the

training sequence stored in the memory 56.

-27-
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Thus, the blended estimation procedure
illustrated by Pigure 6 starts from the exact same steps
of the correlation based estimation as outlined by
equations (23) and (24), and then the thresholding step

5 is performed on the channel estimate as indicated by
equation (27) in order to clean up the noise in the

channel estimate. These steps produce the cleaned
channel estimate I?c(z) shown in Equation (31). 1In

equation (31), the value 1 denotes the main signal and
10 the other values in equation (2) denote multi-paths.
Equivalently, the cleaned channel impulse response

estimate can be represented as shown in the following

equation:
15 Eg =&0[ﬁx' 0'"'r01 ﬂx-lu'"lﬁ]o 0.'"|°| 0-""0I all"'naL—ll 0|'"|°: al_].
D% ~Df_y-1 2ero Dff -1 o¢ros Df ~1 zeros Df -Df 41 zeros

{35)

where the zeros represent the spaces between the peaks.
20 The structure and notation of eguations (31) and (35) are
important to the derivation of the algorithm below.
As indicated above, the pulse shape p(t} is
convolved by the physical channel c{t) according to’

equation (6). As also indicated above, this pulse shape
-28 -
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is lost due to the correlation and thresholding process.
Therefore, it is desirable to recover this pulse shape

for each of the multi-paths. Accordingly, the shifted

and scaled copies of the pulse shape p(t) (shifted by T;

5 and scaled by ¢;) may be approximated by a linear
combination of three pulse shape functions shifted by
half a symbol interval (T/2). This linear combination is

given by the following equation: -

[ 1
Yy y,‘”p([uw: -%)r] -Ksks-1
o]
10 ctp(nT—r,)-q (36}
}
Yr® (u-bf—-'-)r 1SkSL
=—] 2

where M*’.KSI:SLL_I cC!. fThe last part of eguation (36)

contains an approximation of the pulse shape of the
transmitter/receiver filter combination. By meking this

15 approximation, the tails of the complex pulse shape p(t)
can be efficiently recovered even though these tails are
buried under the noisy output of the correlation
processing and are lost when uniform thresholding is
applied.

20 To arrive at this approximation, three vectors

pPx are introduced for k=-1, 0, +1, each containing T

-29.
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spaced samples of the complex pulse shape p(t) shifted by
kT/2 (for k = -1, 0, +1) according to the following three

equations:

s paefen o Dfr DAL D) 2]

po = [pC- N T} p-T), pO) p(T ), (N, TF (38)
oo AT BB ] o

By concatenating these vectors, a (2Ng+l) x 3 matrix P is

10 defined according to the following eguation:

P=b—1ipo-91] {40)

This vector represents shifted and sampled values of a
15 raised cosine pulse.

A matrix I' whose columns are composed of the

shifted vectors px, where the shifts represent the

relative delays of the multi-paths. This matrix I' is
given by the following equation:

20

-30-
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P ecnﬁ- %1053
ecnﬁmf_)xs enﬁ;s
Ir'= e( Df+Df_;)x3 P a( oR+Df_)x3
eDf.ﬂ P Btnﬁwf_)xa
I B(Df" L1273 P ]

(41)

where I' is of dimension (D} +DE+2Nq+l)by 3(K+L+1)

~a

5 dependent on the channel spread, and On., denotes an m by

n zero matrix such as a D§ -Dg_, by 3 matrix of zeros.
The received signal vector ¥ and the training sequence
vector A are defined by equations (16) and (17},

respectively. Because of the assumption that q(t) spans

10 N, symbol durations, g[n] has Ny + 1 sample points and
pln] in turn has 2N; + 1 semples. Therefore, N,=Dy+N,
and N.=Dj+N,.

An unknown vector ¥ 'is defined in accordance

. with the following equation:

" 15

y=f0 .. yO . y0F (42)

-31-
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where 'ym= _(_']‘),y'g*),y,ml for -K<k<L. The unknown vect r

Y has coefficients ﬁ':f where n = -1, 0, 1, and where k =

-k, . . .. 0, . . ., L and has a length of 3 (K+L+1).

Similarly to equation (15), the vector y representing the
5 output of the receiver’s matched filter may be given by

the following equation:
y =Aly +v (43)

10 where v is the observed noise vector. Using a least-

squares solution, the unknown coefficient vector ¥ can be

estimated in accordance with the fol;owing egquation:

75 =CHAP AT T A"y = (ar)y (44)
15

Once the least-squares estimated vector y,, is obtained,

the new channel estimate l;m, where the pulse tails are
recovered, can simply be ‘obtained in accordance with the

following equation:

By =T?1s (45)

-32.
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The multiplier 64 multiplies ¥, from the matrix

multiplier 54 by I' according to equation (45) in order to

produce h,, . Equations (44) and (45) may be solved using

eicther a singular value decomposition (SVD) method, by a
5 conjugate gradient (CG) method, or by any other suitable
method. .
Once the new estimated channel vector is
determined per equation (45), the reconstructed vector at. -

the output of the receiver matched filter can be defined,

10 based on i;., according to the following equation:

¥ = Altpew (46)
V=AY (47)
~ 1
§=AT{CHARAr) ' THARy (48)
15
The variance of the noise samples at the output of the
receiver’s matched filter, 03, can be estimated based on
the following equation:
1 2
20 62 = - : (49)
’ N-D;;-Nf_F d
-33-
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which arises naturally. The length of the vector Y is

N-Dy -Dj .
The tap weight initializer 66 may then

initialize the tap weights of the taps of the equalizer

5 12 using the channel estimate ﬁuw and the noise variance

4} in a manner that is known in the art.

When the p¥esent invention is used éé
initialize the tapa weights of the taps of an equalizer,
the noise variance given by equation (49) and the new

10 channel response given by equation (45) can be combined
in any known way so as to produce the initial tap weights
for the taps of the equalizer. Alternatively, instead of
combining the noise variance given by equation (49) and
the new channel response given by equatiqp (45), a small

15 non-zerc value noise variance may be assumed and this
assumed value may be combined with the new channel
response given by equation (45) so0 as to produce the
initial tap weights for the taps of the egualizer.

Modifications of the present invention will

20 occur to those practicing in the art of the present
invention. For example, the present invention as
described above relies on the use of a training signal.
However, other signals, such as data signals, can be used

to implement the present invention. Also, although the

-34.-
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10

invention is specifically shown for use in initializing

the taps of an equalizer, the channel estimate produced

in accordance with the present invention can be used for
other purposes.

Accordingly, the description of the present
invention is to be construed as illustrative only and is
for the purpose of teaching those skilled in the art the
best mode of carryving out the invention. The details may
be varied substantially without departing from the spirit'ﬂ
of the invention, and the exclusive use of all
modifications which are within the scope of the appended

claims is reserved.

-35-
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We claim:

1 1. A method for determining a channel

1J

response comprising:
3 determining a matrix I based on a correlatien

4 of a received Bsignal and a known training sequence;

5 extracting a vector y from a received signal;
6 and,
7 estimating the channel response from a least-

8 squares solution based on the matrix I', the vector ¥, and
9 a matrix A formed from the elements of the known training

10 sequence.

1 2. The method of claim 1 wherein the chamnnel

to

response has a pulse shape, and wherein the matrix I' is
3 constructed so as to approximate the pulse shape of the

4 channel response.

-36-
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1 3. The method of claim 2 wherein the matrix I'

[ L&)

comprises three sets of samples derived from the pulse
3 shape, wherein the samples have a period T, wherein the
4 first set comprises the pulse shape samples shifted by
5 +7/2, wherein the second set comprises the pulse shape
6 samples not shifted, and wherein the third set comprises

7 the pulse shape samples shifted by -T/2.

1 4. The method of claim 3 wherein the pulse

(34}

shape from which the samples are derived comprises a

3 complex raised cosine pulse shape.

1 5. The method of claim 1 wherein the matrix T
2 is constructed with a number of zeros dependent on

3 distances between peaks of the correlation.

1 6. The method of claim 5 wherein the channel
2 response has a pulse shape, and wherein the matrix I' is
3 constructed so as to approximate the pulse shape of the

4 channel response.

-37-
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1 7. The method of claim 6 wherein the matrix T
2 comprises three sets of samples derived from the pulse

3 shape, wherein the samples have a period T, wherein the

4 first set comprises the pulse shape samples shifted by

+T/2, wherein the second set comprises the pulse shape

Lh

6 samples not shifted, and wherein the third set comprises

7 the pulse shape samples shifted by -T/2.

1 8. The method of claim 7 wherein the pulse
2 shape from which the samples are derived comprises a

3 complex raised cosine pulse shape.

1 9. The method of claim 1 wherein the least-
2 squares solution is solved using a singular value

3 decorposition method.

1 10. The method of claim 1 wherein the least-

2

squares solution is solved using a conjugate gradient

3 method.

1 11. The method of claim 1 further comprising
2 determining initial tap weights for an equalizer based on

3 the channel response.

-38-
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1 _ 12. The method of c¢laim 11 further comprising

(i

determining the initial tap weights for the equalizer

3 Dbased on the channel response and a noise variance a‘}

4 given by the following equation:

5

6 63: 1 “v—ynz
N-D& - NE"

7

8 wherein D denotes distance between peaks of the

9 correlation, wherein the superscript a denotes a distance
10 of a corresponding anti-causal peak, wherein the

11 superscript c denotes a distance of a corresponding

12 causal peak, wherein K denotes the number of anti-causal
13 peaks, wherein L denotes the number of causal peaks,

14 wherein N denotes a number of training symbols in the

15 training sequence, and wherein ¥ is based on the vector

16 v.

-39.
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1 13. A method for determining a channei

2 response comprising:

3 determining a matrix I based on a correlation
4 of a received signal and a known training sequence;

5 extracting a vector ¥ from a received signal;
6 determining an unknown coefficient vector ¥

7 according to the following equation:

9 Yis = (I-HAH-AP)‘II.-HAHy

10

11 wherein the unknown coefficient vector ¥;; comprises a
12 least-sguares solution of the following equation:

13

14 y=Al'v+v

15

6 and wherein A comprises a matrix based on the training

17 sequence; and,

18 determining a channel response according to the

19 following equation:

21 huew =T7 15 -
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1 14. The method of c¢laim 13 wherein the channel
2 response has a pulse shape, and wherein the matrix I' is
3 constructed so as to approximate the pulse shape of the

4 channel response.

1 15. The method of claim 14 wherein the matrix
2 T comprises three sets of samples p_;, Pg, and p,; derived
3 from the pulse shape, where.in the samples have a period
. 4 T, wherein the first set p_; comprises the pulse shape

5 Bamples shifted by +T/2, wherein the second set pg

6 comprises the pulse shape samples not shifted, and

7 wherein the third set p,; comprises the pulse shape

8 samples shifted by -T/2.

1 16. The method of claim 15 wherxein the pulse

2

shape comprises a complex raised cosine pulse shape.

1 17. The method of claim 15 wherein the matrix

(8]

I' comprises an approximated pulse shape P formed by

3 concatenating p.i., Py, and D41

-41-

BNSDCCID «<WO_ COCMERE1AD | o

A



WO 03/036891 . . PCTNUS02/34112

1 18. The method of claim 17 wherein the matrix

2 T ig given by the following equation:

3
P e“’i’(""l‘r-l"’
a(DE-er_):S P b enla("a
4 = etnfm;_, )s3 P e"’ﬂ*"f—l"’ ]
T
i e‘“f“’f.—t"’ i
5 -

6 wherein the zero matrices are dependent on distances D

7 between peaks of the correlation, wherein the superscript

8 a denotes a distance of a corresponding anti-causal peak,

9 wherein the superscript ¢ denotes a distance of a

10 corresponding causal peak, wherein X denotes the number .

11 of anti-causal peaks, and wherein L denotes the number of

12 causal peaks.

1 19. The method of claim 18 wherein the pulse

2 shape comprises a complex raised cosine pulse shape.

-42-
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i 20. The method of claim 13 wherein the matrix

2 A is given by the following equation:

3
AN ANy  ONNg-l ™ 4o
. Am GN,,\:N.H a”c:"'"u %
ay_y aN-2 7" @N-~Ng-N, (N=Ng—Ng)x(Ng+N+1)
b

6 wherein a; comprise training symbols, wherein N comprises. -
7 the number of t;.raining symbols, wherein N, comprises the

8§ number of anti-causal peaks in the correlation, and

9 wherein N. comprises the number of causal peaks in the

10 correlation.

| 21, The method of claim 20 wherein the channel

N

response has a pulse shape, and wherein the matrix I’ is
3 constructed so as to approximate the pulse shape of the

4 channel response.

-43-

BNBDOCID «<WO__ 0303360142 |, »




WO 03036891 . . PCT/US02/34112

1 22. The method of claim 21 wherein the matrix

I' comprises three sets of samples p_;, py, and p,; derived

2

3 from the pulse shape, wherein the samples have a period
4 T, wherein the first set p.; comprises the pulse shape
5 samples shifted by +T/2, wherein the second set pg

6 comprises the pulse shape samples not shifted, and

7 wherein the third set p,; comprises the pulse shape

8§ samples shifted by -T/2.

1 23. The method of claim 22 wherein the pulse

2 shape comprises a complex raised cosine pulse shape.

1 24. The method of claim 22 wherein the matrix

2 T comprises an approximated pulse shape P formed by

3 concatenating p.;, pPo, and p,3.

1 25. The method of claim 24 wherein the matrix

2 T is given by the following equation:

3
B -
P e
) B R
(B+DE)23 "D
4 r= e(nf+Df:_lm P G(D§+D‘L_l)zs
D3 P 8 8ot
| a(Df-D‘H)xB P ]
-44 -
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6 wherein the zero matrices are dependent on distances D

7 between peaks of the correlation, wherein the superscript
§ a denotes a distance of a corresponding anti-causal peak,
9 wherein the superscript c denotes a distance of a

10 corresponding causal peak, wherein K denotes the number
11 of anti-causal peaks, and wherein L denotes the number of

12 causal peaks.

1 26. The method of claim 25 wherein the pulse

(38 ]

shape comprises a complex raised cosine pulse shape.

1 27. The method of claim 13 further comprising

2 solving the equation for the unknown coefficient vector

3 A, using a singular value decomposition method.

1 28. The method of claim 13 further comprising

[ %]

solving the equation for the unknown coefficient vector

3 A, using a conjugate gradient method.

1 29. The method of c¢laim 13 further compriesing
2 determining initial tap weights for an equalizer based on

3 the channel response..

-45.-
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1 30. The method of claim 13 further comprising

2 determining the initial tap weights for the equalizer

3 Dbased on the channel response &uw and a noise variance

4 a& given by the following equation:

5

6 Y JR S— Y
N-Dg -N§

7

8 wherein D denotes distance between peaks of the

9 correlation, wherein the superscript a denotes a distance
10 of a corresponding ;nti—causal peak, wherein the

11 superscript c¢ denotes a distance of a corresponding

12 causal peak, wherein K denotes the number of anti-causal
13 .peaks, wherein L denotes the number of causal peaks,

14 wherein N denotes a number of training symbols in the

15 training sequence, and wherein ¥ is based on the vector

16 ¥.
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1 , 31. A method for determining a channel
2 response comprising:

3 correlating a received signal with a training
4 sequence;

5 constructing a matrix I' by approximating a

6 desired pulse shape for each peak of the correlation;

7 . constructing a matrix A based on the training
8 sequence;

9 " solving a least-squares solution of the

10 following equation in order to derive an unknown

11 coefficient vector ¥:

13 : y=Aly
14
15. wherein ¥y is a vector representing a received signal;

16 and,
17 determining the channel respbnse from the

18 unknown coefficient vector y and the matrix T.

-47-

BNSDOCID <WO_____ 0303885142 ) >




BNSDOCID «WO |

WO 03/036891 . . PCT/US02/34112

32. The method of claim 31 wherein the matrix

2 T is based on three sets of samples derived from the

3 desired pulse shape, wherein the samples have a peried T,
4 wherein the first set comprises the pulse shape samples

5 shifted by +T/2, wherein the second set comprises the

6§ pulse shape samples not shifted, and wherei‘n-the third

7 set comprises the pulse shape samples shifted by -T/2.

1 33. The method of claim 32 wherein the desir d
2 pulse shape comprises a complex raised cosine pulse

3 shape.

1 34. The method of claim 31 wherein the matrix
2 T is constructed with a number of zeros dependent on

3 distances between peaks of the correlation.

1 35. The method of claim 31 wherein the

2 determining of the chamnel response from the unknown

3 coefficient vector y and the matrix I' comprises

4 multiplying the matrix I' by the unknown coefficient

5 wvector ¥y.

-48 -
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2

36. The method of claim 31 wherein the desired
pulse shape comprises a complex raised cosine pulse

shape.

37. The method of claim 31 wherein the solving
of the least-squares solution comprises solving the
least-squares solution using a singular wvalue

decomposition method.

38. The method of claim 31 wherein the solving
of the least-squares solution comprises solving the

least-squares solution using a conjugate gradient method.
39. The method of claim 31 further comprising

adjusting the tap weights of the taps of the egualizer

based on the channel response.

-49 .
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1 40. The method of claim 31 further comprising

2 determining the initial tap weights for the equalizer
3 based on the channel response and a noise variance 0

4 given by the following equation:

5

6 53=;|-y-_y|2
N-DZ—N¢

7

8 wherein D denotes distance between peaks of the

9 correlation, wherein the supefscribt a denotes a distance
10 of a corresponding anti-causal peak, wherein the

11 superscript c denctes a distance of a corresponding

12 causal peak, wherein K denotes the number of anti-causal
13 peaks, wherein L denotes the number of causal peaks,

14 wherein N denotes a2 number of training symbols in the

15 training sequence, and wherein ¥ is based on the vector

16 vy.
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ACCURATE AND EFFICIENT SOLUTION OF HANKEL MATRIX SYSTEMS
BY FFT AND THE CONJUCATE GRADLENT METRODS

Tapsn K. Sarkar
Xiapu Yang

XP-000758077

ABSTRACT

Hankel natrix systems often arise in many
problexa of signal analysis. Toaplirz matrix
systens is a spacial case of a Hankel matrix equa-
tions. Both tha auto-correlation and tha coveriance
oatrix squacions are different forms aof ctha Hankeal
matrix squacions. Tranch has developed a diract
method that can solve Hankel matrix squasions in
8(8°) operations. In this papar, vs proposs an
alternate algorithm. This new machod is a combin~
acion of cthe FFT and the conjugate gradiant methad.
The advantage of this nev appreach is that it is
compucationally robust ta highly ill-conditioned
and even singular matrix equstions. Preliminary
resulcs indicated that for very large coaplex
Toeplitz marrix equactions, the CPU time is propor-
tional toe ¥ as the nuabar of unknowns as increased,
a8 oppossd to ¥° far convenrional mechods.

1. INTRODLCTION

The objeccive of this paper 13 to present & .
computacionally efficienz and accurate aathod for
the solution of Hankel macrix equaciens. The Hankel
matrix equitions arise in many arsas of digital
signal processing. Boch che covariance and auto~
correlation marrix equacions are special cases of
Rankel matrix wguations. The auto correlacion
macrix is also known as a Toeplitz pacrix.

for tha problem of interest, ler us consider
8 dats sequence [xj. *;3 23 xqi..0ix, o oyl ot

lengeh M#N. 1In eany digital signal processing

_ applicacions, it is required either to make a
rational funcrion approxi=ation of the saguence, or
Lo maxa an all-pole model to flt the daga, or ser-
haps to adaptively find the spactral componant in
the data. If ve choose a filter wich coafficiants
{viw, : Waj... Wy} then fc is well inovn thar the
follawing matrix equacion has to ba satisfied by
the filter coefficiencs.

82 e I.“ 7 I-;f....-
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Symbolically, we can vrite the above aquation

Depaccment of Elscrrical Engineering
Syracusa Universicy
Syracuse, Nawv York 1)244-1240
Phane: (313)421-1775

ro. Y -3SA _
38 (838 &

plARED DL

[x*1 {u'} = fo} (1)

vhere [X'] is che wall known Nankel matriz. When
M >N, cthare sre sevaral vays to solve ths satrix
equation {2) so that one obtains a nentrivial zolu-
tion for (W].

Ona wvay to solve (2) would ba to set ona of
coeflicients Wy e#qual to unity and chen cransfer
thac column § of che macrix {X'] to the right hand
side ylelding a rectangular matriz equarian. Let
us choose for our applicacion Wy = 1. Thea (2)
bacomes .

(5 n ey ] Pﬁ-l F“.: 7
o T S O e e
. . . 1. F}. 5}
M T ot Mwex-2f | Yo -1
and in 3 compact form.
[X] (W] = {¥} (&)

A possible vay to selva (i) then will bs to awulti-
ply both sides by {X]*, vhare * denotes tha conju-
gate franaposa of the macrix [X]. yielding -

(3* (x1 %1 = ix)°[y) ts)

Since le. {X] is a positive defnita_satrix and

(5) can ha solved 1n approxisately bt operations by
ucilizing, for esiaple. Cholasky iuélmpn:l:ton. The

operation count = daes not inc}udn the -uz:!pll—
cacions recessary to co=pute {X} [X) and [X'] [Y].

The above saolution procedure have the fallow-
ing probleas:

L]

E1] f%) 1%)] 1e a highly ill-condicianed macrix and
can even be singular. Undar chesa circum-
stitncas a Cholesky decomnusicion cay not work.
This is because truncatlon and round-off arror
pranacates in the deco=positian procedure 334~
ing the rosults useless. It Le also vell snowm
that Hankel matrix equatians are notoriausly
ill~condirioned {1}. For enample. Taylar [}
has showm that the condition number of 3 Hankal
RacTix I8 given by cthe folloviag boumnd
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In cthis case, Iﬁ.l. (R ] is reduced at each itera-
tion huwever, the ervol in the aplution may not
Jduirease monotonically.

The advantages of the two methods are oow
appatent, nasely

1) In solution of {5) wve have never gmpli-
citly formed [X]*{X], even chough (5) is beaing
actually solved. Hanca, wa ara desling with the
newv data and not the processed data.

11) Since ve have not formed [X]* (X]; w
operations have never been dona. What we needed
howvever is 2 macrix sultiplications per iceration
i.e. 252 operacrions. The solytion procedura would
be efficient if the numbar of itarations required

is less than I . Howvever it has bean our exper-
ience that convergence ia cbtained typically in

% or less icerations.

141) The two macthods still work even wvhen
[X])*[X] is exaccly singular, in chat case one
obtains the minisum nore golution. The rate of
convergenca in that casa is still at least 1/N.

Meny suthors [4-8] have spplied the conjugace
gradient merhod to signal processing problems.
Relerence (8] has a large nuaber of veferances.

IMPROVED EFFICLENCY IN COMPUTATION THROUGH
THE INTRODUCTION OF FFT

In looking at the expressions (7) - (1]}) and
(14) = (20) of the conjugate gradient methods,
it 1s seen that most ¢of the computation tinme 1s
used in the evaluationm of (X1[P] and [XI*[R].
These are two matrix products that are required
per iteration. The rest of the computacions are
sizply scalar products. Therefore each of the two
matrix eultiplications require N2 operations. We
propose to winipize the opsration count of the

watrix product frem K2 to approximately 2(MeX-1)s
log (M+N-1) operations by employing FFT.

Ue aobserve that the Hankel =atrix has & cer-
tain specific structure. Therefore the macrix
product [X]-[P]

5 ¥ K| |K (1)
ixjiel =

X ¥yox Pol a1

Xy % X

x x _
h.‘ 5 EJ Ix)
can be ravritten as the convolution of two
sequences {a) and (b} . Where

42.12.3
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Tad = {20 %5 %3 HERENER @2)

{} = {pg: Pyi Pyi 05 0; 0; 0} 23)

The result of the matrix product i{s embedded in
the convolution of the tvo sequences ia} and {b}),
This ia clear as one observes the 3Jrd, &th, 5th,
&th and 7th elemants of the convolution of {a)amd
{b}. ®e nov that convelurion can be efficiently
carried out by FFT. So if we perfora the FFT of
the sequances {a} and (b} snd mulciply them and
:h;n take the inverse FFT, to cbtain the sequence
c} an

{a} = rrr {2}
{a} = rer (B}

{e} = {a) & {8} = (FPDY"'QEPT(R)-FFIOD)}
@)

then the desired result is the 1rd to the 7th
alemunts of {e}. So tha toral eperatien counts
are:

H =N for maerix product } (25)
2(+N=-1} log (MtN-1) using FFT

If (M#N-1) is not a nunber thar is divided by 2,
then zerp padding could be dons Co make & number
divisible by 2. So the appiication of the FFT
bacomes aora efficient as che matrix size increases.
It is interesting to point out that there is no
need to store the matrix [X]. All one needs to da
is store cha (MX-1)} eleaents of {X] in an ona di-
nenaional array. The FFT eleaents of {X] are re-
placed by the transforned sequunce. Thorefore one
neads to take only one Fourier transiorm in the
above discussions instead of twe.

We also need to coopute [X]*[R] at esch iter-
ation. Again this matrix product can also be per-
formed through the utilization of FFT. Also one
could utilize che FFT of the seyuvence of clecants
in [X) chat are already stored in the array.

Therefore, it is clear that at each Iteration
one needs to take anly & FFT's rather than pe:~
forming N multiplications.

There i3 also a saving from storage polnt of
view., Instead of requiring the storage of M4
slements of matrix [X} one needs to stors only
(HN-1) elements and & ather auxiliarlv veccars as

raquired by tha conjugate gradient nethoe.
This concepe of utilizing FFT to evaluate =acrix
producta has also been used before {3, 9, 10].

&. XNUMERICAL RESULTIS

A sample result of nuaber of unknowns acainst
the CPL time i{s presented in flgure 1. For this
figute ve consider the solution of 3 complex

1837 \%S



Bermitian. This type of matrices aften srise in
electronagoetic signal datection problems. The

CPU cima agsinsc the oumber of unkaowns is pre-
sented in figure 1 to abrain &l accuracy in the
solution. It is seen that as the number of un~
knowns are increased from 100 co 900 (cowplex vec-
tors) the tizs increased only linmarly as
opposed to N* for the conventional methoda. It ia
isportant to point out that tha couventional mecthods
aay be quite tompetitive, typically for N < 30 co

50 ynkmowns. g E_F E R_l N C_E§_
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CHANNEL EQUALIZATION WITH ADAPTIVE FILTERING AND THE
PRE-CONDITIONED CONJUGATE GRADIENT ALGORITHM
Robert A. Soni' W. Kenneth Jenkins'
Coordinated Science Laboratory
Department of Electrical and Computer Engineering
University of lllinois at Urbana-Champaign
Urbana, lllinois, 61801, USA
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ABSTRACT If the ﬂf:ll di{n) is u::l;uwol’:. ol:'. ol.l:orlsynem llmlm'i'onl
prevent the re-trausmission of the training soquence, then,
by S:)m_munuiulgn sy:ﬂgepc;fornllnneidiz.?!un ::.F.f:: vqualisstion of the chaonel via an adaptive filter may be
by the imperiecions of the chasuel, Additive noley v L e by opiining & sghtly difren shlesive Tane
iamimicion, Use o dipive squalaas 1o compenste L, T sy communication wpem, some prepersy
for Lhese imperfections can significantly improve the perfor- ceiver, particularly tho moduhs or amplitude. Jn that
mﬁﬁ%“‘;g‘::;'or :;;ghl{l-m:r:l:“w: ::::;d cave, the adaptation algorithm attempts to minimize the
T QUETEES, Convergen q y difference between the output of the adaptive filter, y(n) =
limiting factor. Thiz paper presents a novel scheme em- T P
loying the use of the conditioned conjugate gradient W (n}X(n) and the known modulus. 1n this situation, the
poyes Lo i - function of th ¢ modalus algarith
alparithm for channd cqualization. Simulation examples periarmance function I8 consiant madalus algarithm
arc presented for channel equalization prohlems comparing (CMA) is
performance of the LMS algnr:irt.hm to l:.l:e pr;—::ndlitim-ed J(n) = Elly(n)I” - 4*1*] - (8)
conjugate gradient algoritiun for algorithms which minimize ) o0 5 iy the known or expected ainplitude (modulus) of
the mean square ervor and the constant-modulus criterion. the signal and p, g are integers. 'I\-eicl‘:ler et ol |9'1 appl)ied
the LMS nllarit.hmtol.hee;uwhdehﬁl= : and ¢ = 2,
This algorithm appears to have markedly slower conver-
1. INTRODUCTION genco races for higaly colared input chanacls thun tradi.
Adaptive filters ean be used to improve performance of com- tional mean square error approaches.
munication systems. Unknown chlnnd-ch aracteristics can Schirtsinger |8] presents an experimental survey of a num-
lower Liv-error rates and make communication systems Un-  pgr of adaptation techniques including LMS. transform-
reliable. Emplcying an adaptive ﬁltg-toeﬂ'ecm!ly equalize domain, lattice filter structures, fast quesi-Newion algo-
the change) compensates for the En_-l.e memory of the chan- rithms and a variant of the conjugate gradient technique
ne, and can improve perfarmance in terma of mean-square presented in [8]. Each of the algorithms presented offered
emror and Lit-crror rate. In Figure 1, a simplified communi- performuace improvement over LMS-based algorithms au
cations chubmd employing un adaptive equalizyr i3 shown. the expense of increased computational cost. Pusticularly,
The drtails nf the ransmitter and the recaiver are omitted tbe conjugate gradient technique offered the ability for the
here. For this aystem, the transmitted sequence is known a- designer to choose between performance level and computa-
priori al. Lhe receiver. T'be use of this brief training sequence tiona) cnmplexity without switching algorithms. However,
nliows for channel compensation prior to regolar use of the 1his particular variant of the conjugate gradient algorithm
channcl far communication. When this training sequance leads to fairly high misadjustment or a large excems mcan
is known, and the delay can be clasely appraximated, the square errar [6].
autput error is minimized in a mean square sensn. In this ] conditioners devdlaped by Strang [3l.
This output errur, e(n), between the adaptive filter out- Chan [1], pl:rmﬁuo [5} are employdo? inb-)'n" q‘u.[l!_'
put sad the training sequence, d(n), cun be represented in Newton type algorithm 10 improve the convergence rate and
terms. of the received signal, z(n), and the adaptive filter oqyce misadjustment. This algorithm allows the designer
coefficients, wi(n), by to choose differing levels of performance based upon desired
STen o computational complexity. Simulation examples illustrate
&(n) = d(n) —~ W (n)X (u) ) that the use of tﬁl; prle-cnndltioned ?mjupte ;rn;lienl. algn-
. . . rithm can significantly improve performance without signi-
where W (n) and X'(n) arc vectorized versions of the adap- ;
tive filter coeflicients, and the received sigaal: cantly Increasing cnmpl:ut.l.on.l Sectlon 2 outlines the use of
Wi = (o) mnd oo vl [T @) g LT Souates
X(n) = [ z(n) z(n-1) (in-N+1) 1’(3) '_'—_"lrﬂ"'-'_l—'l Adupiive Flter -
Traditional LMS filters attempt to minimize the error sig-
nal, {n) in & menp square semse. The performance function . L.
is Figure 1. Adaptive flitering application - channel
J(n) = Efe’(n)]. ()  equalisation
0-7803-3583-X/97 $10.00 ©1997 IEEE 84
10238182A_|_>




the pre-conditioned conjugate gradient algorithm in adap-
tive filtering. Section 3 prescnts somc simulation examples
employing both MSE and constant modulus (CM) adapia-
tion algorithms. Finally, Section 4, presents some conclud-
ing remarks sbout performance.

2. PRE-CONDITIONERS IN CONJUGATE
GRADIENT ADAPTIVE FILTERING

The conjugate gradient algorithm has been used with suc-
cess W im convergence rute [0),[7] aud [8]. Buruy and
Srinath IG'I. and Schirtzinger (6] use Lthe conjugnte gradient
algorithm implicitly at cvery iteration to solve the problem

gg‘is%w’(n)n..(n)w(n)—P.E(n)wm. ©

where the matrix R (n) 18 the toeplitz-symmetric auto-
correlation matrix of the input. and the Prg{n) is the cross-
* eowrciation of the received sequenee and the training se-
quence, Use of the conjugate gradient ithm ¢o solve
this minimization prohlem yields the Wiener-Hopf solution

[1]:

Wepa(n) = R ™' (n)os () (M
Use of this method requires a higher-arder gradient up-
date expression which raises the computational complexity,
In addition, this particular approach was phown to bave a
iarger inisadjustmunt than the LMS algorithm {6]. la this
paper, the conjugate gradient algorithm is used directly to
ceiculate the Kalman gain vector [7]. R} (n)X(n) In the
quasi-Newton algorithm. The quasi-Newion metbod for
adapting the filter coefficients where the waining sequence
1s knywn I8 given by [10j:

W{n + 1) = W(n) + p(n)elr)RC} (R)X(r)  (8)

Alternatlvely, the adaptation of the fliter coeflicients for the
constant modulus algorithm may bLe represented by equa-
tion (8) where the errar signal, e{n), is replaced by Lhe
signal e(n) which is given by [8]:

e(n) = {lp(m)I" - [§]")p(n) ()

The Newtnn wwthnd hax heen shown ta dramatically im-
prove convergence ratey when the input s highly correlated.
Both adaptation slgorithms are suinmarized in Table 1.

The usc of the Levinson algorithm to compute Lhe
Kalmap gain in Marsball, et al. |IOLhu been shown to
dnmal.ﬁy improve copvergence performance without nig-
nificantly increasing computation. However, the avto-
correlation matrix ks anly inverted every N iterations, which
can degrade performance for some Rituations,

Dy employing the conjugate gradient methad to find the
Kalman gain vector, » low complexity algorithm may be de-
rived which allows the dovigner to choose the devired perfor-
mance level of the adaptive filter. The conjugate gradient
algorithm ilerates to the solution of the equation (8) ex-
cept that X{n) replaces P,y(n) and K(n) replaces W (n).
The solution to the mivimization problem then becomes
K(n) = R} (n)X(n).

The conjugate gradient method functions by iteratively
consiructing N Ry.-orthogooal linearly independent vee-
tors, and forming a solution based upon these linearly in-
dependent basls vectors. Equivalently, the optimal sohnion

may be reprevented ax:

Wom(n) = aoDo +.. .4+ oan-1Dnoy {10)

BNBDCCID «XP___ 1080018241 »

Table 1. Adaptaiion Algorithine

Wm
W,=0,i=0,...,.N-1
HCMA, W,y m ], ref = orbitrary
r(i) =0, {ml...., N ~1
r(0)=1

Vector and Matrix Definitions:
A= diag|le'/?.. o™
Rin) = [r(0),7(3)....o(N ~ 2)|7
Ruu(n) & loeplitz{ R(n)}

Recursion:

T

Syl e

R(n) = aRin - 1) + z{(n)AX(n)
K{n) = R;}(n)X(n) - via the FOG method
Hn) = TR
Tap Weight Updates:

Win + 1) = I¥{n) — p(n)eln)K(
Win+1) =Win)+ X

n) ~ CMA Algorithm
n) — LMS A} 'u'.l.llm

where the D;'% reprevent the conjugnte direction vectors.
A close approximation (o the solutivn of the Kalman gain
may be formed by using Af fewer than N of the direction
vectors. In this way, the adaptive filtering algorithm may
chocse performance level, i.e. misadjustment and conver-
gence rate by choosing the number of conjugats direction
vectars. Altarnatively, a stopping criteria may be defined
by compating the gradient of the performance function to
”?I"L pmdeﬁ;ul tolerance valux [7].
rate of convergence of the conjugnte gradient al

rithm is directly related to the cil:;'wllu Flpeul ol the
matrix R... The convergence can be accelerated by ap-
plyiog ;':rdc_bc:nditim_ﬂ:; lulp at e:du:f i::lntinn of the con-
Jjugate ient algorithm. Inst ving the system,
R.. K(nr) = X(n), the pre-conditioned sysiem is solved:

Ree K(n) = X(n) (1)

where ux = PR P, R’(n) = PK(n), sud R(n) =
P~ X(n). Use of the pre-conditioned CG method requires
that the matrix P~ be computed efficlently. For this rea-
son, the matrix P Is generally chosen to be circulant, so
that a FFT may be used (o efficiently compate the inverse.

The convergence rate of the pre-conditioned CG metbod
is goveroed by the the eigenvalue spread of P='R... The
lower the condition number of this metrix, the foster the
convergence rate. In this paper, the pesformance of three
different farms of tha matriz P are sompared. The pre.
conditiover developed by Strauy |3} uses the central half of
the diagoaals of the original matrix R,.. Strang [3] showed
that the eigenvalues of the matrix P~ Rux are clustered
arcusd one except for & finite oumber of outliers far a large
class of matrices known ax \Wiener ciné matrices. This
implles that the PCG method will converge to the optimnm
solution in fower than N itarationy for this cless [2].

The pre-conditioner developed by Chan [4] minimives the
Frobenins norm, ||P — Rea(n)||7, Uetween the original ma-
trix Rux(n) and all circulant matrices . This solutlon



-

Table 3. Pre-Conditioned CG Algorithm

imit.inilinuion:

Ko=0

Iy =Ga= X - Rex Mo
=0

Siep 1: Pre-conditioning - Salve lar 7
P7,-1 =Gjr

Step 2: CG lieration - Compute
!T_ LT

8, = I .G,

L; = 2 -+ 80—
z U

o ".u"'"'"nl :.' u:

K, = Kj-r +o, b

C.'; = G;—l. —u,—R..D_,-

*s TOUL,or j < M < N mturn to Step 1

1o this minlinization has & closed form exprasion, su Lhe
pre-conditioner mal\-]bu easily computed.

Ku and Kuo [5] developed 2 broad class of pre- . .
conditioning matricen which attempl to use all of the origi- ftﬂ.cTe;Mgg:T::nAd -Mgnzu Algorithm - Recon-
nal clemoents of matrix Rax(n). The pre-conditioners devel-
opod by Chan and Strang are special cases of two of the four
clasaes of pra-cunditiupers developed by Ku and Kuo. One
case of the first clnag of pre-conditioner developed by Ku
and Kun in included for comparison. The pre-conditioned
conjugate pradient algyrithm is summarised in Table 2.

3. EXPERIMENTAL RESULTS

In the first cqualization exporiment, the adaptive flter is
aucempting w morkd 1he Inverse of the channel which hus
the impulie nwponwe [1:

Af{u) = §(n) + 0.34(n - 2) (12)

This channel mildly audirs the tranemitted sequence. “T'he : ::

vigenvalue sproad of 1he transmitted BPSK scquence of o L e o e HA— e B e
equally likely + or - |'s was changed from } Lo 3.07 by : : : : R RV
the channel. ) i i R : = H

For the LMS-constant modulus algorithm, the parame- S 0 1B M0 D X0 M0 400 450 600
ter p wan st 1o 1/25. Fur the 'CG-Newton method, a hdiatm
was sel to 0.95 anl the mrmalizing factor, § in the wil-
adjusting p factor was 4 o 0.05. ‘I'he additive noise fluor i'“' i, IR . .
was fixed at —100 dH. The resulting moan square errar and 3o W T
tbe reconstructed modulus of the signal conjugace gradiemt 5 ol V. ESE SO
algorithin are plutted in Figure 2. The conjugate gradi- i ____________ . T .

|

ent algorithm was limied to three iterations (M = 3) in
both the CMA and MSF algorithms. The tolerance value
ar sinpping condilion clsarn for the gradient expression was : : : T i H :
10™4. For this axample, the LMS algorithm appears to ex- 0 30 100 150 200 £0 I8 30 0 <0
hibit convergence and misadjustment perfurmance simitar Barmisen

1o the three preconditioned conjugate ient algorithms
emplaying preenixlitineers hy Strang [3], Chan [4], and Ku Figure 3. Channel A - MSE Algarithm - Recon-
et al. [8]. ln Figure 3, the results of the MSE algorithm ap- struciod Modulus and MSE

pear Lo illustrate that che pre-conditioners appear to have

litsle impact in cither changing the misadjustment or ihe

ronvergence mate af the adaptive filter. Inierestingly, the

cxcess menn square orror for the MSE algorithm is higher

thun Lbe misedjusitment fur the CMA algarithm.

J
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Figure 4. Channel B - CMA Algosithm - Recon-
structed Modulus and MSE

in the second equalizstion experiment, the sdaptive Slter
muduls a chunnel which highly correlates the deta and bas
A resniting eigenvalue spread of 100. The model for the
channel is given by [1]

hin) = 1[ + cus(@x(i - /W), i=1,23  (13)

whare H° was sl o 3.5. For uhia algmithm, ;o wea set o
1/50 for the CMA algorithm aad 1/20 for the MSE algn-
rithm. The paramcters for the PCG-Newton method re-
mnined unrbanged.

Figmre { appears to show that the use of "OG-Newton
inethod is strongly warranted in the CMA algorithm. The
LMS algorithm exhibits a fairly slow cunvergeuce rale, aud
a fnirly high misadju:tmont which is not displayed in order
tn illustrale the different comvergence bebaviors of the three
different pre-conditioners. The filter converges to aronnd
—30 db which iz .bn?l'“ 10 dll!. bigher than the POG?;;M
algorithma. The difference In convergrnce among difleving
vesiroa of the PCG-Newton method are small. Chan's pre-
conditinner Inga slightly hehind that of the Strang's and
Ru and Kon's. The difference appears 10 be only » few
iverstions rulative 1o the hundreds of ndditional iterations
required by LAIS to reach a bigher oversll misadjusunent
level. Figure 5 appears tn again demonstrate that the MSE
pafurmence of the PCG-Kewton bused plgerithm i sapo-
rior to the LMS based algorithm. The MSE algarithm does
heswever Appesr to copverge moce rapidly than the CMA al-
garithm for this same model. However, the LMS algorithm
still reyuires veveral bundred sdditional iterstions over any
of the pre-conditioner based algnrithms.

4. CONCLUDING REMARKS

‘Tha pre-sonditioned conjugate gradient algorithm for chan-
nd equallmtinn was observed to greatly enbence com-
vergrace and misadjumment performeance over traditional
LMI-bawed mean square error asd constant modulur algo-
rithms. The use of pre-conditiochers offers the designer a
cheice of performance level by choosing the noppiug condi-
tion of tbe mqu;u:'grld-m algurithm wither by t&m
or 3 fizxed number of iterstions. By choosing a relavvely
smnall number of fixed iterations of 1he algarithm, the com-
pmational complexity of the precondhioned CG method

BNSDOCID «XP__ 16230783A_t»
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Figure 5. Chavmal B - MSE Algorithm - Recon=
atructed Modulus and MSE

was observed to be O(NMiog(N)) where M is Lhe num-
ber of iterstions of the inner loop, and N ks the ordar of the
adaptive filter. The conftast modulos algorithm that tradi-
tionallv suffers from poor performance relative to the MSE
slgorithm appeared 10 have ity convergence rate made com-
parpble to tradivional MSE algorithm for channels which
highly correlnte duta.
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ABSTRACT

In this paper, we examine the performance of a multichen-
nel Decisinn Feedback Bqualizer (DFE) employing Conju-
gae Gradienss {CG) baved adaptive fillering in the conlext
of Digital Television hased on the 8- V3B standard. The 8-
VSB mndulation scheme employs real-valued 8-PAM sym-
bols but complex root-rajsed cosine (spectral) pulse shaping
for bandwidth efficiency. Thus, even in the case of a single
recaive anienna, !wo virtual channels may be realizad vis
the real and imaginary parts of the received signal. A dual
virual channel minimum mean-square error (MMSE) DFE
is derived. Given multiple channels, the high symbol rute
of &-VSB based TV, 10.76 MHz., and the ruther layge de-
lay spreads one has (o coniend with in the UHF and VHF
bands, the composite DFE weight lies in a space of high
dimensionality. We thus implement the MMSE-DFE adap-
Lively using the conjugate gradient (CG) algorithm since it
has been shown o effext reduced-rank adaptive filtening. for
improved performance with insufficient training. and is also
amenable to “smart™ initialization.

1. INTRODUCTION

The tcrreswrial broadcast sandard for digital television in the
United States is based on B-level vestigial sideband modu-
lation (8-VSB) [1]. According 1o the standard. a field sync
segment is transmitted every 24.2mae comaining 704 known
symbols -— four segment syac symbols. & length 51 pseudo-
noise (PN) sequence, and three length 63 PN sequences.
These symbols may be used to tmin an adaptive equalizer.
Since the hroadcast cnvironment is characterized by long
chonnel impulse respomses [), long equalizers are required,
which makex it more difficult for an adsptive equalizer o
converge within the available training periad.

This 1c3erch was fended by the National Science Foundation under
gramt twnber QCR-U1 18842 and by & sewcanch gift froan the Zenigh Elec-
tremics Corporation

0-7803-7551-3/02/517.00 ©2002 JEEE
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Mark Fimoff

Zenith Electronics Corporation
2000 Millbrook Drive
Lincclinghire, IL. 60069
mark fimoff@zenith.com

In order ta use the training sequence, a correlaion must
be performed to locale the maining sequence within a frame.
This correlation operntion may be used to estimate the mul-
tipath channe!l and the channe] estimate may then be used
to aid the convergence of a taining-based adaptive equal-
ixer. Mare sophisticated techniques may also be applied 10
improve the channel estimare zen et al [2].

Recent work on reduced-rank filtering [3] has linked
the multi-stage nested Wiener filter to the conjugate gradi-
ent (CG) algorithm. Chang and Willson [4] have analyzed
adaptive implemeniations of the CG algorithm. Chowdhury
and Zohtowski {5] have successfully applicd the CG algo-
rithm to DS-CDMA feedforward cqualizers and found that
it converges more quickly than the recursive Jeast squares
(RLS) algorithm with reduced computational complexiry.
In this paper, we show how the convergence time of decigion
feadback equalizers (DFE's) for 8-VSB based on the CG al-
gorithm can be ennsiderably improved thmugh initialization
based an a channel estimate. We begin hy describing the 8-
VSB system model and deriving expressions for real and
complea minimum mean-square errur (MMSE) eyualizers,
These equalizers are then implememed aduptively using the
CG, RLS, and Jeust mean squarey (LMS) algorithms. We
compare severul methods of initialization io determine how
each affects cunvergence and then apply the best methods
to initialize equalizers using channel estimates.

2, SYSTEM MODEL

The baseband equivaleni discrete-time system model is shown

in Fig. | where symbol-rate sampling is assumed. The
tiranamirted symbol sequence is represenied by slk] where,
in this study, we gssume that the symbals are independent
and equally probable. Symbols in the 8-VSB constella-
rion are 1nken from the set {~7, -5, -3, —1,1,8,5,7}. The
continuous-time channel contains Ad paths with delays 7,
and compiex gains o,. Wa assume that the path with maxi-

599
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Fig. 1. System model.
mum pain mapnitude occurs at & delay of zero. When con- sampies of y|k] into 2 vector y yields
wulved with the complex uanlminnd pulse g(t), the chan-
nel rif) beonmes o(t) = Eu:l aig(t = 7,). In the ATSC vik] = Halk] + Qnlk|, )
standard]l]. the pulse g(t) is o square-root raised cosine ,
llulu exprensable as g{t) — & "";rnnc(t} where F, = whese n[k] = [nlk+L,] ... njk— Ly~ - ¥, Fl) . alk) =
1 is the symbol 1ate and papc(t) is 8 square-root raised [slk + Laa] -  8lk = Lne — Nr||T. and HT ana QT we

vupne pulse with zero crossings al pon-zero multiples of
27,. The real pan of g(t) » g*(—t) is a rised cosine pulse
with zeru crussings at non-zero multiples of T,

The discrete-time channel is found by sampling e{t) at
the symbol rate: ek] = o{k7; ). The noise sequence n|k) is
complex additive white Goussian noise with 2 power spec-
1ral density of Ny, The receiver filter gjk| is motched 10 the
transmirter pulse shaping filter so that glk] = ¢*(—4T,) =
q{&T,), where the asterisk superseript {*) denotes complex
conjugation. The composite channel at the input to the cqual-
izer is defined 10 be A[k] = cik| + qik] theve, the large asier-
isk denotes convolution) and therefore yik] = sfkj ~ h'k] +
k], where 1-,k] = n[k] » g'k].

3. EQUALIZER DERIVATIONS

As shown in Fig. 1. yk] may be equalizes) using either a
cumplex or reat heatforwand section gr{k]. For the comples
equahzer. the focus of thes study. the real part of the signal
18 taken afier the feedforward section. Ay will be evident
n the derivation 10 follow., the complex equalizer muy be
witwed as a dual vinual chanmel equalizer, The composite
chanmel h{k] is assumed 10 have length Ly, + 1 with Ly, taps
prior w0 the peak of the maximum magnitude path and Ly,
taps aftcrward; thus, Ly, Ly, + L. We represent the
channel by a veciut

A = [A[-Lid)s-- - a|-1),1{0). A1), . }Ead|". (D)

We also use @ finate length representation of the receiver
matched filter g[k] with Jenpth 2L, + 1:

- val=1]glohaft).. . glL})T- 2

The exjunlizer is assumed 10 have Np 5 1 feedforward
1apsond N feedhock 1nps. Assembling Ny 4 1 consecutive

g=lgl-Ly..

BNSDOCID «<XP___ 108308A__1_»

convolution matrices of commengurate dimensions. The

symbo estimate 5[k - K] is given by
ik~ K] = Re{gsyik]} +ppTaslk - K — 149

whut!(ullnmh:mnr = [gro),... .gr[NFI)T.

98 =[98(1].... ,90Ns][". a5lk| = |a[k],... ,olk + 1 - Np])’
and the superacript H denotes conjugase transpose. In this
snalysis we axsume that all decigioms are comect. If we

adopt the convention that the subscripts 1t and J indicate

the real and imaginary parts of quantities, then

ilk- K] = geaTyplkl+gp, Ty lkl+gsTenlk - K ~1)
= grc vcltl +egTenlk- K -1]. (3)

wheregpc = [9rpT 'FJT] mdyclk] = [waTl¥] :u"l"l]
We may now write
yelki = H calk] + Qcnelk], ()

% G

whch-=[Hn HJT] +Qc = Q; Qp

and nglk] = ['lln'rlkl n;r[k]] .

The equalizer i» found by minimizing the mean-square
error (MSE) yielding the Wiener-Hopf equations

e wzll]-ful o

where R, .5, = £,In, and r.,, = 0. The snlution may
be expressad as

orc = (R..e..e-El‘lt.,,.,l'lm-..")-I Tuc (8

g = —El:n,el.rﬂrm ®



where Algorithm 1 Adaptive Conjugale Gradiem Algorithm
rwe = E{slk- Klycld} = £ HcOxsra. (1) ‘fw;'“i = Ryayct: Raceall] = Raoune. Tryell] =
Ryeye = E{yclbylik]} =C.HcHe™ + MQcQcT a.,.,[o] ENg-Tesn[0] =0
Ry..s = BlucltlasTlk-K -1]} = E,HeAx. (1) ?..Mk' oo 0. ll"l =0
Herc we have used the factthat R, pap = E{ap(k]agTik]} = It o [k walk o
E Ty, snd r,,, = E{a[k - Kfa:[k]} = 0. The vec. H‘I:'l“ Rveln.-l ] Rycay (K] Ragaplk]. vape (0} and
tor 8.1, comning al] zeros except for 8 ooe in element t[k) = Riklg[k — 1] — »{k]
K + Lja + 1. The matrix Ay is defined by Mk=1orkmod ko =] them
A [ 0(5..}«4-1)-:1\'. ] 2 ell:lll) = ¢}k
K= Na ( T
O(pr+Loa—K—Ng)uNa B, = (tl(:lk] tl:lk 1”4) :IE] -
when0 < K < Ly, + N - bik] = “Ikl + Beblk - '1
4. ADAPTIVE ALGORITHMS b7 []t[k]
. . A o7 (K| R[kjbE]
4.1. Conjupaire gradient algorithm gik] = glk — 1] + ablk)

Since the conjugate pradient algorithm solves equations of
the furm Rg = r, the algorithm requires estimates of R
and ». Since the channels wete satic in this particular sim-
ulation study, we estimoted the CUmMpOnENLE of R and r
in Eqs. 7 using a tunning average. Thal is, (o estimate
R.. =E{ u[n]u"[nl} at time k., we use the expression

Ruulk] = m (RRuolk - 1] + ulkjuT (k).

The adaptive CG algorithm used is lisied in Algorithm 1;
note the use of the Hestenes-Stiefe! farmuis far the caicula-
tion of the conjugate direction siep size g, [6].

The initial values R, 0. Rycagn. and 740 in the
fusi step of the algorithm may be zero matrices. However,
il on estimate of the channe! A is available, it may be used o
initialize all the matrices comprising the Wicner-Hopf equa-
tions as per Eqs. 10-11 in onder 10 scceleralc convergence
rather dramatically. As statcd previously, a running corrcla-
tion needs to be performed 1o locaie the training sequcnce;
that in and of itself can provide an initial channel estimate.
Channel based initiaslization of the marices is accnmmo-
dated in the running average approach signified by Eq. 13
via the mndificd avernging

R k] =

t13)

(% + kYR lk - 1] + ulkinT [k])
(14)

|
k+bky+1
wheye ky, is the initial weighting of R, .0

5. SIMULATIONS

The cqualizers were applied o four channels with Af = 4
paths in each channel. The pains of each path were gener-
ated randbomly. The maximum gain was normalized w one

end for

snd located a1 xero delay. Three random delays wern gen-
eyared via independent uniform random variables across a
delay spread of —30 to 250 symbols, relative 1o zero delay,
and the remaining normalized gains were assigned to these
paths. Channel 1 had ghosts st 19.4, 176.7. and 228.] sym-
hol times with gains of -6.45, -0.97, and -028 dB, respec-
tively. Channel 2 had ghoms st -13.8, 84.9, and 2202 sym-
bol times with respective gains of -7.98, -2.39, and -5.59
dB. Channel 3 had ghosts at -27.2 , 68.8, and -4.97 197.7
symbol times with respective gains of -11.86, -4.97, and -
4,67 dB. Channel 3 had ghosts at 8.9, 25.6, and 26.8 sym-
bol times with respective gsins of -8.33, -4.99, and -1.67
dB. The complex pulse shape a1 the ransmiter and receiver
had an excess band width of 0.1152 [1] and was modeled us-
ing 6] samples centered at the main tap (ie., Ly, == 30). The
eqqualizers had 101 feedforward taps and 300 feedback tapa
and the cursor was positinmed at 1ap 76 in 1the feedforward
sectian.

All simulstions were performed at a received SNR of
30dB, where the SNR is defined ai the mpumlhemcﬂwr
matched filter. The SNR is calculated as SNR = €, fic]i® INn.
whese £, = 21, ¢ = [ef~Lpa + Lg)s-- - vcflne = Lg )7,
and the noise power is based on the system bandwidth.

The LMS and RLS parameters were chosen by simu-
lating various parameter combinations and chooging the ps-
rameters which yiclded the fagiest stabls copvergence. The
LMS step size was g = 10~%, and the RLS parametars were
A = 0.099 and § = 1072, In ths CG ulgorithm, the conju-
gate direction was re-initialized after ko = 302 steps [6).

We compare several methnds of initializing the CG al-
gorithm. lLis possible to initialize the equalizer 10p weights,
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¥Flg. 2. Convergence of complex CG equalizers initialized using actual channels at u received SNR of 30dB. The plot on the
left is for an initial weight of k,, = 100. The plot on the right is for an initial weight of ky, = 10. The letters refer tu the

initinlization descriptions in the 12xL

the correlation matrices and vectors, and we may initialize
the feedback tap contents to zexo or fill the taps with training
symbols. When we fill the feedbeck taps with training sym-
bols, we use the first 300 training symbols, o these symbols
are no longer available to train the equalizer. We simulated
five different inftializations:

A. Minimal initialization. The equalizer weights sre ini-
rialized W zeros except for a one at the cursor lo-
cation. The feedback tap delay line contains zeros
when training begins. For the CG algorithm. Rycpco.
Rycape. ad o0 (Rynyno. Fynsno. 80d T'sya0)
are 2oro matrices; R, 5,,(0] and 7., |0] are initis)-
ized an noied in Algorithm 1.

B. Matix initialization. In this casc, we initialize the
comelation matrices using the actual channel h and
noisc variance No.

C. Feedback tap initialization. Here. we flll the feedback
taps with iraining symbols prior to beginning adnpta-
vion. The comelation marrices are ol initialized using
the charmel.

D. Matrix and feedback tap initialization. This is a com-
bination of cases B and C. We initinlize the matrices
using the sctual channe! and noise variance, and we
Al the feedback taps with training symbols.

E. Matrix and feedback tap initlalization with equalizer
twp weight initialization. This case is identical to case
D except. in addition, we provide a simple initializa-
tioa of the equalizer tap weights using the negative of
the post-cusor portion of the channel.

10005801A_ | >

In addition to these initializations, we also computed an In-
direct DFE via the CG based sotution [6] of Rg = r and
calculated the MSE as a function of the iteration. This could
be implemented as an indirect adapution of the equalizer
taps by tracking the channel estimaie and calculating the
1ap weights by forming R and r from the channe) estimate.
Finally, we reiterate that performing matrix initialization of
the RLS algorithm similar to thal described in B woulkd be
difficolt becauge the matrix updated by the RLS algorithm
is the inverse of the corfelation matria.

The resulis of this simulation for the complex equal-
izer are shown in Fig. 2 along with the RLS results from
the previous simulation. The matrix initializatiun alone (B)
does, not yield a large improvernem in the convergence time.
‘The MSE initially drops steeply but then rises befure falling
again. This can he sitributed 1n the zeros initially in the
feedback taps which initially direct the matrix averages away
from their initial values. Feedback tap initlalization (C)
does yield » significant improvement in convergence time,
but a fiat region remains in the MSE. This region can be
anributed to the time it takes for the marrix sverages ta sta-
bilize. As a result, the combination of B and C, shown a5
D, removes the flat region found in feedback tap initinliza-
tion and a vast improvement is seen over minimal initaliza.
tion (A). With' an-initisl weighting of k., = 100, the initial
comvergence trajectory approaches that of ICG. Even with
k,, = 10, the normalized MSE quickly resches 10~7, When
the equalizer wmps are alwo initialized (E), there is a slight
further improvement m convergence time. Finally. we test
our initialization scheme using an estimated channe]. We
simulated the equalizer using the same four channels, but
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Fig. . Copvergenee uf complex CG equalizers inilislized using channel estimaies at » received SNR of 30dB. The conves-
genee curves for initialization with 1he aciu] channels and the estimated channels are compared.

estimated the channel using the scheme described by Ozen,
et al [2). The channe! estimation is performed in two seps
using symbol-spaced received samples prior o the receiver
matched filler. In the first step, the received samples are cor-
reluied with the stored imining sequence and thresholding is
applied in order 1o derermine the locations of the multipath
delsys. The purpose of the second step is 10 incorporste the
trangmitted pulse shape g{¢) into the channel impulse re-
sponse. To do this. we Jocate three copies of g(t) shified by
one-half of a symbal period around each muhipath Jocation
and cstimate complex scaling factors using & madified least
squares approach. Further dewils may be found in [2)-

The channel estimate is used to inilialize the comela-
tion matrices in the equalizer prior 10 adapiation and. for
case E, 10 inirialize the feedback tap weights. We simo-
lated initiatization cases D and E for the cumplex equalizer
and the resuhis are compared with the previous results vs-
ing the actual channel in Fig. 3. For both &k, = 10 and
ky, = 100, thare is little difference hetween the convergence
raies when the equalizers are initialized with the estimated
channels and the convergence rates using the actual chan-
nels With &, = 100. the equalizer is able o converpe
within the avaitable number of training symbols in & single
VSR training segment.

6. CONCLUSIONS

Applying adaptive conjugate gradient (CG) 10 equalization
in an 8-VSB system, we found that initializing the correla-
tion matrices while hlling up the feedback taps with known
training symbols yielded a subsiamial improvement in con-
verpence time — much more than either initialization scheme

yiclded on its own — facilitating convergence within a single
VSR training segment.
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ESTIMADOR DE CANAL CONJUGADO Y EFICIENTE BASADO EN GRADACIONES

Campo Técnlco del Invento

El presente invento se relaciona con un estimador de
canal conjugado y eficiente basado en gradaciones.
Antecedentes del invento

Desde que se adopto el estﬁndar de televisién
digital_(DTV)ATSC en 1996 en los Estado Unidos, ha habido un
esfuerzo continuo para mejorar el disefio de los receptores
construidos para la seflal ATSC DTV. El obsticulo principal al que
se enfrentan los disefiadores diseflando receptores que logren una
buena recepcién es la presencia de interferencias multipath en el
canal.

El canal de emisién de televisién es un amblente
multipath relativamente severo de debido a la variedad de
condiciones que se encuentran en el canal y en el receptor. Los
canales estdn caracterizados por respuestas a impulsos que pueden.
tener un largo de varios cientos de simbolos, de tal manera que
seflales con una interferencia fuerte pueden llegar al receptor
antes y después de la seflal con una amplitud mayor. Adicionalmente,
la sefial que se trasmite a través del canal estd sujeta a
condiciones en el canal que varian con el tiempo debido al
movimiento del transmisor y de los reflectores de la seilal,
vibraciones de avién, y, para recepcién interior, personas
caminando alrededor del cuarto. Si la recepcién mdévil se desea, el
movimiento del receptor también se debe considerar. Aun més, la
sefial ATSC DTV utiliza una banda rudimentaria codificada trellis de
8-niveles (generalmente referida como BT-VSB o, sencillamente, como
8-VSB}como método de modulaciédn. Los simbolos de datos 8-VSB son
reales y tienen una forma de pulsacién de la sefial que es compleja.
Unicamente la parte real de la forma compleja de la pulsacién es

una pulsacién Nyquist. Por lo tanto, incluso si no hay camino
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multiple(multipath), la parte imaginaria de la forma de la
pulsacién compleja contribuye a la interferencia inter simbolo
(ISI)cuando el incremento en el canal visto por el ecualizador no
es real.

La interferencia multipath y de inter simbolo afecta en
forma adversa la habilidad del receptor para recibir correctamente
los simbolos transmitidos por el transmisor. Por lo tanto, los
disefiadores afladen ecualizadores a los receptores para cancelar el
efecto de la interferencia de camino multiple{Multipath) y de inter
simbolo y por lo tanto mejorar la recepcién de la seifial.

Porque el canal no se conoce a priori en el receptor, el
ecualizador debe poder modificar la respuesta para corresponderse
con las condiciones del canal que encuentra y adaptarse a los
cambios en las condiciones de esos canales. Para ayudar en la
convergencia de un ecualizador adaptable a las condiciones del
canal, el segmento de campo sync del marco como se define en el
estandar ATSC se puede utilizar como una secuencia de entrenamiento
para el ecualizador. Pero cuando la ecualizacién se hace en el
tiempo de dominio, se requieren ecualizadores largos {agquellos con
muchos reguladores} debido a los impulsos de respuesta del canal
largo que caracteriza al canal.

El receptor Grand Alliance original utilizaba un ecualizador
adaptable de retroalimentacidén de decisién (DFE) con 256
reguladores. Este ecualizador adaptable de retroalimentacidn de
decisiones adapté el canal utilizando un algoritmo esténdar least
mean square (LMS),y se entrendé con el segmento de campo sync del
cuadro transmitido. El algoritmo LMS converge lentamente, incluso
con los 256 reguladores, no siempre convergen durante una secuencia
inica de entrenamiento. Porque el segmento de campo sync se

trasmite relativamente con poca frecuencia (alrededor de 260.000

7
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simbolos), el tiempo total de convergencia para este ecualizador es
bastante largo si el ecualizador (inicamente se adapta con simbolos
de entrenamiento antes de la convergencia.

Por lo tanto, para adaptar los ecualizadores a las
varlaciones del canal que ocurren entre secuencias de
entrenamiento, se ha sugerido la adicién de métodos ciegos y
dirigidos a las decisiones a los ecualizadores. Sin embargo, cuando
se incrementan en un sistema realista, estos métodos pueden
requerir varios campos de datos para lograr la convergencia, y la
convergencia puede no lograrse bajo condiciones de caminos
maltiples dificiles.

De cualquier forma, porgue las seflales de caminos
multiples (multipath) en el canal de emisién pueden llegar con
muchos simbolos luego de la seflal principal, el ecualizador de
retroalimentacién de decisidén se utiliza en forma invariable en las
aplicaciones 8-VSB.

Se ha discutido que se requiere un ecualizador de
retroalimentacién de decisién debido al aumento en el error mean
square (MSE) entre secuencias de entrenamiento. Sin embargo, la
adaptacién del ecualizador entrenado en la simulacidén que apoya
este argumento se congeld entre secuencias de entrenamiento. Es
posible que un ecualizador dirigido hacia las decisiones con una
buena ejecucién de seguimiento pueda sequir las variaciones en el
canal probado.

Se han propuesto algoritmos ciegos basados en el
algoritmo Sato y en el algoritmo Godard de la constante de moduloc
(CMA). El término de error en ambos de estos algoritmos utilizan la
unién continua del término dirigide hacia las decisiones con el
término ciego. Esta combinacién permite una transicién suave entre

la modalidad ciega y la modalidad dirigida hacia las decisiones.
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Sin embargo, cuando se incrementa en un sistema realista, estos
algoritmos también pueden tomar varios campos de datos para
converger.

Tal como se menciond anteriormente, los ecualizadores
adaptables que utilizan el algoritmo least mean square (LMS)pueden
converger lentamente o no converger dependiendo de las condiciones
del canal. De convergencia se puede afectar adversamente si la
matriz de auto correlacién de datos de entrada tienen una amplitud
de eigenvalue grande. También, si el ecualizador de
retroalimentacién de decisiones no ha convergido antes del final de
las secuencias de entrenamiento, la forma de dar funcién objetiva
puede cambiar de tal manera que incluye el minimo local. Estos
minimos locales pueden ser causados por condiciones de canal de ojo
cerrado y errores de propagacién del ecualizador de
retroalimentacién de decisiones.

El algoritmo de cuadrado minimo recursivo (RLS) es bien
conocido en evitar estos problemas de convergencia. Sin embargo, el
algoritmo del cuadrado minimo recursivo, en su forma basica,
requiere de una inversidon de cémputo intensiva de los datos de
entrada de la matriz de auto-correlacién. Formas basadas en
cuadriculas del algoritmo de cuadrado minimo recursivo evitan la
necesidad para esta inversién de matriz. Sin embargo, las formas
basadas en cuadriculas del algoritmo de cuadrado minimo recursivo
no se adaptan fAcilmente a las ventajas de inicializacidén de un
estimativo de respuesta (CIR) de impulso del canal inicial, aunque
esta inicializacién pueda ser deseable.

Trabajos recientes en filtrado de rango reducido han
conectado el filtro anidado multi estado Wiener (MSNWF) de Golstein
y Reed al algoritmo conjugado de gradacién. Se ha demostrado que el

filtro anidado multi estado Wiener soluciona la ecuacién Wiener-
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Hopf en el subespacio Krylov asociado con la matriz de auto-
correlacién y el director de correlacién-cruzada. El1 el filtro
anidado multi estado Wiener entonces se re-formula utilizando. la
iteracién Lanczos. También se ha demostrado que el filtro anidado
multi estado Wiener basado en Laczos es equivalente al algoritmo
conjugado en gradiente. Como el filtro anidado multi estado Wiener
frecuentemente requiere varias dimensiones para acercarse a la
ejecucién del filtro Winer de rango completo.

Una descripci6én del algoritmo conjugado de optimizacién
gradiente y muchos de sus propiedades matemdticas se pueden
encontrar en “Una introduccién a la optimizacién” por E.K.P. Chong
y S. Zak, Nueva York, NY John Wiley & Sons, 1996. El algoritmo
descrito se puede aplicar a la optimizacién de una funcibén de
objetivo fijo. Una resefla excelente del filtrado adaptable con el
algoritmo conjugado gradiente se encuentra en “andlisis de
algoritmos conjugados gradientes para el filtrado adaptable” por P.
S. Chang and A. N. Willson, Jr., vol. 48, pp. 409-418, IEEE
Transacciones en el Procesamiento de Seflales, febrero 2000. La
riqueza matemitica de las relaciones del algoritmo conduce a una
variedad de'opciones en una implementacién del algoritmo conjugado
gradiente basico para minimizar una funcién de objetivo cuadratico.
Estas opciones se pueden trasladar a la situacién adaptable para
suministrar un namero de opciones para la implementacién del
algoritmo. Una caracteristica del algoritmo que también se puede
utilizar es que trabaja directamente con las matrices y vectores de
correlacién. Esta caracteristica hace que la inicializacién basada
en una respuesta al impulso iniclal de canal sea directa, asumiendp
que la informacién para este propésito estd disponible.

Como las formas basadas en cuadriculas del algoritmo de

cuadrado minimo recursivo, el algoritmo conjugado gradiente no
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requiere la inversién de la matriz de auto-correlacién de datos de
entrada. Otra caracteristica del algoritmo conjugado gradiente se
puede utilizar reconociendo que la matriz auto-correlacionada de
datos de entrada es un producto de dos matrices Toeplitz.

El intento descrito en la Solicitud de Patente de E.U.
No. (7227) utiliza estas caracteristicas para reducir
sustancialmente la carga de computacién en el algoritmo conjugado
gradiente y para incluso eliminar la necesidad de formar la matriz
de entrada de auto-correlacién. De esta manera, el algoritmo
conjugado gradiente mejorado dado a conocer en esa aplicacién puede
ser utilizado para lograr satisfacer los tiempos de convergencia
para los ecualizadorés.

La aplicacién (7227) también sugiere que el algoritmo
conjugado gradiente también se puede utilizar para estimar los
canales. El presente invento reduce la complejidad computacional al
ejecutar el algoritmo conjugado gradiente con respecto a los

estimativos del canal.

Resumen del Invento

De acuerdo con un aspecto del presente invento, un
método para procesar una sefial reciblda y para producir un
estimativo de canal que comprende lo siguiente: (a) decodificar la
sefial recibida y para formar los datos s; (b) formar una matriz de
circunvolucién 3 de los datos s; (c) formar una matriz F de los
datos s, donde la matriz F resulta de formar la matriz § como una“
matriz de circunvolucién; y, (d) ejecutar un algoritmo conjugado
gradiente para determinar el estimativo de canal, donde el
algoritmo conjugado gradiente esta basado en la seflal recibida y,

la matriz 5§, y la matriz F.



Rotulo del Abogado
7240

De acuerdo con otro aspecto del presente invento, un
método para procesar una seflal recibida y, que comprende lo
siguiente: (a) decodificar la seflal recibida y para formar los
datos s; (b) formar una matriz de circunvolucién § de los datos s;
(c) formar una matriz F de los datos s, donde la matriz F resulta
de formar la matriz 5 como una matriz de circunvolucién; ( y, (d)
ejecutar un algoritmo conjugado gradiente basado en la sefial
recibida y, la matriz §, y la matriz F.

De acuerdo con otro aspecto del presente invento, un
método para procesar una sefial recibida y, que comprende lo
siguiente: (a) decod;ficar la sefial recibida y para formar los
datos s; (b) formar una matriz de circunvolucién § de los datos s;
(c) formar una matriz F de los datos s, donde la matriz F resulta
de formar la matriz §-como una matriz de circunvolucién; y, (d)
ejecutar un algoritmo conjugado gradiente basado en la seflal
recibida y, la matriz §, y la matriz F, donde el algoritmo
conjugado gradiente incluye la formacién de FFTs, basados en la
sefial recibida y, la matriz §, y la matriz F, multiplicando los
FFTs para formar un producto de multiplicacién, y formar un FFT
inverso del producto de la multiplicacién.

De acuerdo con otro aspecto del presente invento, un
método para procesar una seflal recibida y para producir un
estimativo de canal que comprende lo siguiente: {(a) decodificar 15
sefial recibida y para formar los datos s; (b) formar una matriz de
circunvolucién § de los datos s; (c) formar una matriz F de los
datos s, donde la matriz F resulta de formar la matriz $ como una
matriz de circunvolucién; y, (d) ejecutar un algoritmo conjugado
gradiente para determinar un estimativo de canal, donde el
algoritmo conjugado gradiente esta basado en la seilal recibida y,

la matriz §, y la matriz F, donde el algoritmo conjugado gradiente
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incluye la formacién de FFTs, basados en la seflal recibida y, la
matriz §, y la matriz F, multiplicando los FFTs para formar un

producto de multiplicacién, y formar un FFT inverso del producto de

la multiplicacién.

Descripcién Breve de los Dibujos

Estos y otros rasgos y ventajas se haran aparentes de
una consideracién detallada del invento cuando se toman en conjunto
con los dibujos en donde:

La figura 1 muestra un filtro que se puede utilizar en -’
un ecualizador de retroalimentacién de decisién de acuerdo con una
implementacién del presente intento;

La figura 2 muestra un ecualizador de retroalimentacién
de decisién de acuerdo con una implementacidén del presente invento;

La figura 3 muestra una matriz S que se deriva de un
vector de decisiones de simbolo de 2496 de largo y que es Gtil en
describir el presente invento;

La figura 4 muestra la descomposicién de la matriz S
para formar 2 matrices § y ttiles en la implementacién del
presente invento; vy,

La figura 5 muestra un sistema para determinar un

estimativo de canal h basado en las matrices 8 y F.

Descripciédn Detallada

Tal como se muestra en la figura 1, un filtro 10 se
puede utllizar como ecualizador e incluye registros de almacenaje
12[n], ..., 12[n+N-3], 12[n+N-2], 12(n+N-1). Por ejemplo, N puede
ser 512. Los registros de almacenajel2in], ..., 12[n+N-3], 12[n+N-
2], 12[n+N-1] almacenan los datos recibidos correspondientes y[n],

cexy y[n+tN-3], y[n+N-2], y[n+N-1]. La entrega de cada uno de los
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registros de almacenaje 12[n], ..., 12[n+N-3], 12[n+N-2], 12[n+N-1]
estdn acoplados a un multiplicador correspondiente 14([n], ...,
14[n+N-3], 14[n+N-2], 14[n+N-1l]. De acuerdo, los multiplicadores
l14[n], ..., 1l4[n+N-3], 14[n+N-2], l1l4[n+N-1} reciben los datos
almacenados de los registros de almacenamiento 12[n], ..., 12[n+N-
3}, 12[n+N-2], 12[n+N-1]. Los multiplicadores 1l4[n], ..., 1l4[n+N-
3], 14[n+N-2], 14[n+N-1] también reciben ios correspondientes pesos
tap g(n], ..., g(n+N=-3], g[n+N-2], g[n+N-1]. Los multiplicadores
14[n], ..., 14[n+N-3], 14[n+N-2], 1l4[n+N-1] multiplican cada unoc de
los datos almacenados y[n], ..., y[ntN-3], y[n+N-2], y[n+N-1] por
el peso tap correspondiente g[n], ..., g[n+N-3], gln+N-2], g[n+N-
1],y los resultados de la multiplicacién los suma la sumatoria 16
para suministrar las salidas del filtro 10. Varios algoritmos como
se han descrito anteriormente se han incrementado para fijar los
valores de los pesos tap g(n], ..., g[n+N=-3], g[n+N-2], g[n+N-1}.

Un ecualizador de retroalimentacién de decisién 20 se
muestra en la figura 2 he incluye un filtro de alimentacién 22, un
filtro de retroalimentacién 24, una sumatoria 26, un dispositivo de
decisiones duras 28, y un controlador 30 que computa los pesos tap
para el filtro de alimentacién veintidés y el filtro de
retroalimentacién 24. Cada uno de los filtros de alimentacién 22 y
el filtro de retroalimentacién 24 pueden comprender el filtro 10 de
la figura 1. El dispositivo de decisién dura 28, por ejemplo, puede
ser un decodificador o un cortador.

La salida $§[n] de la sumatoria 26 es la salida ecualizada
del ecualizador de retroalimentacién de decisiones 20. El

dispositivo de decisién duras 28 (tal como un cortador) determina

el valor mids cercano §[n] para cada uno de los simbolos
suministrados como salida $[n] de la sumatoria 26. Estos valores

§[n] de Nuevo se reingresan como entradas al filtro de
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retroalimentacién 24. El filtro de retroalimentacién 24 aplica los

pesos tap &,[n] a los valores 3[n]y suministrar la salida a la

sumatoria 26. de la misma forma, el filtro de alimentacién 22

aplica los pesos tap G,[n] a los valores ylnlde la enseflanza

recibida y suministra la salida a la sumatoria 26. la sumatoria 26

suma la salida del filtro de retroalimentacién 24 con la salida del

filtro de alimentacién 22 para poder producir un resultado §n].
La salida $§{n]del ecualizador de retroalimentacién de

decisién 20 estd dada por la siguiente ecuacién:

§Tn]=Refe’ yinl}+ g5 5Tn]

=gn¥alnl+gny,[nl+gzaln] (1)

donds 8[n] tal como se indica anteriormente estaba definido como
los estimativos de simbolo suministrados por el dispositivo de
decisién dura 28; donde g“=Re{g,} es la parte regales de los peso..;.
tap g, de el filtro de alimentacidén 22, donde g“=Im{g,} es la
parte imaginaria de los pesos tap g, del filtro de alimentacién 22,

y donde g, son los pesos tap del filtro de retroalimentacién 24.
Las definiciones dadas por la siguiente ecuacidén se

pueden asumir:
#,0n] = [rinninl] (2)
ginl = [F2mBTmff (3)
§,In] = [gLmiLm] (4)

ginl = [§mgtm* (5
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donde y,=Re{y,} es la parte real de los simbolos recibidos y;, Yy
donde ¥y, =Im{y,} es la parte imaginaria de los simbolos recibidos
Yr- Luego, los simbolos ecualizados #&n] suministrados por el

ecualizador de retrocalimentacién de decisién 20 est&n dados por la

siguiente ecuacién:

a{n]=g;¥.[n]+gz8n]

=§'¥in] (6)

La entrada al ecualizador y[n] y los pesos tap del alimentador g,
son valores complejos, los pesos tap de retroalimentacién g, son
reales, y la salida a&{n] del ecualizador de retroalimentacién de

decisién 20 es real. La parte imaginaria de la salida del filtro de

alimentacién 22, g,,, se puede ignorar y, por lo tanto, no
computarse.

Es deseable determinar el vector de peso tap g{n]de tal
manera que el error en la salida del ecualizador de
retroalimentacién de decisién 20 se minimice de acuerdo con la

siguiente ecuaciébn:

arg min 1
2

-

gin] =

E{sin] - &n] ?} (7)

Flg) = E{sin] - &n)}
= o2 - §lnir,y - =fdinl + §"nRgeelnl (8)
donde ci es la variacién en el simbolo y es igual a la energia
promedio de simbolo Rgyes una matriz de auto correlacidén, y ryyes
un vector de correlacién cruzada. La matriz de auto correlacién Rgy

y el vector de correlacién cruzada r,;se definen. La posicién de

error F(g)se minimice fijando su gradiente en cero de acuerdo con

la sigquiente ecuacién:

X
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VF(qg) = Rﬁ-,ﬁ'[n] -z =0 (9)

el

Esta minimizacion lleva a la conocida ecuacién Weiner-Hopf:
Rwﬁ'[n] = r,; (10)

resolviendo para los pesos tap gin] lleva a la siguiente ecuacién:

gin] = Rpr,y (11)

de ~sta forma, para calcular el vector de peso tap, el gran
sistemas de ecuaciones representado por la ecuacién (11) se debe

resolver. Esta solucidén requiere de la inversién de la gran matriz

Rgs ¥, por lo tanto, una cantidad considerable de cémputos.

Un método para reducir la cantidad de cémputos
involucrados en la solucién de sistemas grandes ecuaciones es el
algoritmo conjugado gradiente mencionado anteriormente. para
establecer la ecuacidén (11l), se requiere de una estimacién de la
matriz de auto-correlacidén Ryy[n=0] y del vector de correlacién
cruzada r,y[n=0]. Por definicién, la matriz de auto-correlacién

Ryy[n]lesta dada por la siguiente ecuacidn:

Ryg[n1=Efin§"[n]] (12)

y el vector de correlacidén cruzada xr.y[n] estad dado por la

siguiente ecuacién:

rylnl=E[s[n¥n]] (13)
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donde s[n]representa los simbolos trasmitidos, E es el operador de

expectativa, y H denota una transposicién Hermitian.

La matriz de auto-correlacién Rgln] y el vector de

correlacién cruzada r,;[n] se pueden estimar utilizando el mé&todo de

factor de olvido de acuerdo con la siguiente ecuacién:

n-1
Rgglnl = Y v*§in ~ ml §'[n - m)

m=0
=YR, [n-1}+#nF'[n]) (14)

n-1
£,5[n] = 3 y™sin — m] §°[n - m]

m=0

= Yigln — 11 + s(n¥"[n] (15)

donde 0 < ¥y < 1 es el factor de olvido. Si y se fija en 0, las

ecuaciones (14) y (15) dan como resultado los estimados de la

matriz de auto-correlacién ﬁ;; y el vector de correlaciédn cruzada
:':,; del ejemplo de vector mas reciente y.

Determinando los pesos tap g, para el filtro de
alimentacién 22 y g, para y filtro de retroalimentacién 24, el

controlador 30 inicializa la matriz de auto-correlacién R;gKﬂ

utilizando la ecuacién (14) y el vector de correlacidédn cruzada

qﬁﬂn utilizando la ecuacién (l15)ejecutando un promedio sobre un

periodo de tiempo tal como ¥ campo de datos. El controlador 30
también inicializa los pesos tap g,[0] = 0 e inicializa el vector de
decisién of0] al primer Nm de los simbolos de entrenamiento
conocidos que estdn contenidos en la porcién del campo sync
dedicada campo de datos como se discutié anteriormente.

Aun mas, el controlador 30 inicializa el vector de datos
¥(0) como sigue. El vector de datos ¥.[0] como se da en la ecuacién
(2) se inicializa fijando la parte real

yrin = 0] = {yn[O],...,yn[fo - 1]}"' de tal manera que
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Yr[O0),..., Yr[N¢s = Ngy — 1] son la parte real de los datos de

entrenamiento restantes (luego de esos en S[0]) y

YalN,y = NpJ, -+, ya[N, — 1] son la parte real de los datos recibidos
luego de la secuencia de entrenamiento. Esta configuracién se
repite para ¥,[C]. Luego, ¥,[0] = [y:[O]yI[O]]T se construye como una
ecuacién dada (2) y ¥{0] = [f:[OIi'iT[O]]' se construye como una
ecuacién dada (3) basada en los vectores iniciales ¥.[0], ¥,[0], y
¥,[0] como se dan arriba. En un ambiente de televisién digital ATSC
por ejemplo, el nGmero de simbolos de entrenamiento N.;, pueden ser
728, el numero de taps de alimentacidén Ny puede ser 512, y el
nimero de taps de retroalimentacién Nga puede también ser 512.

AUn mas, el controlador 30 inicializan las salidas s[n]

del ecualizador de retroalimentacién de decisiédn 20 como

§[0] = g,[0l¥{0] de acuerdo con adecuacién (6), el controlador 30
inicializa una gradiente t_ [n] como t,[0] = f{w[O]ED[O] - i:_,[O], y el
controlador 30 fija la variable n en 0.

El controlador 30 luego ejecuta un algoritmo conjugado
gradiente una vez por cada elemento de datos recibido, donde cada
iteracién del algoritmo se inicia tan pronto ocurre el cambio de un
elemento de datos nuevo que se recibe en el filtro de alimentacidn
22. Los paréametros del algoritmo conjugado gradiente como se

describen mas abajo estdn definidos en la tabla.

Tabla
Nombre del;pérémetro Notacién del ecualizador
Argumento de la funcién del gx[n]
objeto (ecualizador)
Tamaflo del paso del a,[n]
argumento
Gradienté t:(n)
Direcciones conjugadas bi[n]
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Tamafio del paso de las Bcln]

direcciones conjugadas

este algoritmo de gradiente conjugado es como sigue:
1. direcciébn conjugada calculada by[n]
81 n modulo(Nesps)= 0

bo[n] = -t,{0] (reanudar)

(€,In] = €_,[n])"t,(n]
(tn[nl - t-l[n])!b_l[n]

by[n] = —t,(n] + Byinlb_,[n]

Bo[n] =

2. tamafio del paso del argumento calculado a,[n}
— by[nlt,[n]

ag[n] = =
“" T BllnRylalb,ln]

3. actualizacién del tap
@,[n] = §[n] + a4lnb,[n]
4. n=n-+1
gqo[n] = §[n - 1]
t_,[n] = t4[n - 1]
b_,[n] = by[n — 1]
5. Actualizacién del vector de entrada y(n] con el siguiente

elemento de datos recibidos y la actualizacién Rgln] por ecuacién
(14)
6. calcula la salida del ecualizador de retroalimentacién de
decisién 20
§{n] = §[nk¥n]
7. calcula la gradiente ty(n}

toln] = t_;[n] + agln]RgnTbln]]

8. Regresa al paso 1

|



7240

La parte mis grande de los cémputos requeridos por este *
algoritmo conjugado gradiente es una contribucién de la

multiplicacién de la matriz de vectores ﬁw[nlbo[n] de los pasos 2 y

7. Estas multiplicaciones requieren la actualizacién de la matriz

ﬁw[n] desde el vector ¥[n] como en adecuacién (14). esta

actualizacién requiere una multiplicacién por cada uno de los

elementos de la matriz N?

taps s UN total de N, multiplicaciones.

taps

Luego, la multiplicacién de la matriz de vectores requiere NLN

multiplicaciones. De esta forma, el cémputo total Ni,, + NI, =
2N},,, multiplicaciones.

Esta carga en el cOmputo se puede disminulr cébmo se
explica a continuacién.

Una multiplicacién de la matriz-vector a = ¥Yb, donde ¥
es una matriz de circunvolucién, b es un vector, y a es el
resultado de la multiplicacién, equivalente a a[n] = y[n]* b[n]
donde * denota una circunvolucién lineal. Estas ecuaciones se

pueden representar en la forma de una matriz por la siguiente

ecuacidn:

a[0] yl0l y{-11 yi—2]§ bi0]
all]} = |yli] yi0] y[-11§b{1]| (16)
a[2} y(2dl yil] 0] || b{2]

donde n se escoge como un nimero pequefio por razones de
explicacién. Las columnas y las filas de la matriz Y en la ecuacién
(16) se pueden extender en forma circular de acuerdo con la

siguiente ecuacién:

Rotulo del Abogado \Qa
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[al0]] [yi0] yi-1] yi-21 yl2 y{1] TH{0]]
afl] yill vyi0l vi-1] yi—-21 yi2) {bfl]
al2]| = | yi2) yi11 yi01 y[-1] yi-21fbl2]] (17)
dc yi-2) yl2 yill yl0l yi-1] o
| dc |  [vi-1] ¥I-21 yf2) y[t] yi01 ) O j

donde dc significa no me importa. La ecuacién (17) es equivalente a

aln) = yin] ® bin] donde ® denota una circunvolucién circular. La

circunvolucién circular es equivalente a la siguiente operacién:

7 = FFTy) (18)
@ = FFI{b) (19)
A=Txad (20)
a = IFFTA) (21)

donde FFT inadecuacién (18) y (19) indica una operacién Fast
Fourier Transform, IFFT en adecuacién (21) indica una operacién
inverse de Fast Fourier Transform, y x en la ecuacién (20) indica
una multiplicacién de vector tal en los elementos del vector
resultante estan dados por ¥ x By, ¥; x B;, ¥> x By, etc.

Un embellecimiento del proceso anterior involucra un
relleno de 0 para las columnas con un largo 2". Este relleno con 0

como es bien conocido, permite una eficiencia de computo FEFT. De

acuerdo,

la multiplicacién de la matriz-vector a = Yb se puede

escribilr con relleno de 0 en la forma de una matriz de acuerdo con

la siguiente ecuacién:
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[a[0]] [yi0] yi-1] yl-21 © 0 0 yiZ] y{1] Jbio]]
afl] yill yl0] y¥i-1] yi-21 © 0 0 yi2) | bl
al2] yizl yi1l yi0l yl-1] y[-20 © 0 0 (b2
dc _ 0 viZl y[1] y{0] vyi-11 yi-2] 0 0 0 (22)
de 0 0 yl2] yf11 yi0] y-1] yi-2 o0 { O
dec 0 0 0 yi2 vl yi0 y-1I y[-2f 0
dc yi-2) o 0 0 y(2 ylll yi0] yi-11§f 0
| de| |yl-11 yI-21 O 0 0 yl2 yi1] yio]1§ O]

" Se observa que la matriz Y tiene una estructura Toeplitz, y que Y!
es también una matriz Toeplitz. (H denota una transposicién
Hermitian.)

Se demostrarda que la necesidad para ambas, la

actualizaciénRy y la multiplicacién Ryb se puede eliminar, y que

la matriz Ry no se necesita siquiera crear.

Deje y = 0 para la ecuacién (14). Es bien sabido que

Ry = ¥¥" = ¥¥°

donde Y es una matriz de circunvolucién basada en el vector y
(prestadores, y forma la primera columna de la matriz Y). El vector

¥ se puede rellenar con 0 hasta lo largo de 2". Deje ¥ ser la

primeras columnas de Y!. para la operacién de gradiente conjugado,

los calculos dados por la siguliente ecuaclén se deben hacer:

v = Rygglnlbgln] = Y"¥bgln] (23)

Para calcular v, la cantidad Y'bg[n] se debe primero calcular de

acuerdo a la sigquiente ecuacién:

"R
I

FFT(Y) (24)

@ = FFT(b) (25)

A5
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X =Txa (26)

x = IDFT{X) (27)
Xy = primeros N elementos de x, elementos restantes = 0 (28)

Xy = FFT(xy) (29)

donde x en adecuacién (26) denota una multiplicacién de vector al

punto. Luego, Y x Xy se calcula de acuerdo con la siguiente

ecuacién:

Y' = FFI(y") (30)
YV ='xX {31)
v = IDFT¥ {32)

vy=primer elementos N de v, elementos restantes = 0 (33)

El nimero de multiplicaciones en este proceso, particularmente
para grandes Ni.ps, €3 mucho menos de 2NZ,,.
En el proceso dado por las ecuaciones (24)-(33), b es el
vector by del algoritmo de ocho pasos descrito anteriormente, y es
un vector de simbolos recibidos como se describen anteriormente, y
vy es la cantidad ﬁw[n]bo[n] en los pasos 2 y 7 del algoritmo
conjugado gradiente descrito anteriormente.

El algoritmo conjugado gradiente descrito arriba se
puede utilizar para hacer otros cdlculos. Por ejemplo, el algoritmo
conjugado de gradiente escrito arriba se puede utllizarse para
calcular estimativos de actualizacién de canal de impulsos de
respuestas. Este cdlculo puede ser titil, por ejemplo, porgue no
todos conocidos alternos para calcular los pesos tap del

ecualizador MMSE (Minimum Mean Square Error)estidn basados en tener

un estimativo de respuesta del impulso del canal.
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El método conjugado gradiente descrito anteriormente
permite el cdlculo continuo de actualizaciones de estimativos de
respuestas de impulso de canal entre sesiones de entrenamiento
(dnicamente cuando se reciben simbolos desconocidos a priori) en un
receptor para un canal multi-camino que varia. Este calculo utiliza
un estimativo de respuesta de impulse de canal cuadrado calculado
de un sistema de ecuaciones determinado. Cambios dindmicos a la
respuesta del impulso de canal se pueden seguir utilizando un
decodificador trellis de receptor en simbolos de entrada para
formar una secuencia larga de simbolos perfectamente conocidos.
Esta secuencia debe tener relativamente pocos errores.

La respuesta de impulso de canal que se va a estimar es
de un largo Lp = Lpa + Ly + 1 donde Lp, es el largo de la parte
anti-causal de la respuesta del impulse de canal y L,. es el largo
de la parte causal deben dar respuesta de impulse de canal.

Las decisiones confiables del decodificador trellis en
los simbolos de entrada es un vector que se designa aca como s de
largo L,. Una m;triz Toeplitz S se puede definir basada en este

vector s de acuerdo con la siguiente ecuacién:

Sth-1 Sth-z — — — - - Sp
— SLh—J. _— e = — -
s =| ~ - - - (34)
- - - Sth-1
- - SLn—Lh -
[Spe-1 Sps-2 — — - - - Sps-1h

donde los elementos de la matriz de la ecuacién(34) son reales y

consisten de las decisiones simb6licas del vector s=s.
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Para asequrar un sistema sobre-determinado de ecuaciones,

la siguiente desigualdad es necesaria:
Lg 2 2L, - 1. (35)

La matriz 8 es de una dimensién (Lg-Lp+l)xL, con (Lg — Ly, +1) 2 Ly,.
El vector de la seflal recibida y con elementos de datos y; para
Lpe < i € (Lg - Ly, — 1) donde y; es el simbolo recibido
correspondiente a la decisién de simbolo de entrada s;. Luego,

Y = Sh + v donde h es el vector de respuesta del impulse del canal
largo Ln y v es un vector de ruido blanco.

Las soluciones cuadradas minimas para h estadn dadas por

la siguiente ecuacién:
. 1
bh,s = (s"'s)' s'y. (36)

Utilizando un deccdificador confiable trellis De
decisiones de simbolos de entrada, debe haber suficiente soporte
para calcular un estimativo de respuesta de impulse de canal del
largo requerido. Tal como lo requiere la desigualdad (45), el
vector s de la decisidn de simbolo debe ser por lo menos el doble
de largo que la respuesta de impulse de canal que se estima.

Para una aplicacién de recepcién 8 VSB se pueden asumir
los siguientes par&metros: Lp = 512, Lpa = 63, Lnc = 448, y Lsg =
2496. El vector s se puede formar de una secuencia de decisiones de
decodificador trellis en los simbolos de entrada. Normalmente, el
decodificador Gnicamente tomard decisiones de salida en pares de
bit, pero también puede tomar decisiones igualmente confiables en

los simbolos de entrada.

\{o

W
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El vector a, por ejemplo, se puede seleccionar cémo tres
segmentos con un largo de(lg = 2496 simbolos). Por lo tanto, tres
segmentos de datos se pueden utilizar para producir una
actualizacién Gnica de estimativos de respuesta de impulse de
canal. Una actualizacidén de estimativo de respuesta de impulso de
canal nueva se puede obtener una vez por segmento procediendo a la
manera de una ventana que corre. Opcionalmente, varias
actualizaciones de estimativos de respuestas de impulsoc de canal se
pueden promediar para mejorar la precisién de los estimativos de
respuesta de impulso de canal si son necesarios. Claro esta, que
este paso adicional de promediar puede ser un problema si la
respuesta de impulso de canal cambian ripidamente.

Un vector b con menos de tres segmentos de decisidén de
simbolo se puede utilizar, pero como se expresd en la desigualdad
(35), el largo del vector b debe ser por lo menos el doble del
largo que dar respuesta de impulse de canal que se va a estimar.
los lectores m&s largos b ayuda en a disminuir el efecto adverso
del ruido aditivo blanco Gaussian en el canal.

El sistema de ecuaciones representado por la ecuacién
(36) se puede resolver utilizando el alcoholismo conjugado
gradiente en una forma similar a la descrita previamente para
resolver la ecuacién (11) para el peso tap MMSE donde 8"y en la
ecuacién (36) tomar el lugar de =x,; en la ecuacién (l1), donde S'S
en la ecuacién (36) , en lugar de Ryp en la ecuacién (11l), y donde
h;s en la ecuacién (36) , en lugar de § en la ecuacién (11).

Entonces, el algoritmo conjugado gradiente escrito méas
arriba puede facilitar el computo de (878)b para el caso de un

estimativo de respuesta de impulse de canal asi como facilité el

cémputo de Ryb para el cdlculo de pesos tap.
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Reduciendo adicionalmente la complejidad del cémputo
necesario para implementar las multiplicaciones matriz-vector
requeridas para ejecutar el algoritmo conjugado gradiente, tal como
cuando el algoritmo conjugado gradiente se utiliza para estimar uﬁ
canal como se describié arriba, es Gtil notar que el algoritmo
conjugado gradiente se puede utilizar para resolver el siguiente

sistema linea al para el estimativo de canal h:

Sh

y- (37)

La matriz 8 es unam x n (e.g., 1985 x 512) matriz Toeplitz
derivada de las.decisiones de simbolo, y y es un vector (el vector
de observacién) derivado de los datos recibidos. Las decisiones de

simbolo se pueden hacer, por ejemplo, con un decodificador trellis

0 un cortador.

El sistema se puede escribir como S'Sh = STy
multiplicando ambos lados de la ecuacién (37) por 8. El algoritmo
conjurado gradiente se puede utilizar para resolver este sistema
para el estimativo del canal h de acuerdo con los siguientes pasos:

T,

(1} Calcular el vector residual r; que representa al sistema Sy

- 87Sh; de la siguiente manera:
r; = 8"y - S"Sh; (38)

donde z; es un vector 512 x 1 y donde h; es el estimativo del canal
previo que se puede inicializar a cualquier valor deseado tal como
hl = 0.

(2) Para k = 1 a n, en forma iterativa calcular lo siguiente:
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(a) dk =TI} +ﬁkdk—| {39)

T
X, or
donde B, =0, B = T k ¥ _, y donde d; es un vector 512 x 1;
Fr-1 ® Tx-1
(b) hk-l-]. = h]l.' + akdk (40)

donde hx+1 €8 un vector 512 x 1, donde a, es 1 x 1, donde

:;l.zk
a, = —

= , donde qx = 878dy, donde 8" es una matriz 512 x 1985, y
dy * q,

donde 8 es una matriz 1985 x 512; vy,
(€) xypy1 = Ty — &xqy (41)

donde xyx+1 s un vector 512 x 1.

Los pasos 2(a) - (c) se repiten suficientes intereses
hasta que la decisién deseada se logra para el estimativo de canal
h. El indice k , por ejemplo, se puede incrementar en un valor
hasta 5 aunque cualquier otro valor deseado se puede utilizar. Se
vera que el paso 2(b) incluye la multiplicacién del vector matriz
A'Ad,. Esta operacién es un cémputo mévil complejo. Una técnica
para reducir la complejidad de cémputo de implementar esta
operacién se sugiere mas arriba con respecto a las ecuaciones(23) -
(33). El presente invento mejora esta técnica.

Un enfoque directo de esta técnica seria formar un FFT de
cada unc de los tres componentes 8', 8, y d;, el vector de punto
inteligente multiplica los tres FFTs resultantes, y luego toma el
FFT inverso del resultado de la multiplicacién. Esta serie de
cdlculos, sin embargo no suministrando ina respuesta precisa porque
la matriz 8 no es una verdadera matriz de circunvolucién, y el IFFT
del producto triple, por lo tanto, produce un resultado corrupto.

La figura 3 muestra la matriz 8 que se deriva de un vector de
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simbolo de decisién 2496 (tres segmentos de un campo VSB}. La 1°
fila de la matriz S contienen la decisién del simbolo 512en la
primera columna hasta la decisién de simbolo 1 en la dltima
columna, la 2* fila de la matriz S contienen la decisién de simbolo
513 en la primera columna hasta la decisién de simbolo dos en la
dltima columna, y asi. la porcién de la matriz S que previenen que
seria una verdadera matriz de circunvolucién son las Areas
triangulares 40 y 42. Las lineas diagonales en la figura 3 son
paralelas.

De acuerdo con el presente invento, y como se muestra en
la figura 4 la matriz 8 de la figura 3 se descompone para formar
dos matrices 8 y F de tal manera que la matriz 8 es una verdadera
matriz de circunvolucidén. de esta manera, el area 44 de la matriz
8 es la misma que el area 44 de la matriz 8, y las decisiones de
simbolo en las Areas 40 y 42 de la matriz 8 se fijan en 0. La
decisién de simbolo en el area 44 de la matriz F se fijan en cero,
y las Areas 40 y 42 de la matriz ¥ son las mismas que las areas 40
Yy 42 de la matriz 8. Un Nuevo sistema linea al basado en 8 y F se
definen luego para resolver el estimativo de canal h.
Ventajosamente, las operaciones FFT de 8 se pueden utilizar para
implementar la multiplicacién de la matriz de vector del algoritmo
conjugado gradiente sin corrupcién porque 8 es verdaderamente una
matriz de circunvolucién.

Especificamente, porque el sistema lineal esta definido

por y = S8h, resulta la siguiente ecuacién:

=@B+rh (42)
8h + Fh {43)

KO M
il

-rh = 8h (44)
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Definiendo y - Fh; = ¥, donde h; es un estimativo de canal previo
derivado por medio de cualquier técnica conocida, la nueva
expresién del sistema se convierte en ¥ = 8h. Esta expresién se
puede escribir como 8'§ = §"8h. El algoritmo conjugado gradiente se
puede entonces aplicar para resolver h en el nuevo sistema de la
siguiente manera:
(1) ¥y = Y- Fh1r
r, = &7y - 878h,
(2) Para k = 1 a n, calcular en forma iterativa
(a) dy =x, + fidy,
(b) hp,; = hy + a,d;

(e) x4y =5 - aya;,

donde h; se puede inicializar cualquier valor deseado como 0, y

donde do, Yo, f,, Y @, son como se definieron anteriormente.

Como se indica arriba la siguiente ecuacién (40), paso
2(b) incluye el cilculo de la expresién q, = 878d,. Esta
multiplicacién se puede resolver en forma conveniente formando el
FFT de (i) la matriz 8, (ii) dy, y (iii) 8. Los tres resultados
FFT son vectores de punto inteligente multiplicades, y la FFT
inversa (IFFT) se toma del resultado de la multiplicacién. Los
primeros N elementos de este IFFT producen q:. N, por ejemplo,
puede tener un valor de 512 para una FFT/IFFT de 1024 puntos. Sin
embargo, N puede tener otros valores como se desee.

La figura 5 muestra un sistema 50 para implementar esta
técnica de tal manera que determine un esatimativo de canal h.el
sistema 50 inéluye un decodificador 52 que decodifica los datos
recibidos y para producir los simbolos s. Como se describid arriba,

el decodificador 52 puede ser un decodificador trellis. Sin
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embargo, el decodificador 52 puede ser otras formas de
decodificador tales como cortadores. Un estimador de canal 54
produce un estimativo de canal h utilizando la técnica descrita
arriba.

Modificaciones del presente invento le ocurrirén a
aquellos practicando en el arte del presente invento. Por ejemplo,
el Fast Fourier Transform (FFT) y el Fast Fourier Transform
iverso(IFFT)se utilizan en el presente invento como se describid
mas arriba. En forma alterna el Discrete Fourier Transform (DFT) y
el Discrete Fourier Transform (IDFT)inverso se pueden utilizar
interés del FFT y el IFFT.

De esta manera, la descripcién del presente invento se
debe interpretar como l1lustrativa dnicamente y tiene el propédsito
de ensefilar aquellos diestros en el arte la mejor manera de llevar a
cabo el invento. Los detalles se pueden variar sustancialmente siﬂ
alejarse del espiritu del invento, y se reserva el uso exclusive de
todas las modificaciones que estan dentro del alcance de las

reivindicaciones anexas.

Qv
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Nosotros reivindicamos:

1. Un método para procesar una sefial que se recibe para

producir un estimativo de canal que comprende:

(a) decodificar la seflal recibida y para formar los datos
(b) formar una matriz de circunvolucién § de los datos

(c) formar una matriz F de los datos s, donde la matriz F
resulta de formar la matriz $ como una matriz de circunvolucién;
Y

(d) ejecutar un algoritmo conjugado gradiente para
determinar este estimativo de canal, donde el algoritmo conjugado
gradiente est& basado en la sefial que se recibe y, la matriz §, &

la matriz F.

2. el método de la reivindicacién 1 donde la ejecucién de
un algoritmo conjurado gradiente comprende determinar una cantidad

qgx de acuerdo con la siguiente ecuacién:

donde dx es dependiente de la sefial que se recibe y, la matriz s, }
la matriz F, y donde qx se determina formando un primer FFT de la
matriz 5, formando un sequndo FFT de la matriz 57, formando un
tercer FFT de dy, multiplicando en primer, segundo, tercer FFTs
para producir un resultado de multiplicacién, y formar una FFT

inverso del resultado de la multiplicacién.

A3
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3. El método de la reivindicacién 1 donde la formacién de
la matriz 5 de los datos s comprende:
formar una matriz S§ de los datos s; vy,

formar una matriz § de la matriz S fijando ciertos

valores de la matriz S en cero;
y donde la formaci6én de la matriz de los datos s
comprende:
formar la matriz F de la matriz S fijando en cero los
valores de la matriz S que no se fijaron en cero durante la

formacién de la matriz 5.

4, El método de la reivindicacién 3 donde la ejecuciédn de
un algoritmo conjugado gradiente comprende determinar una cantidad

qr de acuerdo con la siguiente ecuacién:
dx = ngdk'

donde dyx es dependiente de la sefial que se recibe y, la matriz s,
y la matriz F, y donde qx se determina formando un primer FFT de la
matriz §, formando un segundo FFT de la matriz 5T, formando un
tercer FFT de dy, multiplicando el primer, segunde, tercer FFTs
para producir un resultado de multiplicacién, y formar una FFT

inversc del resultado de la multiplicacién.

5. E1 ecualizador de la reivindicacién 1 donde ejecutar
un algoritmo conjugado gradiente para determinar el estimativo del

canal h comprende ejecutar el siguiente algoritmo:
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(2) Para k = 1 a n, calcular iterativamente
(@) dy = g + Pydyy
(b)  hyyy = hy + oydy

(€) X4y = O — Qg

donde h; es un valor inicial del estimativo de canal, donde

Iy ® I, Ty ® I

By = 0, Byxaz = , donde a, = , donde qy = STSdy.

T
Tg-1 ® Tx-1 dy * qy

6. El método de las reivindicaciones 5 donde la ejecucién
de un algeoritmo conjugado gradiente comprende determinar la
cantidad qx formando un primer FFT de la matriz 5, formando un
segundo FFT de la matriz3T, formando un tercer FET de dy,
multiplicande el primer, segundo, tercer FFTs para producir un
resultado de multiplicacién, si formando un FFT inverso del

resultado de la multiplicacién.

7. El método de las reivindicaciones 5 donde la formacién
de la matriz § de los datos s comprende:

formar una matriz S de los datos s; =i,

formar una matriz § de la matriz S fijando ciertos
valores de la matriz S en cero;

y donde la formacidén de la matriz de los datos s

comprende:

formar la matriz F de la matriz S fijando en cero los

valores de la matriz S que no se fijaron en 0 durante la formacién

de la matriz 5.

8. El método de la reivindicacién 7 donde la ejecucién de

un algoritmo conjugado gradiente comprende determinar la cantidad

Al
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dx formando un primer FFT de la matriz §, formando un segqundo FFT
de la matriz §T, formando un tercer FFT de d,, multiplicando el
primer, segundo, tercer FFTs para producir un resultado de

multiplicacién, y formar un FFT inverso del resultado de la

multiplicacién.

9. Un método para procesar la seflal recibida que

comprende:
(a) decodificar una seflal recibida y para formar los
datos s;

(b) formar una matriz de circunvolucién 5 de los datos

(c) transformar una matriz F de los datos s, donde la
matriz F resulta de formar la matriz § como una matriz de
circunvolucién; vy,

(d) ejecutar un algoritmo conjugado gradiente basado en

la seflal recibida y, la matriz §, y la matriz F.

10. El método de la reivindicacién 9 en donde la
ejecuciédn de un algoritmo conjugado gradiente comprende determinar

una cantidad qy de acuerdo con la siguiente ecuacién:

donde dx es dependiente de la seflal que se recibe y, la matriz 5,
y la matriz F, y donde qx se determina formando un primer FFT de la
matriz §, formando un segundo FFT de la matriz 5T, formando un
tercer FFT de dy, multiplicando el primer, segundo, tercer FFIs
para producir un resultado de multiplicacién, y formar un FFT

inverso del resultado de la multiplicacién.

do
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11. El método de la reivindicacién 9 donde la formacién
de la matriz § de los datos s comprende:

formar una matriz S de los datos s; vy,

formar una matriz § de la matriz S fijando ciertos

valores de la matriz S en cero;

y donde la formacidén de la matriz F de los datos s

comprende:

formar la matriz F de la matriz S fijando en cero los
valores de la matriz S que no se fijaron en cero durante la

formacién de la matriz §.

12. El1 método de la reivindicacién 11 en donde la
ejecucidn de un algoritmo conjugado gradiente comprende determinar

una cantidad q; de acuerdo con la siguiente ecuacién:

g = éngk'

donde dy es dependiente de la seflal que se recibe y, la matriz 5,
y la matriz F, y donde qx se determina formando un primer FFT de la
matriz §, formando un segundo FFT de la matriz 5T, formando un
tercer FET de dy, multiplicando el primer, segundo, tercer FFTs
para producir un resultado de multiplicacién, y formar un FFT

inverso del resultado de la multiplicacién.

13. Un método para procesar una seflal recibida y que
comprende:

(a) decodificar la sefial recibida y para formar los datos

\a¥

143
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y donde la formacién de la matriz F de los datos s
comprende:
formar la matriz F de la matriz S fijando en cero los
valores de la matriz S que no se fijaron en cero durante la

formacién de la matriz §.

1é. El método de la reivindicacién 15 en donde 1la
ejecucién de un algoritmo conjugado gradiente comprende determinar

una cantidad q, de acuerdo con la siguiente ecuacién:

ax = §78d,,

donde dyx es dependiente de la sefial que se recibe y, la matriz §, y
la matriz F, y donde gqx se determina formando un primer FFT de la
matriz §, formando un sequndo FFT de la matriz 57, formando un
tercer FFT de d,, multiplicando el primer, sequndo, tercer FFTs
para producir un resultado de multiplicacién, y formar un FFT
inverso del resultado de la multiplicacién.

17. Un método para procesar la seflal recibida y para producir un
estimativo de canal y que comprende:

(a) decodificar la sefial recibida y para formar los datos

(b) formar una matriz de circunvolucién 5 de los datos
8;

(c) formar una matriz F de los datos s, donde la matriz F
resulta de formar la matriz $§ como una matriz de circunvolucién;
Y,

(d) ejecutar un algoritmo conjugado gradiente basado en
la seflal recibida y, la matriz S, y la matriz F, donde el

algoritmo conjugado gradiente incluye la formacién de FFTs basados
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en la sefial recibida y, la matriz §, la matriz F, multiplicando
los FFTs para formar un producto de multiplicacién, y formar un FET

inverso del producto de la multiplicacién.

18. El método de la reivindicacién 17 en donde la
ejecucién de un algoritmo conjugado gradiente comprende determinar.

una cantidad gy de acuerdo con la siguiente ecuacién:

donde dy es dependiente de la sefial que se recibe y, la matriz 5,
y la matriz F, y donde qy se determina formando un primer FFT de la
matriz 5§, formando un sequndo FFT de la matriz ST, formando un
tercer FFT de dx, multiplicando el primer, seqgundo, tercer FFTs
para producir un resultado de multiplicacién, y formar un FFT

inverso del resultado de la multiplicacién.

19. El método de la reivindicacién 17 donde la formacién
de la matriz 5 de los datos s comprende:

formar una matriz S de los datos s; Yy,

formar una matriz S de la matriz $ fijando ciertos
valores de la matriz S en cero;

y donde la formacién de la matriz F de los datos s

comprende:

formar la matriz F de la matriz S fijando en cero los

valores de la matriz S que no se fijaron en cero durante la

formacién de la matriz S.

1P
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20. El método de la reivindicacién 19 en donde la
ejecucién de un algoritmo conjugado gradiente comprende determinar

una cantidad gx de acuerde con la siguiente ecuacién:

qx = §78d,,
donde dy es dependiente de la seflal que se recibe y, la matriz §,
y la matriz F, y donde gx se determina formando un primer FFT de la
matriz §, formando un segundo FFT de la matriz 57, formando un
tercer FFT de d, multiplicando el primer, segundo, tercer FFTs
para producir un resultado de multiplicacién, y formar un FFT

inverso del resultado de la multiplicacién.

21. El ecualizador de la reivindicacién 17 donde la
ejecucién de un algoritmo conjugado gradiente para determinar un
estimativo de canal h comprende la ejecucidédn del siguiente

algoritmo:

(1) § =y -Fhy,
r, = 8Ty - §"8h,

(2) Para k =1 a n, calcular en forma iterativa
(a) dy = 5 + Bydg-3
(b) hye1 = hy + apd,

(€) Xy =I5y — Qg .

donde h; es un valor inicial del estimativo de canal, donde

T
I, ®* 5
Bl = 0, Bkkz = _?k_' donde oy =
Ix-1 ®* L1 d'k ® gy

T
Xk * T, donde gy = S"Sdy.

%
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22. El1 método de la reivindicacién 21 donde la ejecuciédn’
de ua algoritmo conjugado gradiente comprende la determinacién de
la cantidad qx formando un primer FFT de la matriz §, formando un
segundo FFT de la matriz §r, formando un tercer FFT de di,
multiplicando el primer, sequndo, tercer FFTs para producir un

resultado de multiplicacién, y formar una FFT inverso del resultado

de la multiplicacién.

23. El método de la reivindicacién 21 donde la formacién
de la matriz § de los datos s comprende:

formar una matriz S de los datos s: v,

formar una matriz § de la matriz S fijando ciertos
valores de la matriz S en cero;

y donde la formacién de la matriz F de los datos s

comprende:

formar la matriz F de la matriz S fijando en cero los

valores de la matriz S que no se fijaron en cero durante la

formacién de la matriz §.

24. El método de la reivindicacién 23 donde la ejecucidn
de un algoritmo conjugado gradiente comprende la determinacién de
la cantidad qx formando un primer FFT de la matriz §, formando un
segundo FFT de la matriz §r, formando un tercer FFT de dx,
multiplicando el primer, segundo, tercer FFTs para producir un
resultado de multiplicacién, y formar una FFT inverso del resultado

de la multiplicacién.
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Resumen

Formando un estimativo de canal, una sefial recibida y se
decodifica para formar los datos s, de los datos s se forma una
matriz de circunvolucién § se forma de los datos S, una matriz F
se forma de los datos s de tal manera que la matriz F resulta de la
formacién de la matriz como una matriz § de circunvolucién, y un
algoritmo conjugado gradiente se ejecuta para determinar el
estimativo de canal. El algoritmo conjugado gradiente esta basado .

en la seflal recibida y, la matriz § y la matriz F.

G
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