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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, appeared
Jack Kafl , of 57 age, and domiciled at
Highland Park, Illinois _and stated:

FIRST: That he/she acts in his/ her capacity %
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 myépacity he/she gran by 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 Bogotid, 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 all 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 offthe company in the

event of infringements, oppositions, proceedings for cancell2fiof ent,
imposition of fines, including resort to litigation; they are emp ecE%_o appgar as
plaintiff or defendant before the competent judges, being: ¢§atiled to%transact,
submit to arbitration, waive, receive, resign, withdraw, a ipeia a&h’m legal
powers which may be necessary, and it is hereby ra@ﬁb}*ﬁ’;a Stk ppied, an?‘ﬁc
< PV f"'tf*‘*
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uy/ 5

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.5.A.

October 9, 2002

%:ck Kall

Notary Public
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SPRINGEEGED, IT.LINOLS)

APOSTILLE

(Convention de La Haye du 5 Octobre 1961)

Country: United States 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 STATE OF ILLINOIS
Certified
Springfield, Illinois
OCTOBER 11, 2002
by the Secretary of State, State of Illinois
No. 5401

Seal/Stamp: 10. Signature:
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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 I am certain that he has legal
capacity to grant it; that heig Asselstant Secretary of Zenith Electronics
Corporation, and is consequently authorized to grant such document; that such
company is organized under the laws of the state of Illinois, 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. Furthermore, that such
company performs its corporate purpose in accordance with the laws of its
incorporation and domicile.

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

all of which I hereby attest.

NOTARY PUBLIC (signature) }gda»-m / ( W

ISSUED ANDSIGNED AT Lincolnshire, Illinois
DATED October 9, 2002

(LEGALIZATION BY APOSTILLE IS REQUIRED)
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Traduccién Oficial No. 2002/195 de un documento escrito an inglés el cual para su
identificacién se sella con el sello del traductor al tiempo con la presente. Esta
traduccion ha sido preparada por Hilda Aguilera de Piedrahita, traductora oficial
debidamente reconocida por el Ministerio de Relaciones Exteriores y autorizada
por el Ministerio de Justicia y del Derecho por Resolucién No. 323 de 1980.

PODER
Colombia
En la ciudad de Lincoinshire, el dia 9 del mes de Octubre de dos mil dos(2002),
ante mi, Sharon K Kroll Notario Piblico, comparecié Jack Kail de 57 aflos de

edad, y con domicilio en Highland Park, Illinois y manifests:

PRIMERO: Que el obra en su calidad de Secretario Asistente de Zenith
Electronics Corporation, una compaflia legalmente constituida y existente de
conformidad con las leyes del estado de illinois, y con domicilio en 2000 Millbrook
Drive, Lincoinshire, Hlinois 60069, Estados Unidos de América, como se evidencia
en los Estatutos de Conatitucidn, documentos que he examinado.

SEGUNDO: que en tal calidad el otorga por el M poder especial ampli y
CARDENAS
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domiciliada en la Carrera 7 No. 71-52, Torre B, Piso 8, Bogotad D.C., Colombia,
para llevar a cabo ante las comrespondientes Oficinas Nacionales Colombianas y
autoridades los trémites para obtener patentes, modelos industriales y disefios y
registros de marcas, asl como trdmites para renovaciones, traspasos, cambios de
nombre o domicilio del propietario, renuncias y licencias de ios mismos para cuyo
fin estdn facultados pera realizar ante dichas autoridades todas las acciones
necesarias para los fines inciicados; para presentar solicitudes, declaraciones,
reivindicaciones, formular descripciones, modificaciones, oposiciones, vy
apelaciones; pagar todos los impuestos y derechos y hacer cualesquiera otros
pagos que la ley determine; recibir todos los documentos y valores con expedicion
del respectivo descargo; cumplir cualesquiera otros requisitos y tomar en general
todas las medidas que juzguen oportunas para la defensa y proteccibn de las
marcas de la compaiila en el evento de infracciones, oposiciones, procesos de
cancelacion o anulacién, imposicion de multas, presentar antecedentes ante las
cortes; quedan facultados para comparecer en calidad de demandante o
demandado ante los jueces competentes, tendran derecho de transar, someterse

a arbitraje, renunciar, recibir, renunciar, desistir, apelar y todgs las demss

facuitades legales que puedan requerirse, y por el presente declgrs

vélido y satisfactorio lo que dichos abogados hagan en n :

o«

otorgéndoles también poder para sustituir este poder y s‘f’ i':=f ]

revocar tales sustituciones. X )
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TERCERO: que para fines de los articulos 597 y 543 del Cédigo Colombiano de
Comercio, los abogados estédn facultados para recibir notificaciones y para

designar apoderados judiciales y extrajudiciales.

FIRMADO EN: Lincoinshire, lllinois, EUA
EL: 9 de Octubre de 2002.
POR: llegible

Jack Kail

NOTARIO PUBLICO

CERTIFICACION NOTARIAL

El suscrito Notario Piblico certifica que el Sr. Jack Kail comparecié ante ml y
suscribié el documento precedents; que lo conozco personaimente y que estoy
seguro de que tiene las faculiades pa}rwfgarlo; que 6! as Secretario Asistente
de Zenith Electronics Corporation, y por consiguiente esté utorizado para

se otorga este documento estd incluido entre aquelios que,&

social de la compaiiia mencionada.
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Estoy seguro de todos estos hechos por haber examinado los documentos
respectivos consistentes en el Poder para Colombia, de todo lo cual doy fe.

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

EXPEDIDO Y FIRMADO EN Lincoinshire, lllinois

FECHA : Octubre 9, 2002.

Sello a tinta: SELLO OFICIAL, SHARON K KROLL, Notario Piblico, Estado de
llinois,

Mi comisién expira 10/30/04.

(SE REQUIERE LEGALIZACION MEDIANTE APOSTILLA)

ESTADO DE ILLINOIS
SECRETARIO DE ESTADO
SPRINGFIELD, ILLINOIS
APOSTILLA
(Convencion de la Haya de Octubre 5 de 1961)
Pais: Estados Unidos de América

>

Este documento piiblico
2. Ha sido firmado por SHARON K. KROLL

3. Actuando en calidad de Notario Piblico, Condado de{ Co
ot

4. Uevael ssllo/estampilla de | Estado de linols § };",,%o

CERTIFICADO ‘t“\



En Springfield, lllinois

El dia 11 de Octubre de 2002.

Por el Secretario de Estado del Estado de lllinois
Nimero 5401.

@ @& N o o

Sello (Sello Redondo en Relieve)
10.  Firma (Firmado:llegible)
Jessa Whita, Secretario de Estado, Estado de lllinois.

R
. ‘-
ol
-~

N

ES TRADUCCION FIEL Y COMPLETA de la cual se deja copia en los archivos de

2 ic-

esta oficina para su confrontacion y a la cual me remito. =y
Bogotd, Octubre 21 de 2002. olly § B ‘2“4 " ‘4,&}'"
RADUCCION OFITIAL W Hf ./
SADA ASDILIRA 01 A .
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LOW COST VS3 ENCODZR AND =
SUBSTANTIALLY 6 MHZ VSB S
C

RE

MODULATOR FOR SUSFLYING A
GNAL TO DIGITAL TELZVISION
IVER

51 1=ty

a F rha ve ' 5 Drior
-] This invention rslates generally to digital VSB
" w&p Baﬂdunuxﬂcp'k5:

(tEEEigigl side band) television receivers and specifically

to a simple low cost system for coupling a digital VSB
signal from any of a plurality of sources of a digital
signal (such as an MPEG - Motion Picture Experts Group -

10 digital signal) to a digital VSB television receiver. While
the description is directed to a VSB digital format, it
should be understoed that the invention in its broader
aspects is not limited to a particular digital format.

. The recently adopted Digital Television Standard

15 specifies a VSB subsystem having a terrestrial broadcast
mode (8 VSB) and a high data rate mode (16 VSB). There are
other VSB modes available, namely 2 VSB, 4 VSB and 8 VSB
(non terrestrial). The 8 VSB terrestrial mode has the data

[ kBimiim dn cosiheSes telon
carrying capability of 4 VSB. (The Trellis coding that is

) added for the terrestrial environment creates the additiocnal
modulation levels.) The digital data signal for video is

MPEG encoded and for audio is Dolby AC-3 processed and must

be subjected to decompression before application to

conventionalz\ideo and audio circuitry. For terrestrial
w\\\\\_~__ Jun¥’61 crede. Ay )

—— _ 3
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broadcasting, the data signal is: randomized; subjeczed to

Reed-Solomon (R/S) type enceoding for eryor correction;
) RIS, R SR

v
interleaved; Trellis encoded; multiplexed with segment
—— e o e — . st

sync and field svnc; supplied with a DC pilot; subjected
to pre-equalization filtering; modulated; and RF
upconverted for transmission. The digital tzlevision

Ve
receiver includes a tuner and a VSB demodulator for

developing the baseband signal, which is in compressed form.
The demodulated signal is applied to an equalizer for
equalizing the received signal. The baseband signal is
applied to a transport demultiplexer which directs the data
to an appropriate MPEG decoder and a Dolby decoder for
recovering the video and audio in proper form for

Vo
-
application to video and audio processing circuitry.

Digital signals may be supplied to digital receivers by

r.,_,h,.._.a..r-

over-the-air transmission sources. Digital signals from
e —— " . ——
other sources, such as DVP (digital video disk) players,
VCR’'s (video cassette recorders), PC’s (personal computers),
digital cable boxes, satellite receivers and the like will

also be supplied to digital television receivers, as is the

case for present analog television receivers.
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In an analog system, it is well known that

coupling the signal from a VCR or other video source 0 a

S bowa, _
baseband input of a television receiver (if one is
—-'-_-"l-_____
available) yields results superior to those achieved by
modulating the signal to RF channel 3 or RF channel 4 and
supplying it to the tuner input of the television receiver.
This baseband coupling, however, does not necessarily
produce superior results in a digital environment in which
case the distance between the baseband signal source and the

televigion receiver must be kept relatively short. 1In an

analog system, it is also well known to supply double

sideband signals to a receiver.

In accordance with the invention described in U.S.
Application Serial No. 09/300,299 filed April 27, 1999, a
compressed baseband digital signal is encoded in a given
format for digital transmission and is modulated onto an RF
carrier for direct application via a cable or wireless link
to the RF input of a digital television receiver. The RF
signal, which is at a low power level and has a less-than-
nominal bandpass, takes advantage of the front end signal
processing that is built into the digital television

receiver. Signal impairments, due to the less-than-nominal
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bandpass characteristic and noise introduced during
——

transmission, that are below a given threshold are corrected
by the correction circuitry in the digital television
receiver front end. The low signal power, the corrective

5 ciEEEiEry for the digical signal, and the benign environment
of the communications link enable componente and circuits of
much lower tolerance (and cost) to be used in the encoding
and meodulating process implemented by the other sources
described above. The result is an modulator that is very

10 low cost and very effective in coupling a digital signal to
a digital television receiver over an RF channel.

The present invention is directed to another
&

arrangement for providing a digital signal to a digital

receiver.

15 Summary of the Invention
In accordance with a first aspect of the
invention, a system for supplying a compressed digital

signal to a digital television receiver comprises a source

PP
of compressed baseband signal, an encoder, first and second
20 £ d%q?c\' d fi d d third
requency g ters, t, . t
1 y ghi s, and first, second, an ;f
interpolators. The encoder encodes the baseband signal in a
—_—
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digital format, wherein the baseband signal has a frequency.
The first frequency shifter shiits the frequency of the
encoded baseband signal. The first interpolator
interpolates an output of the first frequency shifter, the
second interpolator interpolates an output of the first
interpolator, and the third interpolator interpolates an
output of the second interpolator. The second frequency
shifter shifts a frequency of an output of the third
interpolator.

In accordance with another aspect of the
invention, a method of supplying a compressed digital signal
to a digital television receiver comprises the fellowing:
encoding a baseband signal in a digital format, wherein the
baseband signal has a symbol frequency; increasing the
symbol frequency of the encoded baseband signal to produce
an intermediate freguency signal, wherein the increasing of
the symbol frequency of the encoded baseband signal includes
three interpolations of the encoded baseband signal; and,
modulating the intermediate frequency signal with a channel
selection freguency signal so as to produce an output signal

having the frequency of a selected channel.
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In accordance with still another aspec: oI the
invention, an elsctrical signal is.produced by (i) encoding
a signal in a digital television format, wherein the signal
has a symbol frequency £,, (ii) shifting the fregquency eof
the encoded signal by f,/4, (iii) increasing the fregquency
of the shifted encoded signal to produce an intermediate
signal, and (iv) modulating the intermediate freguency
signal with a channel selection frequency signal so as to
produce the electrical signal at the frequency of a selected

channel.

i af Daarrd ok wing
These and other features and advantages of the
invention will be apparent upon reading the following
description in conjunction with the drawing, in which:
Figure 1 is a simplified block diagram of a
digital(??modulator in accordance with the present
invention;
Figure 2 is a block diagram showing the VSB
digital signal modulator of Figure 1 in additional detail;
Figure 3 is a more detailed block diagram of the

VSB digital signal modulator of Figure 2;
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Figure 4 is a curve illustrating the fraguency

spectrum of the encoded baseband signal supplied to the VS3

digital signal modulator of Figures 2 and 3;

the

low

the

the

the

the

the

Figure 5a illustrates the frequency response of

sinx/x correction filter of Figures 2 and 3 for channel

Figure 5b illustrates the frequency response of

sinx/x correction filter of Figures 2 and 3 for channel

Figure 6 illustrates the frequency response of the
pass filters of Figures 2 and 3;

Figure 7a illustrates the frequency response of
half band filter HBF 1 of Figures 2 and 3;

Figure 7b illustrates the frequency response of
half band filter HBF 2 of Figures 2 and 3;

Figure 7c illustrates the frequency response of
half band filter HBF 3 of Figures 2 and 3;

Figure 8a illustrates the frequency spectrum of
modulated data for channel 3;

Figure B8b illustrates the frequency spectrum of

modulated data for channel 4;
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Figure 9a illustrates the frequency spectrum ol
the D/A output fcor channel 3;

Figure 9b illustrates the freguency spectrum of
the D/A output for channel 4; and,

Figure 10 is a block diagram of an output circuit

for the VSB digital signal modulator of Figures 2 and 3.

vy i D > = 4

As shown in Figure 1, a source 10 provides a
digital MPEG encoded signal. The source 10 may be any of a
number of different types of sources. For example, the
source 10 may comprise a satellite receiver, a VCR, a DVD, a
digital cable box, a PC, etc. The output of the source 10
is an MPEG (and Dolby AC-3) encoded digital signal at
baseband fregquency. This baseband signal may be applied
directly to a baseband input of a digital television
receiver. However, in accordance with the present
invention, the baseband signal is applied to an ATSC encocder
12 which subjects the signal to interleaving, randomizing,
i S
R/S error encoding, and/or Trellis encoding. Field and

segment syncs are added and, while not indicated, a pilot is

inserted and equalization filtering is employed. (See ATSC
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Standard A/53, ATSC Digital Television Standard for a
detailed description of these operations.)

The ATSC encoder 12 supplies symbol data to a
digital modulator 14 which remodulates the svmbol data onto
a selected RF channel, such as channel 3 or 4. Following
remodulation, an output circuit 16 processes the remodulated
data and supplies the processed remodulated data over an RF
output to a digital receiver such as a digital television.
The symbol data provided by the ATSC encoder 12 has a 10.76
MHZ data rate and its spectrum is flat across the entire
frequency band. This data has a small DC offget which is
used as a pilot, and the symbol data width is seven bits._
Figure 4 shows the symbol data frequency spectrum taken with-

a 128 point discrete Fourier Transform (DFT).

As shown in Figures 2 and 3, a sinx/x correction
filter 20 is provided at a front end of the digital
modulator 14.//The sinx/x correction filter 20 may have
seven EEEE and is provided to compensate for the sinx/x roll
off created by the D/A converter discussed below. Because
channel 3 requires a different sinx/x correction than does
channel 4, the sinx/x correction filter 20 contains two sets

of tap values selected by the channel select signal. For
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example, if the channel select signal is a logic level =zero,
the channel 3 taps are selected and, if the channel select
signal is a logic level one, the channel 4 taps are
selected.

The bits produced by application of these taps to
the symbol data may be rounded to eleven bits and the most
significant of these eleven bits may be discarded leaving a

ﬂﬁtndg,hhbdqhk
sinx/x correction SEEEEE having ten bits. Even if this most

aheacia da col.de. .
significant bit were not discarded, the output of the sinx/x

————
correction filter 20 will not exceed ten bits when the
ginx/x correction filter 20 receives normal symbol data.
Therefore, the most significant bit may be discarded without

risk of overflow. Table 1 below shows an exemplary set of

tap values for the sinx/x correction filter 20.

-10_
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Table 1

Tap Ch 3 Value Ch 4 Value
0 -3 -4

1 1 2

2 -22 -30

3 400 400

4 -22 -30

5 1 2

6 -3 -4

The frequency response of the sinx/x correction filter 20
based upon the exemplary set of channel 3 tap values is
shown in Figure 5a, and the frequency response of the sinx/x
correction filter 20 based upon the exemplary set of channel
4 tap values is shown in Figure 5b.

The output of the sinx/x correction filter 20 is
shifrted by 2.69 MHZ, which is one-fourth of the symbol rate
feym- This shifc in frequency moves the DC pilot to the
center of the spectrum shown in Figure 4. The frequency
gahift is performed by multiplying the symbol data by
el/det™  Thig multiplication is implemented in Figure 2 by

a multiplier 22 which multiplies the data by cos (w,,n/4)

- 11 -
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and a multiplier 24 which multiplies the data by

sin{w,n/4) because

e * = cos(—2I_ Oy —=——) = jsin( ‘:1"'") (1)

Because the frequency shift is equal to one-fourth the

symbol clock rate, the factor cos(wg.n/4) applied by the

multiplier 22 produces the following seguence:
1,0,-1,0,1,0,-1,0 .

and the factor sin(wgmn/4) applied by the multiplier 24

produces the following sequence:

0,1,0,-1,0,1,0,-1
The two sequences can be interleaved because every other
value in both sequences is zero. The resulting sequence is

given by the following:

1,1,-1,-1,1,1,-1,-1

- 12 -
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As shown in Figure 3, this combined sequence may be
implemented as aza's complement circuit 26. The contrel
signal from the timing block 238 turns on the 2's complement
circuit 26 for two symbol clock cvcles and off for two
symbol clock cycles.

After the data is shifted in freguency, the real
and imaginary parts of the data are filtered by low pass
filters 30 and 32 as shown in Figure 2. As shown in Figure
3, the low pass filters 30 and 32 may be implemented, for
example, as a single thirty-three tap low pass filter 34
because the real and imaginary data are interleaved at the
ocutput of the 2's complement circuit 26. The low pass

filter 34 shapes the VSB output spectrum and has a filter

. . . Cose nd
roll-off that approximates the root-raised cosine roll-off
S — -— . - i e —— =

of the ideal VS3 output spectrum. The 3 db point of the low
pass filter 34 is at 2.6%9 MHZ. 1In order to reduce the size
of the low pass filter 34, the bandwidth of the low pass
filter 34 is slightly wider than the 3 MHZ bandwidth of an
ideal root-raised cosine filter. Table 2 below shows an
exemplary set of tap values for the low pass filter 34,
assuming that it is implemented as a thirty-three tap

filter,

- 13 -
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Table 2
Tap Value Tap Value Tap vValue
0 -5 11 66 22 -20
1 -14 12 22 23 -41
2 -7 13 -122 24 17
3 14 14 -24 25 7
4 11 i5 384 26 -14
5 -18 16 631 27 -18
6 -14 17 384 28 11
7 27 18 -24 29 14
8 17 19 -122 30 -7
S -41 20 22 31 -14
10 -20 21 66 32 -5

Figure 6 shows the frequency response of the low pass filter
34 based upon this exemplary set of thirty-three tap values.

As discussed previously, the real and imaginary
data are interleaved at the output of the 2's complement
circuit 26. When the real data are at the even taps of the
low pass filter 34, the imaginary data are at the odd taps
of the low pass filter 34, and vice versa. Therefore, the
low pagss filter 34 has two cutputs, an even tap cutput and
an odd tap output. Both ocutputs are interleaved with the

real and imaginary data, and these outputs may be rounded to
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eleven bits and limited to ten bits before being applied to
a two-to-one mux 35. Such limiting will rarely occur.

In order to modulate the data, the sample rate
should be increased to 85.08 MHZ, which is eight times the
symbol data rate. The sample rate is increased in three
stagesa, with each stage interpolating the data by two. Each
interpolation stage includes a half band filter which
removes the image of the data caused by the interpolation.
Fewer filter taps are required if the interpolation and
filtering are done in three steps instead of one.

Accordingly, as shown in Figure 2, the cutputs of
the low pass filters 30 and 32 are supplied to corresponding
interpolation and half band filters 38 and 40 which perform
an interpolation by two and which filter the interpolation
results. The outputs of the interpolation and half band
filters 38 and 40 are then supplied to corresponding
interpolation and half band filters 42 and 44 which also
perform an interpolation by two and which filter the
interpolation results, and the outputs of the interpclation
and half band filters 42 and 44 are supplied to

corresponding interpoclation and half band filters 46 and 48
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which likewise perform an interpolation by two and filzer
the interpolation results.

Interpolation by two inserts a zero in between
each complex data symbol. The real and imaginary parts oi
the data symbols are then interleaved because every other
data symbol is zerc. Therefore, as shown in Figure 3, only
one half band filter 50 and the two-to-one mux 36 are
required for the interpolation and half band filters 38 and
40, only one g;l;_pqgg filter 52 and a two-to-one mux 56 are
required for the interpolation and half band filters 42 and
44, and only one half band filter 54 and a two-to-one mux 58
are required for the interpclation and half band filters 46
and 48.

The two-to-one mux 36, under control of the timing
block 28, interleaves the data by combining the even and odd
tap outputs of the low pass filter 34 into one data stream
with the imaginary data interleaved before the real data.
The diagram below illustrates the data before and after the

two-to-one mux 36.

i r. I _ T
odd tap output r, i, ~ r

even lap output

1 b
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The half band filter 50 is implementced, for example, as a
filter having eleven taps. Table 3 below shows an exemplaxv
set of tap values for the half band filter 50, assuming that

it is implemented as an eleven tap filter,

Table 3

Tap Value Tap Value
0 29 6 619
1 0 7 0
2 -134 8 -134
3 0 9 0
4 619 10 29
5 1024

Figure 7a shows the frequency response for the half band
filter 50 based upon this set of exemplary tap values.

The two-to-one mux 56, under control of the timing
block 28, interleaves the data from the half band filter 50
by combining the even and odd tap outputs of the half band
filter 50 into one data stream with the imaginary data
interleaved after-real data. The diagram below illustrates

the data before and after the two-to-one mux 56.

- 17 -
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even tap omtput '3 T2 4

i : i o= dyrg dara B ory iy r, mux ourput
odd up omiptr .~ |, r-

The half band filter 52 is implemented, for example, as a
filter having seven taps. Table 4 below shows an exemplary

set of tap values for the half band filter 52, assuming that

it is implemented as an seven tap filter.

Table 4
Tap Value Tap Value
o -9 4 73
1 0 5 0
2 73 6 -9
3 128

Figure 7b shows the freaquency response for the half band
filter 52 based upon this set of exemplary tap values.

The two-to-one mux 53, under control of the timing
block 28, interleaves the data from the half band filter 52
by combining the even and odd tap outputs of the half band
filter 52 into one data stream with the imaginary data
interleaved after real data. The diagram below illustrates

the data before and after the two-to-one mux 58.
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The half band filter 54 is implemented, for example, as a
filcer having seven taps. Table 5 below shows an exemplary
set of tap values for the half band filter 54, assuming that

it is implemented as an seven tap filter.

Table S
Tap Value Tap Value
0 -1 4 9
1 0 5 0
2 L] 6 -1
3 16

Figure 7c¢ shows the frequency response for the half band
filter 54 based upon this set of exemplary tap values.

The fregquency response of each of the half band
filters 50, 52, and 54 is 6 db down at half of the Nyquist
frequency for each of the half band filters 50, 52, and 54.
Also, each of the half band filters 50, 52, and 54 has only
one odd tap. Because the real and imaginary data are

interleaved, the real data are in the even taps when the
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imaginary data are in the odd taps and vice versa.
Therefore, the half band filters 50, 52, and 54 alsd> have
CWO outputs, an even tap output and an odd tap output. Both
outputs of each of the half band filters 50, 52, and 54 are
interleaved with the real and imaginary data. The outputs
of each of the two-to-one multiplexers are rounded to eleven
bits and limited to ten bits.

Two two-to-one muxes 60 and 62 arranged in
parallel follow the half band filter 54. The two-to-one
muxes 60 and 62, under control of the timing block 28,
convert the two data streams interleaved with real and
imaginary data to two data streams that are either real or
imaginary. The diagram below illustrates the data before
and after the two-to-one mux 60.

even tap outpur iy Ta i Ny
’ . ¢ ~ Iy Ty P Py Bnux output
odd tap owtput ry i, r i
Similarly, the diagram below illustrates the data before and
after the two-to-one mux 62.

eventapowtpwt 1y N L Ny L.
N e o = dyiy @y By mx output

odd tap output r, i, r, i
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At the two-to-one mux 36, the imaginary data is
inserted before the real darta. This operation causes the
real data and imaginary data to be skewed by one clock
cycle. The two-to-one mux 56 and the two-to-one mux S8
insert the real data before the imaginary data so that the
one clock cycle skew does not grow. A ten-bit register 64
shown in Figure 3 is placed after the two-to-one mux 62 in
order to provide a one clock cycle delay to remove this
skew,

A numerically controlled oscillator 66 has two
outputs, an eight-bit sine wave output and an eight-bit
cosine wave output. The phase accumulator of the -
numerically controlled oscillator 66 is gixteen bits. For
channel 3, the phase increment is 17,582, and the output
frequency is 23.098348 MHZ. For channel 4, the phase
increment is 13,0i5, and the output fregquency is 17.098453
MHZ. The freguency of the pilot (f,,) is determined

according to the following equation:

fou =8 = G s (2)
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where f. represents the svmbel frecusncy, where the factor
8f, results from the three interpolations-by-two, where the
factor £,/4 results from the 2's complement circuit 26, and
where the factor f, represents the output of the numerically
controlled oscillator 66. Accordingly, the pilot fregquency
for channel 3 is 60.308995 MHZ, and the pilot frequency for
channel 4 is 66.30885%50 MHZ. Because the phase accumulator
is only sixteen bits, the pilot frequencies are slightly
below the ideal pilot freguencies. The channel select
signal controls the NCO frequency. For example, a logic
level zero selects channel 3, and a logic level one selects
channel 4.

The complex data is modulated by the quadrature
output of the numerically controlled oscillator 66. A
mulrtiplier 68 multiplies the ten-bit real component of the
symbol data from the two-to-one mux 60 by the eight-bit
cosine output of the numerically controlled oscillator 66.
A multiplier 70 multiplies the ten-bit imaginary component
of the symbol data from the two-to-one mux 62 and the ten-
bit register 64 by the eight-bit sine output of the

numerically controlled oscillator 66. A summer 72 subtracts

- L T

the ocutput of the multiplier 70 from the output of the
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multiplier 68 which is equivalent to shifting the fregquency
spectrum of the complex data and its conjugate by the NCO
freguency and summing the two together. This operation is

shown by the following equation:

(r, + Jji)e™™® + (r. - ji )e /™

n 1

(3)

r.cos(w, n) - isinlw, n)

The modulated data has a center frequency equal to the
output frequency of the numerically controlled oscillator
66. The pilot frequency is 2.69 MHZ above the output
frequency of the numerically contro}led oscillator 66.
Figure 8a shows the frequency spectrum of the modulated data
on channel 3, and Figure 8b shows the frequency spectrum of
the modulated data on channel 4.

The output of the summer 72 is attenuated by an
attenuator 74 and converted to an analog signal by a
digital-to-analog converter 76. The attenuation due to the
sinx/x gg;;:gﬁf of the digital-to-analog converter 76 can be
greater for channel 4 than it is for channel 3. Aiao, the

DC gain of the sinx/x correction filter 20 can be slightly

- 23 -
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higher for channel 3 than for channel 4. Therefore, if
these conditions exist, the signal power after the digital-
to-analog converter 76 is greater (for example, by about 3
db) for channel 3 than for channel 4. Accordingly, the
attenuacor 74 is provided to applvy a suitable attenuation
(such as 23/32) to make the output power for channel 3 and
channel 4 substantially equal. Thus, when ths channel
select signal indicates channel 3, the attenuation applied
by the attenuator 74 is made active and, when the channel
select signal indicates channel 4, the attenuation applied
by the attenuator 74 is made inactive. The attenuator 74
may also be arranged to round the data to nine bits and to
limit the data to eight bits regardless of channel.

The digital-to-analog converter 76 has an eight
bit resolution and a differential output. This differential

output is converted to a single ended output through a 1:1

tranaformer 78 of the output circuit 16 as shown in Figure
10. The side of the 1:1 transformer 78 coupled to the
digital-to-analog converter 76 has a grounded center tap and
the ocutput impedance of the digital-to-analog converter 76
is set by placing a 75Q resistor across the output of the

digital-to-analog converter 76.
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Figure 9a shows the frequency spectrum at the
output of the digical-to-analog converter 76 for channel 3,
and Figure 9b shows the frequency spectrum at the outpur of
the digital-to-analog converter 76 for channel 4. The
frequency of the numerically controlled oscillator 66 may be
chosen so that the first image of the modulated data above
the Nyquist frequency falls substantially in either channel
3 or channel 4. The sinx/x correction imposed by the sinx/x
correction filter 20 may be alsc designed to correct this
image. The signal-to-noise ratio of the first image is also
good enough to be received by the receiver. Therefore, the
first image may be used as the modulated output and the
fundamental output of the digital-to-analog converter 76 can
be ignored.

Accordingly, a bandpass filter 80 of the output
circuit 16 as shown in Figure 10 is arranged to remove the
modulated data below channels 3 and 4 and all images above
channels 3 and 4. An attenuator 82 lowers the signal power
to a nominal 0 dbmv.

Certain modifications and alternmatives of the
present invention have been discussed above. Other modifi-

cations and alternatives will occur to those practicing in

- 25 -



the art of the present invention. Accordingly, the
description of the present invention is to be construed as
illustrative only and is for the purpose of teaching those
gkilled in the art the best mode of carrying out the inven-
tion. The details may be varied substantially without
departing from the spirit of the invention, and the exclu-
sive use of all modifications which are within the scope of

the appended claims is reserved.
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1. A system for supplying a compressed digital
signal to a digital television receiver comprising:

a source of compressed baseband signal;

an encoder that encodes the baseband signal in a
digital format, wherein the baseband signal has a frequency;

a first frequency shifter that shifts the
frequency of the encoded baseband signal;

a first interpolator that interpolates an output
of the first frequency shifter;

a second interpolator that interpoclates an output
of the first interpolator;

a third interpolator that interpolates an output
of the second interpolateor; and,

a second frequency shifter that shifts a frequency

of an output of the third interpolator.

2. The system of claim 1 wherein the encoder
provides the baseband signal at a frequency £,, and wherein
the first frequency shifter shifts the baseband signal by

£,/4.
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3. The system of claim 2 wherein the first
interpolator interpolates by two, wherein the second
interpolator interpolates by two, and wherein the third

interpelator interpolates by two.

4. The system of claim 2 wherein the first,
second, and third interpolators collectively interpolate by

eight.

5. The system of claim 4 wherein the first and
second frequency shifters and the first, second, and third
interpolators effectively operate in accordance with the

following equation:

fou = & = 0+ )

where 8f, results from the first, second, and third
interpolators, where f,/4 results from the first frequency
shifter, and where f, is supplied by the second frequency

shifter.
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§. The system of claim 1 further comprising a low
pass filter coupled between the encoder and the first
interpolator, wherein the encoder provides the baseband

signal at a frequency f,, and wherein the low pass filter

has a response that rolls off at about f,/4.

7. The system of claim 6 wherein the first

frequency shifter shifts the baseband signal by £,/4.

8. The system of c¢laim 7 wherein the first,
second, and third interpolators collectively interpolate by

eight.

9. The system of claim 8 wherein the first and
second fregquency shifters and the first, second, and third
interpolators effectively operate in accordance with the

following equation:

for = 81~ (5 = )

where 8f, results from the first, second, and third

interpolators, where f,/4 results from the first frequency
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shifcer, and where £, is supplied by the secondi Ireguency

shifter.

10. The system of claim 1 further comprising a
sinx/x correction coupled between the encoder and the first
interpolator, wherein the sinx/x correction provides
compensation for the sinx/x roll off created by processing

in the system.

11. The system of claim 10 further comprising a
low pass filter coupled between the encoder and the first
interpolator, wherein the encoder provides the baseband
signal at a frequency £,, and wherein the low pass filter

has a response that rolls off at about f,/4.

12. The system of claim 10 wherein the encoder
provides the baseband signal at a frequency f£,, and wherein
the first frequency shifter shifts the baseband signal by

£,/4.
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13. The system of claim 12 wherein the firs:,
second, and third interpolators collectively interpolate by

eight.

l4. The system of claim 13 wherein the first and
second frequency shifters and the first, second, and third
interpolators effectively operate in accordance with the

following equation:

Sou = 8 = G+ )

where 8f, results from the first, second, and third
interpolators, where f,/4 results from the first frequency
shifcer, and where f, is supplied by the second frequency

shifter.

15. The system of claim 1 wherein the first
interpolator interpolates by two, wherein the second
interpolator interpolates by two, and wherein the third

interpolator interpolates by two.
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1. A method of supplying a comprassed digital
signal to a digital television receiver comprising:

encoding a baseband signal in a digital forma:,
wherein the baseban§ signal has a symbol freguency;

increasing the symbol fregquency of the encoded
baseband signal to produce an intermediate frequency signal,
wherein the increasing of the symbol frequency of the
encoded baseband signal includes three interpolations of the
encoded baseband signal; and,

modulating the intermediate frequency signal with
a channel selection frequency signal so as to produce an

output signal having the frequency of a selected channel.

17. The method cof claim 16 wherein the baseband
signal has a symbol frequency f,, and wherein the increasing
of the symbol freguency of the encoded baseband signal
comprises shifting the symbol frequency of the baseband

signal by £,/4.

18. The method of claim 16 wherein the three

interpolations are each an interpolation by two.
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12. The method of claim 16 wherein the baseband
signal has a symbol frequency £,, and wherein the output

signal has a frequency f,.. given by the following equation:

Soa = 8 = G+ o)

where 8f, results from the three interpolations, where f,/4
results from a frequency shifting of the encoded baseband
signal, and where f, is the frequency of the channel

selection frequency signal.

20. The method of claim 16 further comprising low
pass filtering the encoded baseband signal, wherein the
baseband signal has a symbol frequency f,, and wherein the
low paas filtering has a response that rolls off at about

£,/4.

21. The method of claim 20 wherein the increasing
of the symbol frequency of the encoded baseband signal
comprises shifting the symbol fregquency of the baseband

signal by f,/a.
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22. The method of claim 20 wherein the thre=

interpolations are each an interpcolation by two.

23. The method of claim 20 wherein the output

signal has a frequency f,. given by the following equation:

fou = 8 = U+ )

where 8f; results from the three interpolations, where £,/4
results from a frequency shifting of the encoded baseband
signal, and where f, is the fregquency of the channel

selection frequency signal.

24. The method of claim 16 further comprising
sinx/x correcting the encoded baseband signal, wherein the
sinx/x correction compensates for the sinx/x roll off

created by processing downstream of the sinx/x correction.
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25. The method of claim 24 further comprising low
pass filtering the encoded baseband signal, wherein the
baseband signal has a symbol frequency f,, and wherein the
low pass filtering has a response that rolls off at about

£,/4.

26. The method of claim 24 wherein the baseband
signal has a symbol frequency f£,, and wherein the increasing
of the symbol frequency of the encoded baseband signal
comprises shifting the symbol frequency of the baseband

signal by £f,/4.

27. The methed of claim 24 wherein the three

interpolations are each an interpolation by two.
28. The method of claim 24 wherein the baseband

signal has a symbol frequency £,, and wherein the output

signal has a frequency f_,. given by the following equation:

Jou = 8 - U+ =)
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where 8f, results from the three interpolations, where £./4
resulcs from a frequency shifting of the encodeZ2 baseband
signal, and where f. is the frequency of the channel

selection frequency signal.

29. The method of claim 1l wherein the output
signal contains modulated data below the selected channel
and an image at the selected channel, and wherein the method
comprises filtering of the output signal to remove the

modulated data and to pass the image.

30. An electrical signal produced by (i} encoding
a signal in a digital television format, wherein the signal
has a symbol frequency f,, (ii) shifting the frequency of
the encoded signal by f,/4, (iii) increasing the frequency
of the shifted encoded signal to produce an intermediate
signal, and (iv) modulating the intermediate frequency
signal with a channel selection frequency signal so as to
produce the electrical signal at the frequency of a selected

channel.
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31. The electrical signal of claim 30 wherein the
frequency of the shifted snceoded signal is increased by
interpolation, and wherein the interpolation comprises three

interpolations by two.

32. The electrical signal of claim 30 having a

frequency £,,. given by the following equation:

Sou = 8 = o+ )

where 8f;, results from the increasing of the frequency of
the shifted encoded signal, where £,/4 results from the
frequency shifting, and where f, is the frequency of the

channel selection frequency signal.
33, The electrical signal of claim 30 wherein the

encoded signal is low pass filtered, and wherein the low

pass filtering has a response that rolls off at about f,/4.
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34. The electrical signal of claim 33 wharein :the
frequency of the shifted encoded signal is increased by
interpeolation, and wherein the interpolation comprises three

interpolations by two.

35. The electrical signal of claim 33 having a

frequency f,,, given by the following equation:

Sou = 8 = 0o 7 o)

where 8f; results from the increasing of the frequency of
the shifted encoded signal, where £,/4 results from the
frequency shifting, and where f, is the frequency of the

channel selection frequency signal.

36. The electrical signal of claim 30 wherein the
encoded signal is sinx/x corrected, and wherein the sinx/x
correction compensates for the sinx/x roll off created by
processing of the electrical signal downstream of the sinx/x

correction.
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37. The electrical signal of claim 36 wherein the
encoded signal is low pass filcered, and wherein the low

pass filtering has a response that rolls off at about I./4.

38. The electrical signal of claim 36 wherein the
frequency of the shifted encoded signal is increased by
interpolation, and wherein the interpolation comprises three

interpolations by two.

39. The electrical signal of claim 36 having a

frequency £, given by the following equation:

Fou = 81 = 0 + 2

where 8f, results from the increasing of the frequency of
the shifted encoded signal, where f,/4 results from the
frequency shifting, and where f;, is the frequency of the

channel selection frequency signal.
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40. The electrical signal of claim 30 further
produced by filtering so as remove data below the selected
channel and B0 as to leave an image of the data as the

electrical signal.
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A system supplies a compressed digital signal to a
digital television receiver and includes a source of
compressed baseband signal. An esncoder encodes the baseband
signal in a digital format, and the baseband signal has a
frequency. The fregquency of the encoded baseband signal is
shifted by a first freguency shifter. A first interpolator
interpolates an output of the first freguency shifter, a
second interpolator that interpolates an output of the first
interpolator, and a third interpolator that interpolates an
output of the second interpclator. A second frequency

€520 B bunts A radrcacs. M ase natia ke olh £olide
shifrer shifts a frequency of an output of the third

Mtﬂ'c‘--r ;&“UAQ(!\J\--‘ Fﬂ-f‘\"' P—-‘d—l\h_" [P ‘_‘;‘L G\ :A-.,_.‘ﬁ

interpolator to produce a signal at a selected channel. 92?;‘\
ar Y o
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CODIFICADOR VSB Y MODULADOR DE RF DE BAJO COSTO
PARA SUMINISTRAR UNA SENAL VSB SUSTANCIALMENTE DE 6 MHZ VSB

A UN RECEPTOR DIGITAL DE TELEVISION

Antecedentes del Invento y Técnica Anterior

Este invento se relaciona en generalreceptores

digitales VSB de televisién (banda 1lateral residual) vy

especificamente con un sistema de bajo costo para acoplar una

sefial VSB digital de cualesquiera de una pluralidad de

\thentes de una sefial digital (tales como una sefial digital

igital VSB de televisién. Mientras que la descripcién se

PEG@upo de Expertos de Peliculas de Cir@a un receptor
d

dirige a un formato VSB digital, debe entenderse que el

——

invento en su aspecto mas amplio no se limita a un formato

digital particular.

La Norma de Televisién Digital adoptada recientemente
especifica un subsistema VSB que tiene un modo de difusién
terrestre (8 VSB) y un modo de alta velocidad de datos (16
VSB). Existen otros modos VSB disponibles, a saber: 2 VSB, 4
VSB y B VSB (no terrestres). El modo terrestre B VSB tiene la
capacidad de portar datocs del 4 VSB. (La codificacién de
cuadriculas (Trellis) que se afiade para el ambiente terrestre

crea los niveles de modulacidén adicional). La sefial de datos

7
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digitales para video se codifica en MPEG y .para el audio se
procesa en Dolby AC-3 y se debe someter a descompresién antes
de aplicarse al video convencional o al conjunto de circuitos
de audio. Para la difusién terrestre la sefial de datos es:

aleatorea; sujeta a codificacién tipo Reed-Solomon (R/S) para

correccidn de errores; intercalada; codificada en cuadricula

(Trellis); multiplexada con sincronizacién de< segmentob Y
)

sincronizacién de campo; suministrada con un piloto DC;

sujeta a un filltrado de palizac_ibn; modulada; vy

convertida a RF para transmisién. El1 receptor digital de

televisiédn incluye un sintonizador y un desmodulador VSB para
desarrollar la sefial de la banda de base, la cual esta en
forma comprimida. La sefial desmodulada se aplica a un
ecualizador para ecualizar la seflal recibida. La sefial de la
banda de base se apli-ca a un desmultiplexor de transporte que
dirige los datos a un decodificador MPEG apropiado y a un
decodificador Dolby para recuperar el video y el audio en
forma 1dénea para aplicacién al conjunto de circuitos de
procesamiento de audio y video. Las seflales digitales se
pueden suministrar a receptores digitales por fuentes de
transmisién entre puntos aéreos. Las seflales digitales de
otrags fuentes, tales como tocadiscos DVD (disco de video

digital), VCRs (grabadoras de videocasete), PCs (computadoras

ok
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personales), caja de cable digital, receptores de satélites y
similares también se suministrardn a receptores digitales de
televisidén, tal como es el caso de los receptores actuales

analogos para televisién.

En un sistema andlogo, es bien conocido que acoplar la
sefial de un VCR o de otra fuente de video a una entrada de
banda de base de un receptor de televisién (si se dispone de
él) produce resxl11ta.dos' superiores a aquellos logrados

mediante la modulacién de la sefial a un canal de RF 3 o a un

canal de RF 4( suministran;i; a la entrada del sintonizado%

del receptor dt'a televisidon. Sin embargo, este acople de la
banda de base no necesariamente produce resultados superiores
en un ambiente digital, en cuyo caso la distancia entre la
fuente de la seflal de la banda de base y el receptor de
televisién debe mantenerse relativamente corta. En un sistema
andlogo, igqualmente es bilen conocido suministrar seflales

dobles de banda lateral a un receptor.

De conformidad con el invento descrito en la .Solicitud

de Patente Norteamericana Serie No. 09/300.299 presentada el
-__l___-—-—-"-————_'_‘\.-

27 de abril de 1999, una seflal digital comprimida de banda de

base se codifica en un formato dado para transmisién digital

———

y se modula a un portador RF para aplicacién direc a travésd
A — /_




de un cable o enlace inaldmbrico a la entrada de RF de un
receptor digital de televisidén. La sefal RF, que estd en un
nivel de baja potencia y tiene un paso de banda inferior al
nominal, aprovecha el procesamiento de la sefial del extremo
frontal que estd incluido en el receptor digital de
televisién. Los deterioros de la seflal debidos a 1la
caracteristica del paso de banda inferior al nominal y al
ruido introducido durante 1la transmisién, que estan por
debajo de un umbral dado, se corrigen por un conjunto de
circuitos de correccién en el extremo frontal del receptor
digital de televisién. La potencia de baja sefial, el conjunto
de circuitos correctivo para la sefial digital, y el ambiente
benigno del enlace de las comunicaciones permiten que se
utilicen componentes y circuitos de tolerancia (y costos)
mucho mads bajos en el proceso de codificacién y modulacién
implementado por las otras fuentes arriba descritas. El
resultadec es un modulador que es de muy bajo costo y muy
eficaz para acoplar una seflal digital a un receptor digital

de televisién en un canal de RF.

El presente invento estd dirigido para

proporcionar una sefial digital a un receptor digital.

6
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De conformidad con un primer aspecto del invento, un

Resumen del Invento

sistema para suministrar una seflal digital comprimida a un
receptor digital de televisién comprende una fuente de sefial
de banda de base comprimida, un codificador, un primero y
segundo desplazadores de frecuencia, y un primero, segundo y
tercer interpoladores. El codificador codifica la sefial de la
banda de base en un formato digital, en donde la seflal de la
banda de base tiene una frecuencia. El primer desplazador de
frecuencia cambia la frecuencia de la seflal de la banda de
base codificada. El1 primer interpolador interpola una
potencia de salida del primer desplazador de frecuencia, el
segundo interpolador interpola una potencia de salida del
primer interpolador, y el tercer interpolador interpcla una
potencia de salida del segundo interpolador. El1 segundo
desplazador de frecuencia cambia wuna frecuencia de una

potencia de salida del tercer interpolador.

De acuerdo con otro agpecto del invento, un método de
suministrar una seflal digital comprimida a un receptor
digital de televisién comprende lo siguiente: codificar una
sefial de banda de base en un formato digital, en donde la
sefial de banda de base tiene una frecuencia con simbolo;

aumentando la frecuencia de simbolo de la sefial de banda de



base codificada para producir una seflal de frecuencia
intermedia, en donde el aumento de la frecuencia de simbolo
de la sefial de banda de base codificada incluye tres
interpolaciones de la sefial de banda de base codificada; vy,
modulando la seflal de la frecuencia intermedia con una sefial
. de frecuencia de seleccién de canal de manera que se produzca
una 8efial de salida que tenga la frecuencia de un canal

seleccilonado.

De conformidad con otro aspecto del invento, una seflal
eléctrica es producida por (1) la codificacién de una sefial
en un formato digital de televisién, en donde la sefial tiene
una frecuenclia de simbolo f£f;, (il1) el desplazamiento de
frecuencia de la seflal codificada por f£:/4, (iil) el aumento
de la frecuencia de la sefial codificada desplazada para
producir una sefial intermedia, y (iv) la modulacién de la
seflal de frecuencia intermedia con una sefial de frecuencia de
seleccién de canal de manera que se produzca una sefial

eléctrica en la frecuencia de un canal seleccionado.

Breve Descripcidédn de los Dibujos

Estas y otras caracteristicas y ventajas del invento
serdn evidentes cuando se lea la siguiente descripcién en

conjunto con los dibujos, en donde:

7
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La Figura 1 es un diagrambloque simplificado de un

remodulador digital de conformidad con el presente invento;

La Figura 2 es un diaqram bloque que muestra el

modulador de la seflal digital VSB de la Figura 1 con detalles

adicionales;

La Figura 3 es un diagramarloque mas detallado del

modulador de sefial digital VSB de la Figura 2;

La Figura 4 es una curva que 1ilustra el espectro de
frecuencia de la seflal de 1la banda de base codificada

suministrada al modulador de seflal digital VSB de las Figuras

2y 3;

La Figura 5a ilustra la respuesta de la frecuencia del
filtro de correccién sinx/x de las Figquras 2 y 3 para el

canal 3:;

La Figqura 5b ilustra la respuesta de la frecuencia del
filtro de correccién sinx/x de las Figuras 2 y 3 para el

canal 4:

La Figura 6 llustra la respuesta de la frecuencia de los

filtros de paso bajo de las Figuras 2 y 3;



La Fiqura 7a ilustra la respuesta de la frecuencia del

filtro de media banda HBF 1 de las Figuras 2 y 3;

La Figura 7b ilustra la respuesta de la frecuencia del

filtro de media banda HBF 2 de las Figuras 2 y 3;

La Figura 7c ilustra la respuesta de la frecuencia del

filtro de media banda HBF 3 de las Figuras 2 y 3;

La Figura 8a ilustra el espectro de la frecuencia de los

datos modulados para el canal 3;

La Figura 8b ilustra el espectro de la frecuencia de los

datos modulados para el canal 4;

La Figura 9%9a ilustra el espectro de la frecuencia de la

potencia de salida D/A para el canal 3;

La Figura 9b ilustra el espectro de la frecuencia de 1la

potencia de salida D/A para el canal 4; y

La Figura 10 es un diagrama de bloque de un circuito de
salida para el modulador de sefial digital VSB de las Figuras

2y 3.

Descripcién de la Incorporacién Preferida

Tal como se muestra en la Figura 1, una fuente (10)

proporciona una sefial digital codificada MPEG. La fuente (10)



puede ser cualquiera de un nOGmero de diferentes tipos de
o~

fuentes. Por ejemplo, la fuente (10)\ puede com@r un

receptor de satélite, un _VCR, un_DVD, una caja de cable
o - L aE T ———

T

digital, un PC, etc. La(potencia)de salida de la fuente (10)
I o —

C} es una seflal digital codificada MPEG \(y Dolby AC-3) en 1la

frecuencia de 1la band@base. Esta seflal de la banda

base se puede aplicar directamente a una entrada de la banda

de base de un receptor digital de televisién. Sin embargo, de
conformidad con el presente invento, la sefial de la banda de
base se aplica a un codificador ATSC (12) que somete la sefial

#
a intercalacién, aleatorizacién, codificacién de error R/S,

y/o codificacién de cuadriculas (Trellis). Se afladen las

] » e, - -
sincronizacioneg de segmeiitos de campo y, aunque no se
e

indica, se inserta un piloto y se emplea un filtrado para

ecualizacién. {(Ver la Norma ATSC A/53, la Norma de Televisién
s a——T—-,
Digital ATS para una descripcién detallada de estas

operaciones).

El codificador ATSC (12) suministra datos del simbolo'a X

n dulador digital (14 = gdula 1 dat del
un modula igita ()quua os aos‘_e’_;.imb.o.].pv

hacta un /canal de RF seleccionado, tal como el canal 3 o 4.

Después de 1la remodulacién, un circuito de salida (16)

procesa los datos remodulados y suministra 1los datos

e
remodulados procesados una salida de RF a un

—
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receptor digital, tal como una televisién digital. Los datos

dé‘losffiggglgg_g;gyistos por el codificador ATSC (12) tienen

(ggha velocidad de datos MHZ de| 10.76 su espectro es plan g;:t>
— T

e la totalidad de la banda de frecuencia. Estos G

datos tienen una pequefia compensacién DC que se utiliza como
piloto, y el ancho de los datos del simbolo es de 7 bits. La
Figura 4 muestra el espectro de la frecuencia de los datos de

simbolo tomado con un Transformador Fourler discreto (DFT,

por sus iniciales en inglés) de 128 puntos.

Tal como se muestra en las Figuras 2 y 3, un filtro de g;)

correccibébn sinx/x (20) se suministra en el \extremo frontal )
< N —

del modulador digital (14). El filtro de correccién sinx/x

(20) puede tener siete derivaciones y se proporciona para
P —————————

compensar la atenuacién progresiva del sinx/x creado por el

convertidor D/A discutido a continuacién. Como el canal (3)
requiere una correccidén sinx/x diferente de aquella del canal
(4), el filtro de correccién sinx/x (20) contiene dos juegos
de valores de derivaciones seleccionados por la seflal que
selecciona el canal. Por ejemplo, si la seflal de seleccién
del canal es un 1ldégica de nivel cero, se seleccionan las
derivaciones (3) del canal y, si la seflal de seleccién de
canal es un légica de nivel uno, se seleccionan las

derivaciones (4) del canal.

10



aplicacién de estas

Los Dblts por 1la

producidos
derivaciones a los datos del simbolo se pueden redondear a
once bits y los mis significativos de estos once bists se
pueden descartar a potencia de salida de correcciébdn

sinx/x que tenga diez bits. Inclusive sl este bit mas

significativo no se descartare, la potencla de salida del
filtro de correccién de sinx/x (20) no excederd de diez bits
cuando el filtro de correccién sinx/x (20) reciba los datos
del simbolo normal. Por consigquiente, el Dbit mas
slgnificativo se puede descartar sin riesgo de sobreflujo. La
Tabla 1 siguiente muestra un conjunto ejemplar de valores de

derivacién para el filtro de correccién sinx/x (20).

Tabla 1
Derivacién| Valor del | Valor del Canal
Canal (3) (4)
0 -3 - 4
1 1 2
2 - 22 - 30
3 400 400
4 - 22 - 30
5 1 2
6 -3 -4

La respuesta de frecuencia del filtro de correccién sinx/x

(20)

basada en el conjunto ejemplar de 1los valores de

11
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derivacién del canal 3 se muestra en la Figura 5a, y 1la
respuesta de frecuencia del filtro de correccién de sinx/x
(20) basada en el conjunto ejemplar de los valores de

cKrreccién del canal 4 se muestra en la Figura 5b.

o

(20) es desplazada gor 2.69 MHZ, q

el f1

de salid ro de correccién sinx/x\ |

constituye una cuarta
parte de la velocidad 01o" faym. Este desplazamiento e
frecuencia mueve el piloto DC al centro del espectro que se

muestra en la Figura 4. El desplazamiento de frecuencia se

——

lleva a cabd multiplicando ZYos datos del simbolo por ell/4vevm

Esta multiplicacién se implemen en la Figura 2 por un
k /fak

multiplicador (22) que multiplica los datos por cos(Wymn/4)y
un multiplicador (24) que multiplica 1los datos por
sin(wsyn/4) porque

Jnosym
4

e = COS (lgyut) + jSin (Waymn) . (1)
4

como el desplazamiento de frecuencia es igual a una cuarta
parte de 1la velocidad del reloj del simbolo, el factor
cos (wgymn/4) aplicado por el multiplicador (22) produce la

siguiente secuencia:

1'0,_1,0,1'0'-1,0 P

12
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y el factor sin(wsmn/4) aplicado por el multiplicador (24)

produce la siguiente secuencia:
0,1'0’-1'0'1'0’_1 . s 8

Las dos secuencias se pueden intercalar porque un valor si y
un valor no es cero en ambas secuencias. La secuencia

resultante es dada por lo siguiente:
1'1'-1'_1'1'1'-1'_1 »

Tal como se muestra en la Figura 3, esta secuencia combinada
puede implementarse como un circuilto de complemento de la 2
(26). La seflal de control del bloque de temporizacién (28)
activa el circuito de complemento de la 2 (26) por ciclos de
reloj de dos simbolos y la desactiva por ciclos de reloj de

simbolos.

Una vez que la frecuencia de datos se ha desplazado, las
partes reales e imaginarias de los datos se filtran mediante
filtros de paso bajo (30 y 32), tal comc se muestra en la
Figura 2. Como aparece en la Figura 3, los filtros de bajo
paso (30 y 32) se pueden implementar, por ejemplo, comoc un
sblo filtro de paso bajo de treinta y tres desviaciones (34)

porque los datos reales e imaginarfag:§§§§§j§§3erca1ados en

la potencia de salida del circuito de complemento de la 2

13
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(26) . E1 filtro de bajo paso (34) configura el espectro de
de. salida VSB y tiene una atenuacién progresiva de
filtro que se aproxima a la atenuacidén progresiva del coséno
elevado a la raiz del espectro de potencia de salida VSB

ideal. El punto 3 db del filtro de paso bajo (34) esti en

n el fin de reducir el tamafio del filtro de paso
el ancho de banda del filtro de paso bajo (34) es
ligeramente mAs ancho que el ancho de banda 3 MHZ de un
filtro de cosenc elevado a la raiz ideal. La Tabla 2 muestra
un conjunto ejemplar de valores de desviacién para el filtro
de paso bajo (34), asumiendo que se implemente como un filtro

de treinta y tres derivaciones.

Tabla 2
Derivacién Valor Derivacidn Valor Derivacién valor
0 -5 11 66 22 - 20
1 - 14 12 22 23 - 41
2 -1 13 122 24 17
3 14 14 - 24 25 27
4 11 15 384 26 - 14
5 - 18 16 631 27 - 18
6 - 14 17 3B4 28 11
7 27 18 - 24 29 14
B 17 19 - 122 30 - 7
9 - 41 20 22 31 - 14
10 - 20 21 66 32 -5

La Figura 6 muestra la respuesta de frecuencia del filtro de
paso bajo (34) que se basa en este conjunto ejemplar de

treinta y tres valores de derivacién.

14
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Tal como se discutié previamente, los datos reales e

filtro de paso bajo ( ceversa. Por consiqulente, e

filtro paso bajo (34) tiene

da de derivaciones impares. Ambas

estdn intercaladas con 1los datos reales e imaginarios, vy
estas salidas se pueden redondear a once bits y se limitan a
diez bits antes de que se apliquen a un multiplexor de dos a

uno (36). Dicha limitacién ocurre raramente.

Con el fin de modular los datos, la velocidad de muestra

que e8 ocho veces 1la

se debe incrementar a( 86.08 MHZ,

velocidad de 1los datos gimbolo. La velocidad de 1la

muestra se aumenta en tres etapas, con cada etapa

—

interpolando los datos por dos. Cada etapa de interpolacién

—

incluye un filtro de media banda que remueve la imagen de los

datos causada por 1la interpolacién. Se requieren menos
={_— —
derivaciones de filtro sl la interpolacién y el filtrado se

realizan en tres etapas en vez de una.

15



Por consiguiente, tal como se muestra en la Figura 2,
las potencias de salida de los filtros de bajo paso (30 y 32)
se suministran a la interpolacién correspondiente y a los
filtros de media banda (38 y 40) que realizan una
interpolacién por dos y que filtran los resultados de 1la
interpolacién. Las potencias de salida de la interpolacién y
de los filtros de media banda (38 y 40) se suministran luego
a la interpolacldén correspondiente y a los filtros de media
banda (42 y 44) que también realizan una interpolacién por
dos y que fililtran los resultados de interpolacién, y las
potencias de salida de la interpolacién y de los filtros de
media banda (42 y 44) se suministran a 1la interpolacién
correspondiente y a los filtros de media banda (46 y 48) que
también realizan una interpolacién por dos y filtran los

resultados de interpolacién.

La interpolacién por dos inserta un cero entre cada
simbolo de datos complejo. Las partes reales e imaginarias de
los simbolos de datos se intercalan luego porque un simbolo
si y un simbeolo no es cero. Por consiguiente, tal como se
muestra en la Figura 3, solamente un filtro de banda media
(50) y el multiplexor de dos a uno (36) se requieren para la
interpolacién de los filtros de media banda (38 y 40), sélo

un filtro de media banda (52) y un multiplexor de dos a uno

16
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(56) se requieren para la interpolacién y para los filtros de
media banda {42 y 44) y solamente un filtro de media banda
(54) y un multiplexor de dos a uno (58) se requieren para la

interpolacién y para los filtros de media banda (46 y 48).

El multiplexor dos a uno (36), bajo control de bloque de
temporizacién (28), intercala 1los datos combinando 1la
potencias de salida de las derivaciones pares e impares del
filtro de paso bajo (34) en un flujo de datos con los datos
imaginarios intercalados antes de los datos reales. E1
siguiente diagrama ilustra los datos antes y después del

multiplexor de dos a uno (36).

Potencila de salida Potencia de salida del
de desviacidn par Iz~ Iy 11+« Iy multiplexor

1 t { t - Ir3izrz izr; i; roip
Potencia de salida -

de desviacidn impar I3 i Iy ig

El filtro de banda media (50) se implementa, por ejemplo,
como un filtro que tiene once desviaciones. La Tabla 3
siguiente muestra un conjunto ejemplar de valores de
desviacién para el filtro de media banda (50), asumiendo que

se implementa como un filtro de once desviaciones.

17



Tabla 3

Desviacién Valor Desviacién Valor
0 29 6 619
1 t] 7 0
2 - 134 8 - 134
3 0 9 0
4 619 10 29
5 1024

La Figura 7a muestra la respuesta de frecuencia para el
filtro de media banda (50) que se basa en esate conjunto de

valores de desviacidén ejemplares.

El multiplexor dos a uno (56), bajo control del bloque
de temporizacién (28), intercala los datos del filtro de
media banda (50) combinando las potencias de salida de
desviacién pares e impares que salen del filtro de media
banda (50) en un flujo de datos con los datos imaginarios
intercalados después de 1los datos reales. El1 diagrama
siguiente ilustra los datos antes y después del multiplexor

de dos a uno (56):

Potencia de salida Potencia de salida del
de desviacidn par i3 I« 11 Iy multiplexor

t ol t | = i3 ri3irrzijr; ipre
Potencia de salida - -

de desviacién impar I3 i Iy ip

El filtro de media banda (52) se implementa, por ejemplo,
como un filtro que tiene siete desviaciocnes. La Tabla 4

siguiente muestra un conjunto ejemplar de valores de

18
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desviacién para el filtro de media banda (52),ue

se implementa como un filtro de siete desviaciones.

gy 8O

Tabla 4
Desviacibn Valor Desviacién Valor
0 -9 4 73
1 0 5 0
2 73 6 -9
3 128

La Figura 7b muestra la respuesta de frecuencia para el
filtro de media banda (52) que se basa en este conjunto de

valores de desviacién ejemplar.

El multiplexor de dos a uno (58), bajo contrpl del
bloque de temporizacién (28B), intercala los datos del filtro
de banda media (52) combinando las potencias de salida de
desviacién pares e impares del filtro de media banda (52)
hacia un flujo de datos con los datos imaginarios
intercalados después de los datos reales. El siguiente
diagrama ilustra los datos antes y después del multiplexor de

dos a uno (58).

Potencla de salida potencia de
de desviacién par I3 rm « 11 Io salida del

t 1 t | = i3 r3ip rz iy r; igre multiplexor
Potencia de salida - -

de desviacidn impar I3 iz Iy ip

19



Mal

El filtro de media banda (54) se implementa, por ejemplo,
como un filtro que tiene siete desviaciones. La Tabla 5
siguiente muestra un conjunto ejemplar de valores de
desviacién para el filtro de media banda (54), asumiendo que

se implementa como un filtro de siete desviaciones.

Tabla 5
Desviacién Valor desviacién Valor
0 -1 4 9
1 0 5 4]
2 9 6 -1
3 16

La Figura 7¢ muestra la respuesta de frecuencia para el
filtro de media banda (54) que se basa en este conjunto de

valores de desviacién ejemplar.

La respuesta de frecuencia de cada uno de los filtros de
media banda (50, 52 y 54) es de 6 db por debajo a la mitad de
la frecuencia Nyquist para cada uno de los filtros de media
banda (50, 52 y 54). También, cada uno de los filtros de
media banda (50, 52 y 54) tiene solamente una desviacién
impar. Como los datos reales e imaginarios estan
intercalados, los datos reales estdn en las desviaciones
pares cuando los datos imaginarios estan en las desviaciones

impares y viceversa.

20
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Por consiquiente, los filtros de media banda (50, 52 y
54) también tienen dos potencias de salida, una potencia de
salida de desviacién par y una potencia de salida de
desviacién impar. Ambas potencias de salida de cada uno de
los filtros de media banda (50, 52 y 54) est&n intercaladas
con los datos reales e imaginarios. Las potencias de salida
de cada uno de los multiplexores dos a unc estdn redondeadas

hasta once bits y limitadas a diez bits. .

Los multiplexores(dos-dos-a-uno (60 y 62) dispuestos en

paralelo siguen al fi de banda media (54). Los
multiplexores dos a uno (60 y 62), bajo control del bloque de
temporizacién (28), convierten los dos flujos de datos
intercalados con datos reales e imaginarios en dos flujos de
datos que son bien sea reales o imaginarios. El1 diagrama
siguiente ilustra los datos antes y después del multiplexor

de dos a uno (60).

Potencia de salida

de desviacidn par i3 Iz i1 I

agaag - I3raT; rpg potencia de salida del
Potencia de salida multiplexor

de desviacién impar Iy iz np 1ig

Similarmente, el diagrama siguiente ilustra los datos antes y

después del multiplexor dos a uno (62).

2]
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Potencia de salida
de desviacién par I3 ra 11 o
ooag — i3 i2i; ip potencia de salida del

Potencia de salida multiplexor
de desviacién impar ry iz I; 1o

En el multiplexor dos a uno (36), los datos imaginarios
se insertan antes de los datos reales. Esta operacién hace
que los datos reales e imaginarios sean sesgados por un ciclo
de reloj. El multiplexor dos a uno (56) y el multiplexor dos
a uno (58) insertan los datos reales antes de los datos
imaginarios de manera que el sesgo del cicloc de un relcj no
crezca. Un registro de diez bits (64) que se muestra en la
Figura 3 se coloca después del multiplexor de dos a uno (62)

con el fin de suministrar una demora de ciclo de reloj para

remover este sesgo.

Un oscilador controlado numéricamente (66) tiene dos
potencias de salida, una potencia de salida de onda de seno
de ocho bits y una potencia de salida de onda de coseno de
ocho bits. El acumulador de fases del oscilador controlado

numéricamente (66) es de diez y seis bits. Para el canal 3,

el incremento de fase es (de 17.582," y) la frecuencia de 1la
K
de 23,098348 MHZ.\Para el canal 4, el
2\

incremento de fase es ge 13.015,\y la frecuencia de salida es

potencia de salida es

22
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fa frecuencia del piloto (fou.:) se determina

gde 17.098453 MHZ.

de™~acuerdo~Ton la siguiente ecuacién:

Lut-a.&-(.fz‘i‘lﬁ)

—==a

en donde f; representa la frecuencia del simbolo, donde el
factor 8f; proviene de las tres interpolaciones por dos, en
donde el factor £,/4 proviene del circuito del complemento
del 2 (26) y en donde el factor £, representa la potencia de

salida del oscllador contreclado numéricamente (66). Por

er=ala frecuencia del piloto para el canal 3 es de

60.308995 MHZ, y\la frecuencia del piloto para el canal 4

de 66.308890 ¥. Como el acumulador de fases es solamente de

diez y seis bits, las frecuencias del piloto
ligeramente por debajo de las frecuencias ideales de piloto.
La sefial de selecciédn de canal controla la frecuencia NCO.
Por ejemplo, un nivel 1l6gico de cero selecciona el canal 3, y

un nivel légico de uno selecciona el canal 4.

Los datos complejos se modulan por la potencla de salida
de la cuadratura del oscilador controlado numéricamente (66).
Un multiplicador (68) multiplica el componente real de diez
bits de los datos del simbolo que vienen del multiplexor dos
a uno (60) por la potencia de salida del coseno de ocho bits

del oscilador controlado numéricamente (66). Un multiplicador

23
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(70) multiplica el componente imaginario de diez bits de los
datos del simbolo proveniente del multiplexor dos a uno (62)
y del registro de diez bits (64) por la potencia de salida
con seno de ocho bits del oscllador controlado numéricamente
{66). Un sumador (72) resta la potencia de salida del
multiplicador (70) de la potencia de salida del multiplicador
(68) que es equivalente a desplazar el espectro de 1la
frecuencia de los datos complejos y su conjugado por 1la
frecuencia NCO sumando las dos clfras. Esta operacién se
muestra en la sigquiente ecuacién:

Xo = (Zn + jin) 3™ 4 (ry . ji,) €3
2

= ZnCOS (Oncolt) - 1n81N (Oneon) =

Los datos modulados tienen una frecuencia de centro igqual a
la frecuencia de la potencia de salida del oscilador

a numéricamente (66). La frecuencla del piloto es de
2.69 MHZ pgr encima de la frecuencia de salida del oscillador

ado numéricamente (66). La Figura 8a muestra e
espectro de frecuencia de los datos modulados en el canal 3,
la Figura 8b muestra el especto de frecuencia de los datos

modulados en el canal 4.
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La potencia de salida del sumador (72) se atenila por un
atenuador (74) y se convierte a una seflal andloga por un
convertidor digital a andlogo (76). La disminuciédn debida a
la atenuacidn progresiva del sinx/x del convertidor digital a
analogo (76) puede ser superior para el canal 4 de lo que lo
es para el canal 3. También, la ganancia DC del filtro de
correccién sinx/x (20) puede ser ligeramente superior para el
canal 3 de lo que lo es para el canal 4. Por consiguiente, si
existen estas condiciones, la potencia de la seflal después
del convertidor digital a andlogo (76) es superior (por
ejemplo en alrededor de 3 db) pafa el canal 3 que para el
canal 4. Por consiguiente, el atenuador (74) se proporciona
para aplicar una atenuacién adecuada (tal como 23/32) para
hacer que la potencia de salida para el canal 3 y para el
canal 4 sean sustancialmente iguales. Asi pues, cuando la
seflal de seleccién de canal indica el canal 3, la atenuacién
aplicada por el atenuador (74) se activa y, cuando la sefial
de seleccién de canal indica el canal 4, 1la atenuacién
aplicada por el atenuador (74) se desactiva. El1 atenuador
(74) también se puede arreglar para redondear los datos a
nueve bits y para limitar los datos a ocho Dbits

independientemente del canal.
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El convertidor digital a andlogo (76) tiene _un

salida diferencial se conviert

resolucién de ocho bits y una

diferencial. Esta pp

a una sola potencia Ye salidd’gﬂiiiiii:fi:js transformad
1:1 (78) del circuito de sali;:\Tl omo sSe muestra
la Figura 10. El costado del transformador 1:1 (78) acopla
al convertidor digital a andlogo (76) tiene una desviacién
centro a tierra y la impedancia de salida del convertid
digital a andlogo (76) se establece colocando un resistor

a salida del convertidor digital a anélo

La Figura 9a muestra el especto de frecuencia en la
salida del convertidor digital a andlogo (76) para el canal
3, y la Figura 9b muestra el especto de frecuencia en la
salida del convertidor digital a andlogo (76) para el canal
4. La frecuencia del oscilador controlado numéricamente (66)
se puede elegir de manera que la primera imagen de los datos
modulados por encima de la frecuencia Nyquist recaigan
sustancialmente en cualquiera de los canales 3 ©o 4. La
correccién sinx/x impuesta por el filtro de correccién sinx/x
(20) también se puede disefilar para corregir esta imagen. La
relacién de sefial a ruido de la primera imagen también es lo

suficientemente buena para ser recibida por un receptor. Por
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consiguiente, la primera imagen se puede utilizar puesto que
la potencia de salida modulada y la potencia de salida
fundamental del convertidor digital a andlogo (76) se puede

ignorar.

Por consiguiente, un filtro de paso de banda (80) del
circuito de salida (16), tal como se muestra en la Figura 10,
se dispone para remover los datos modulados por debajo de los
canales 3 y 4 y todas las imAgenes por encima de los canales
3 y 4. Un atenuador (82) baja la potencia de la sefial a una

potencia nominal de 0 dbmv.

Arriba se han discutido algunas modificaciones vy
alternativas del presente invento. Otras modificaciones vy
alternativas ocurririn para aquellos que practican el arte de
lo aqui contemplado. De esta manera, la descripcién del
presente invento se debe interpretar solamente como una
ilustracién y tiene el objeto de ensefiar a quienes conocen la
técnica la mejor modalidad de llevar a cabo el invento. Los
detalles se pueden variar sustanﬁialmente sin apartarse del
espiritu del invento, y se reserva la utilizacién exclusiva
de las modificaciones que estan\ dentro ’de)/ alcance de las

reivindicaciones adjuntas.

27



\ o’
CODIFICADOR VSB Y MODULADOR D ' Q

PARA SUMINISTRAR UNA SENAL VSB SUSTANCIALMENTE DE 6 MHZ VSB

A UN RECEPTOR DIGITAL DE TELEVISION

REIVINDICACIONES:

l. Un sistema para suministrar una seflal digital

comprimida a un receptor de teleyisién digital,
B
= C< |

una fuente de seflal de banda de base comprimida;

un codificador que codifica la seflal de la banda de base

en un formato digit%, en donde la sefal de la banda de base

tiene una frecuencia;

un primer desplazador de frecuenciaj('n'z—e— desplaza la/kbq

frecuencia de la seﬂamanda de base codificada:

un primer interpolador/ que interpola unde

salida del primer desplazador de frecuencia;

.

gue interpola una

D

un segundo interpolado de

“
P AV o N

salida del primer interpolador; _, {7

: \
un tercer interpolador /que interpola una@ de )Q

ml segqundo interpolador; y

un segundo desplazador de frecuencia queEdesplaza una)Q‘
/ 0

frecuencia de una salida del tercer interpolador.




N\

el A0
9
2. El1 sistema de la reivindicacién el

codificador proporciona la sefial de la banda de base a una

frecuencia f1 primer desplazador de frecuencia

desplaza la sefial de la banda de base en f,/4. \

3. El sistema de la reivindicacidn el

primer interpolador interpola por dos, n donde el segundo

T3

interpolador interpola por dos. \'

O'\’)

interpolador interpola por dos

4, El sistema de la relvindlicacién donde el

primero, sequndo y tercer interpoladores o lectivamente

interpolan por ocho. < )

>
5. El sistema de la reivindicacién el &

primero y segundoc desplazadores de frecuencia del primero,

segundo y tercer interpoladores operan eficazmente de

conformidad con la siguiente ecuacién: i )

Jour = 8 - (2 + 1 f)
4

iene del primero, segundo Yy tercero

¢] ares,\ £1/4 proviene del primer desplazador .

de frecuencia, y en donde fz(esté suministrada p)r el segundo

desplazador de frecuencia.
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6. El1 sistema de la reivindicacién 1 que comprende

ademds un filtro de paso bajo acoplado entre el codificador y.—

el primer interpoladors en donde el codificador proporciona ZL
la seflal de la banda de base a una frecuencia f,, y en donde

el filtro de paso bajo tiene una respuesta que se desenvuelg

aproximadamente en f,/4. \ O
—
7. El sistema de 1la reivindicac‘ el //é//(

desplazador de la primera frecuencia desplaza la seﬁal de la

banda de base en f;/4. <;;)
B. El sistema de la reivindicacién "j;L
—
primero, segundo y tercer interpoladores colectlvamente
interpolan por ocho. ( )
A
9. El sistema de la reivindicacién 8 el
primero y segundo desplazadores de frecuencia en el primero,
segundo y tercer interpoladores operan con eficacia de
acuerdo con la sigquiente ecuacién
%S’
Sour = BA- (f2+ 1 A)
4

en donde 8f, proviene del primer, segundo y tercer
interpoladores, donde f;/4 proviene del primer desplazador de
frecuencia, en donde £ es suministrada por el segundo

desplazador de frecuencia.
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10. El sistema de la reivindicaciu gue comprende

ﬁa;?nas una correccién sinx/x acoplada entre el codificador y
el primer interpolador, en donde la correccién sinx/x
proporciona compensacién para la atenuacidédn progresiva sinx/x

creada por el procesamiento en el sistema.

11. El1 sistema de la reivindicacién 10 que comprende

ademds un filtro de paso bajo acoplado entre el codificador y

—
el primer interpoladof, en donde el codificador proporciona

" la sefial de la banda de base a la frecuencia £f;, y en donde

el filtro de paso bajo tiene una respuesta que se atenda

progresivamente aproximadamente en f,/4.

12. El1 sistema de la reivindicacié

codificador proporciona la seflal de la banda de base a una ﬁ ‘
frecuencia f,{ y en dond 1l primer desplazador de frecuencia -
idor_de

—
desplaza la sefial de la banda de base en f!/4. O

13. E1 sistema de la reivindicacién 1 el /y
Ly

primero, sequndo y tercer interpoladores colectivamente

interpolan por ocho. \ o

. [
14. El sistema de la reivindicacién 1 el

primero y sequndo desplazadores de frecuencia y el primero,

3]
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segundo y tercer interpoladores operan eficazmente de

conformidad con la siguiente ecuacidn:

g
Fout = 8BA - (o +1A) : ;'S

4

8f, proviene del primero, segundo y tercer

interpoladores, donde f,/4 proviene del primer desplazador de

frecuencia, y en donde f; es suministrada por Xl segundo

desplazador de frecuencia. ()
15. El sistema de la reivindlicacién 1 @ \el 3

primer interpolador interpola por dos, el segundo //’-

interpolador interpcla por dos y el tercer interpolador

interpola por dos. S

~

16. Un método de suministrar wuna seflal digital r

comprimida a un receptor de televisién digital @:omprende’:\j
/X
codificar una sefial de banda de base en un formato—-

digitma sefial de base tiene una frecuencia de er
simbolos; g \

aumentar la frecuencia de simbolos de la seflal de banda

de base codificada para producir una sefal de frecuencia
- —_

intemyenmfel aumento de la frecuencia de simbolos

de la seflal de banda de base codificada incluye tres

interpolaciones de la sefial de banda de base codificada; y
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modular la sefial de frecuencia intermedia con una sefial
A
de frecuencia de seleccién de canal para producir una seflal S)

\ de potencias ‘de salida que tenga la frecuencia de un canal
- \/\/
seleccionado. !\ < ) Q‘
'\._
17. El método de la reivindicacién. 1 \la sefial

de la banda de .base tiene una frecuencia de simbolo f;, y en,

/'
donde el aumento de la frecuencia de simbolo de la seflal de
la banda de base codificada comprende desplazar la frecuencia

del simbolo de la sefial de banda de base en f,/4.

18. El1 método de la reivindicacié‘\_t.s 1as tres

interpolaciones son cada una, una interpolac:. n por d.o

19. El1 método de la reivindicacién 16 ¢ M3 sefial
de la banda de base tiene una frecuencia de simbolo f;, y en
donde la seflal de la potencia de salida tiene una ‘frecuencia

de f,,. dada por la siguiente ecuacién:

Joue = 84 - (2 + 1 f)
4

P <]
W' 8f, proviene de las tres interpolacione1/4

proviene de un desplazamiento de frecuencia de la seflal de \
banda de base codificada, y donde f: es la frecuencia de la

sefial de frecuencla de seleccidn de canal.
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20, _El método de la reivindicacién- 16/ que comprende

filtrar con paso ba sefial de banda de base

codificada, en donde la sefial d da de base tiene. ?a
cuencia de simbolo £, y #n donde el” filtrado de paso bajo

M NP
e d}aenirue,]'.-v';ka;roximad mente en

<!

aumento de la frecuencia de los simbolos de la sefial de banda

tiene un respuesta que

f1/4.

-

21. El1 método de 1la reivindicacién

de base codificada comprende desplazar 1la frecuencia de

simbolos de la seilal de base en f;/4.

22, El método de la reivindicacién 20 rén donde)\las tres >Q

interpolaciones son cada una, una interpolaciédn por dos.

» [} » [ ,
23. El método de la reivindicacién 21a sefial

de potencia de salida tiene una frecuencia f,, dada por la

sigulente ecuacién: 6/
fr = 8A- (i + 1K) —

* :S%N

" en donde 8f proviene de las tres interpolaciones, en donde l lbl
f,/4 proviene del desplazamiento de frecuencia de la sefial de
banda de base codificada, y en donde f; es la frecuencia de

la seflal de frecuencia de seleccién de canal.
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codificada, la correccién sinx/x compensa la

atenuacidén progresiva sinx/x creada por el procesamiento del

flujo descendente de correccién sinx/x.

25. El1 método de la reivindicacién 24\ que comprend

‘ademés ;lltrar con paso_bajo la
@ sefilal de banda de base tiene una
{T—;—:;*;;;SE el filtrado de paso bé}

sefial _ de banda de base ,2§>

codificada,

frecuencia de simbolo £

tiene una respuesta se atenda progresivament >

aproximadamente en f;/4. ‘E::)

\\\ 26. El método de la reivindicacién™ 24 eﬁ-donde)ld sefial
N
/‘ f—q:anda de base tiene una frecuencia de simbolo f,, y
‘donde

1 aumento de la frecuencia del simbolo de la sefial de y

la banda de base codificada comprende desplazar la frecuencia

R

27. El1 método de la reivindicacién:;; en dond fas tres

del simbolo de la sefnial de banda de base en f;

interpolaciones son cada una, una interpolacién

iy "3
28. El método de la reivindicacién 4a sefial

de la banda de base tiene una frecuencia de simbolo £f;, y en
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donde la sefial de la potencia de salida tiene una frecuencia

four dada por la siguiente ecuacidn:

Joue = 8- (o + 1 £)
4

en donde 1 proviene de las tres interpolaciones, donde f,/4
proviene de un desplazamiento de frecuencia de la sefial de

banda de base codificada, y en donde £ es la frecuencia de

la sefial de frecuencia de selecciétn de canal. \

29. El método de la reivindicacidédn 16 en)donde la sefial
Y

e pote @ie salida contiene datos modulados por debajo del

canal- seleccionado y una imagen en el canal seleccionado, y
e

en donde el método comprende el filtrado de la sefial de

salida para remover los datos modulados y para pasar la

imagen. J— —

30. Una seflal el ica producida por (i) codificar una

sefial en un formate de televisidén digital, en donde la sefial
tiene una frecuencia de simbolo £, (ii) desplazar la
frecuencia de la sefial codificada en f./4, (i1il) aumentar la
frecuencia de la seflal codificada desplazada para producir
una sefial intermedia, y (iv) modular la sefial de frecuencia
intermedia con una sefial de frecuencia de seleccidtn de canal
de manera que se produzca una sefilal eléctrica en 1la

frecuencia de un canal seleccionado.
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31. La sefial eléctrica de la reivindicacién 30 en don

la frecuencia de la sefial codificada desplazada es aumentada

por interpolacién, y en donde la interpolacién comprende tre

interpeclaciones por dos.

32. La sefial eléctrica de la reivindicacién 30 que
tiene una frecuencia de f.,,. dada por la siquiente ecuacién:
f'out=8f1-(-f2+£fi)
4

en donde 8f; proviene del aumento de la frecuencia de 1la
seflal codificada desplazada, en donde f£:;/4 proviene del
desplazamiento de frecuencia, y donde £ es la frecuencia de

la seflal de frecuencia de seleccidn de canal.

33. La sefial eléctrica de la reivindicacién 30 en donde
la seflal codificada es filtrada con pasoc bajo, y en donde el )
filtrado con paso bajo tiene una respuesta que se atenta

progresivamente aproximadamente en f;/4.

34. La sefial eléctrica de la reivindicacién 33 en donde
la frecuencia de la seflal codificada desplazada se aumenta

por la interpolacién, y en donde la interpolacié4n comprende

tres interpolaciones por dos.
35. La sefilal eléctrica de 1la reivindicacién 33 que
tiene una frecuencia f,,;: dada por la siguiente ecuacién:
37
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Joue = 8fi- (2 + 1 1)
4

en donde B8f; proviene del aumento de la frecuencia de 1la
sefial codificada desplazada, en donde £;/4 proviene de la
frecuencia desplazada, y donde f, es la frecuencia de 1la

sefial de frecuencia de selecciédn de canal.

36. La sefial eléctrica de la reivindicacién 30 en donde
la seflal codificada se corrige s8inx/x, y en donde 1la
correcclén sinx/x compensa el desvolviendo sinx/x creado por

el procesamiento de la sefial eléctrica del flujo descendente

de la correccidn sinx/x.

37. La seflal eléctrica de la reivindicacién 36 en donde

la sefial codificada es filtrada con paso bajo, y en donde el !

filtrado de pasc bajo tiene una respuesta que se desenvuelve

aproximadamente a f,/4.

38. La sefal eléctrica de la reivindicacién 36 en donde-
la frecuencla de la seflal codificada desplazada es aumentada

por la interpolacién, y en donde la interpolacidn comprende

tres interpolaciones por dos.
39. La seiflal eléctrica de la reivindicacién 36 que
tiene una frecuencia f.,: dada por la siguiente ecuacién:

38
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2

Joue = 8- (2 + 1 A1)

4
en donde 8f; proviene del aumento de la frecuencia de 1la
seflal codificada desplazada, en donde f£,/4 proviene del
desplazamiento de frecuencia, y donde f; es la frecuencla d

la sefial de frecuencia de seleccidn de canal.

40. La sefial eléctrica de 1la reivindicacién 30
producida ademads por filtrado de manera que se remuevan los
datos por debajo del canal seleccionado y que se deje una

imagen de los datos como seflal eléctrica.

RESUMEN DEL INVENTO

Un sistema suministra una seflal digital comprimida a un
receptor de televisién digital e incluye una fuente de seflal
de banda de base comprimida. Un codificador codifica la sefial
de la banda de base en un-formato digital, y la seflal de la
banda de base tiene una frecuencia. La frecuencia de la seflal
de la banda de base codificada es desplazada por un primer
desplazador de frecuencia. Un primer interpolador interpola
la potencia de salida del primer desplazador de frecuencia,
un segundo interpolador que interpola una frecuencia de
salida del primer interpolador, y un tercer interpoclador que

interpola la potencia de salida del segundo interpolador. Un



: [C)(
segundo desplazador de frecuencia desplaza una frecuencia de
una potencia de salida del tercer interpolador para producir

una sefilal en un canal seleccionado.
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K EA Evrasian Pa AMAmﬂm. Azerbaijan, BYBellms KG K KZ Kazakhstan, hﬂJRewblwofMoldo\'n.
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B ok CousRiaa .................. B LR Liberia B TT Trinidad wd Tobago ..
Bcocu cubm ............ceeaaeess B LS Lesoo .................. o
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BDE Gemmy ................... B LU Luxembourg B UA Ukmaine
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Rpz Algeria .................... B MD Republicof Moldova .......
BIEE Estonit ..........c.ccooch eeiiieiriieireeeeeanneans B UZ Usbekismn
BRES Spin............c.......e. B MG Madagascar ............... B VN VieNam ................
BFf Foand, ... ............... B MK The formex Yugoslav Republic of B YU Yugoslavia................
B GB United Kingdom Mecedosin . .............. B ZA South Afica ..............
B GD Grenada Bl MN Mongolia B ZW Zimbabwe ................
Check-baxes below reserved for designating States which have become party 1o the PCT afier issuance of this sheet:
B EC-Eeusdor .................L.s O . O
B GO -Equatodel Guinea ............ O o | 50 LR
Precautlonary Dum;t‘lnn Statement: In addition to the designations made above, the applicant also makes under Rule 4.9(b) all
other desi would be permitted under the PCTempt my deﬂgnanon(s indicated in the Supplemenial Box as .'I:’
excluded mﬁeofllnummﬂn. The applicant declares thal those additional designations are su jeclweunﬁmnum
that sny designation which is not confirrned before euplnnonorlsmnmhsﬁomn:mmlydm:slobere&rdedumuﬂmby
the applican! a1 the expiration of that time limit. (Confirmarion {(including fees) mus reach the receiving Office within the J5-month rime limiz. )
Form PCT/RO/101 (second sheet) (March 2001) See Notes 10 the request form
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BoxNo.VI  FRIORITY CLAIM o y
The priority of the following earlier application(s) is hereby claimed: )
Filing date Number Where earlier application is:

of earlier application of earlier application . —T T
(daytmontk/year) national application: mwc;c;: 1% lg.p;i::um

item (1)

04 August 2000 08/832,545 us
(04.08.00)

item (2)

item (3)

item (4)

item (5)

[J Funher priority claims are indicated in the Supplemental Box.

ving Office i ted to and tranzm} International Bureau ified of the emrlier application(
?ﬂ ﬂn urim apl;lm mm the O_ﬁutﬁwﬁr ike purposes dlh:lmmlﬁ{wm u.lmlmlvn':)

[ attitems B iem) [Jitem@ [ item® [J item@ [] iem® gu,m aen

* Where the earlle rion iy an ARIPO Protection
I oo e G e B Oy e PTied (e &1 dhoy . Frotctlen o

BoxNo.VII. INTERNATIONAL SEARCHING AUTHORITY

Chalce of International Authorl Internasional Authoritie ot the
'mcl B t sl:l':uﬂl wm)(tn&m:ﬂ Searching ties are competent 5o carry

0 W = - PO
Request to use results of earlier search; reference 10 that search (if an earlier search has been carried out by or requessd from the
Imemational Searching Authority):

Dae (day/month/year) Nomber Country (or regional Office)

Box No. VIII DECLARATIONS

declarations are conmined in Boxes Nos. VIII (i) to (v) (mark the applicable Number of
check-ban.l ow and indicate in the right column the number of each type of declaration): declarations
[ Box No. vii (i) Declaration as (o the identity of the inventor
D Box No. VIII (i) Declurution as to the applicant’s entitlement, as at the inlernational filing
dale, to apply for and be granted a patent
D Box Ne. VIII (iii) Declaration as to the upplicant’s entitlement, as at the international filing
date, to claim the priority of the earlier application
EI Box No. VIII (iv) Decleration of inventorship (only for the purposes of the designation of the
United States of America)
D Box No. VIIi {v) Declaration as 1o non-prejudicial disclosures or exceptions o Jack of novelty -
Form PCT/RO/101 (third sheer) (March 2001) See Notes 5o the reques form

Lega!Star 2001, Form PCTREQ
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Box No.IX CHECK LIST; LANGUAGE OF FILING

This imerouiocal spplicaion coctaos: This intermational spplcation s sccormpazied by the followiag yﬁfmm
sheets in paper form: right column the number of each irem):
request {mcludmg) . 4 | 1. B fee calculntion sheet : 1
description (excluding : g | ] cisioal separe power of aromey '
sequence listing part) 3.[] original general power of attorney
claims : 14 | 4.[8 copy of general power of anemey: reference number.
m 1 Ifn’ ------------------------------------- 1
drawings 7 | 5.1 statement explaining lack of signature
Sub-total number of sheets g2 | 6 O priority document(s) identified in Box No. VI as
1 () -
leqllm listing f
Comipiion (aciial mumber 7. ] transiation of international application into
?r"""" f filed in paper (T 2
ﬁ"‘md.h r'o‘:w d'a ' D .M- - -. ---------- -- - - -.w e .m
compu readable N . separale indications concerning m MICTOOTEAD
Jorm; see (b) below) — or other biclogical material
Total number of sheets : 52 | 9. ] sequence listing in computer readable form (indicate also type

and number of carriers (diskette, CD-ROM, CD-R or other))

Wﬁ)mmwgmﬂmmﬂdh mDthMmuuﬁlmm

(> [Jonly (under Section 801 () e raational uepheaony. e of the
(n)ﬂm lddluon mﬁ%ﬁl (IW (il)ﬂ{anly whegﬁduck—bufb[ﬂor&bﬂu} mﬁml
m‘ Rueﬂcr the purpoacs of international search under
ROM CD'“".'."SZ,,T.‘ (i) mpetber with elevant saement as o the idenity of
s e L e e e
......................... 10. IR other (specify): pomicand..............ccceiuienl 1
F1 of the drawings which Language of filing of the
shu'uul:d‘lncumpmy ﬂ:e-gﬂrm. international lpplnu:'mon English

BoxNo.X SIGNATURE OF APPLICANT, AGENT OR COMMON REPRESENTATIVE

Nc.u to each sw m:‘au name of the person signing and the capacity in which the person signs (if suck capacity is not

By,
For receiving Office use only
1. Date of actual receipt of the purported 2. Drawings:
international application:
I'3.” Corrected date of actual receipt due to Jater but D received:

timely vedpq:mordnmnpoomplelin;lhe
purpnmd internationsl application

. Date of receipt of the required peeived:
4 timely A.niclell(!): D not received:

5. Intemnational Searching Aulhumy 6. Transmitial of search del
(if two or more are competent): ISA/ until ::th fee.i: paidmw e

For International Buresu use only

Date of receipt of the record copy
by the Intemnational Buresn:

Form PCT/ROV10] (last sheet) {(March 2001) See Notes o the regquest form
LegalStar 2001, Form PCTREQ
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PCT

FEE CALCULATION SHEET
Annex to the Request

Algﬂiﬂll'll'l or agent’s
file reference

For receiving Office use only

. 24T

International Application No. =

20471/38818 Date stamp of the receiving Office

Applicant
ZENITH ELECTRONICS CORPORATION

CALCULATION OF PRESCRIBED FEES
1. TRANSMITTALFEE  .....couiiiinunnnirinenrnnnnaesrss | 240.00,

2 SEARCHFEE  +.vuniiierinnnninnnneninsenccanunnnnnsss | 846.00{ §
International search 1o be carried out by EP

(If nwo or more International Searching Authorities are comperens to carry owf the international
search, indicate the name of the Authority which is choren to carry ous the international search.)

3. INTERNATIONAL FEE

Basic Fee

Where item (b) of Box No. IX applies, enter Sub-total mmber of sheets
Where item (b) of Box No. IX does not spply, enter Total mumber of sheets

B emsosees .. - ss200[i]
2]

22 .00 = 188.00|b2
‘namber of sheets ’ fee per sheet l '_l

E additional wm%ﬂmhmng pet of description
ﬁled form under S 801
ls in lncl e Uﬁ'(l:n)(ﬂ)) (aXi), or both

400 x =L b3 |

fee per sheet
Add gmounts entered st b1, b2 and b3 and enter total at B - - . I 580.00| B
Designation Fees ’
'meinmniml application contsins __87 _ designations.
x 82.00 - 402.00[ 5 |

number ofdel::nluou fees amount of designation fee
payeble (maximum 6)
Add arpounts entered st Band Dandentertotal 221 . . ., . . . l 1mool_ﬂ

(Applicants certain States are entitied 1o a reduction gf 75% of the
internationa! fee. Where the icant is (or all applicanix are) so emitled, the
total ro be entered at 1 it 25% of the xum of the amounts envered ot B and D.)

4. FEE FOR PRIORITY DOCUMENT ({/applicable) . . . . . . . . I m
5. TOTALFEESPAYABLE - - « + « « v v o o v o v e e 2,158.00
Add amounts entered at T, S, 1 and P, and enter total in the TOTAL box TOTAL

"] The designation fees arc not paid at this time.

MODE OF PAYMENT

[] suthorizaion o charge [ postal money onder [J cash O coupons

BY cheque [ bankdnft [ revenuestamps [T} other (xpecify)
AUTHORIZATION TO CHARGE (OR CREDIT) DEPOSIT ACCOUNT .

(This mode of payment may not be available at all receiving Offices) Receiving Office: ROV us
[] Authorization to charge the total fees indicated above. Deposit A 13-2855

Due:_AB[0 7/ 0/

{This cherk-bar be marked g llon.l deposit unis
E the recelving Oﬂice Jo pemh)':’y ' et ni';' 'd:f;:ncy :{
credit any overpayment in the total fees mdlcm.'d Name:

DB Authorization to charge the fee for priority document. Signature:

Form PCT/RO/101 (Anmex) (March 2001)
LegalSear 2001, Form PCTREQ

Travor §. golke ﬂ

7" See Notes tofhd fee calculation sheet
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GENERAL POWER OF ATTORNEY )
(for several international applications flled under the Patent Cooperation Treaty)

(PCT Rule 90.5)

The undersigned person(s): )
(Fmﬂy mmfdlawdbygﬁuu name; for a full legal entity, full official designation The address must include postal code and
name of country,)

ZENITH ELECTRONICS CORPORATION

2000 Miltbrook Drive

Lincoinshire, llinols 60069

United States of America

hereby appoint(s) the following person as: !i! agent [:] common representative
Name and address

(Famﬂmemfdbud by given name; for a legal sniity, full official designation. The address rust inchide postal code and name of

JOIKE, Trevor B. and HEPPERMANN, Roger A
MARSHALL, OTOOLE, GERSTEIN, MURRAY & BORUN
8300 Sears Tower

233 5. Wacker Drive

Chicago, lllinois 60608

United Statas of America

10 represent the undersigned before llllhcmpmnhnanﬁoulAmhuiﬁu
Dmelntannioml Searching Authority only
[ the intemmtional Prelizninary Examining Authority only
in connection with any and all international applications filed by the undersigned with the following Office

Unliad States Patent and Trademark Office a3 receiving Office
_} and to maks or receive payments on bela!f of the undersigned.

Signature(s) fwhere there several persons, each of them must next io each rignoture, indicate the the person
lgmmadhmlwmmdnmmUlghmm;gwﬂmﬁmr:dbwlhbpow) name of

A

Jack Kail
Asgistant Secretary

Tllle

June 15, 2001

Form PCT/Model of general power of attomey (for several international applications) (July 1992) Laguifier 1887, Farm PCTIR
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From the RECEIVING OFFICE . M
PCT -

To:
TREVOR B. JOIKE .
MARSHALL . O TOOLE. GERSTZ!il. MURRAY & NOTIFICATION OF THE INTERNATIONAL
BORUM: 6300 SEARS TOMWER APPLICATION NUMBER AND OF THE
233 5. #ACKER DRIVE INTERNATIONAL FILING DATE

CHICAGO IL 60606
(PCT Rule 20.5(c))

Date of mailing

(dav/monthivear) 1 0 AU G 2 ﬁ ﬁ 1|

Applicant’s or agent’s file reference IMPORTANT NOTIFICATION

29471/36818
Internationul application No, International fling date (davsmonthivear) | Priority date (dav/monthivear)
PCT/US01/23211 23 JuL 01 04 AUG 00

Applicant  7ENITH ELECTRONICS CORPORATION

Tidle of the inventian | O COST VSB_ENCODER AND RF MODULATOR FOR
SUPPLYING A SUBSTANTIALLY 6 MHZ VSB SIGNAL TO

1. The applicant is hereby notified that the intemational application has been accorded the intemational applcation number and
the international filing date indicaed above,

2.  The applicant is further norified that the record copy of the international application:

pram T TS

E was transmitted  the Inlernational Bureau on 11’. - its

has not ver been ransmitied o the International Bureau for the reason indicated below and 3 copy of this
notification has been sem o the International Bureau™

D because the necessary national security clearance has not vet been obtained.

D because (reason in be specified):

* The International Bureau monitors the transmital of the recond copy by the receiving Office and will notify the/applicant
(with Form PCT/IB/301) of s receipt. Should the recond cupy not have been received by the expiration of |4 pgfnths from
the priority date. the International Bureau will notify the applicant (Rule 22.1(c)).

4
3, FOREIGN TRANSMITTAL LICENSE INFORMATION Completed by -i/

- /
B’ Additional license for foreign transmnal not required. This subject matier is eovered 2{:1 license already
granted on the equivalent U.S. national application. Rerer o that license for information doncerning its scupe.

D License for fureien wansmittal not required. 37 CFR 5.11{e)(1) or 37 CFR 5.111e)2). However. u license may
be required for adiitional subject maner. Sec 37 CFR 3.15(h.

r , ,
D Foreign transmittal license grznied. 35 U.S.C. 184: 37 CFR 5.11 wun . / fis “/ l/:
‘man.y 4
D 37 CFR 5.15u D 37 CFR 5.15th)

Name and maihing address o1 the recen mg Cinee Authonized oticer
Asaistant Comnusawner for Patents e el
Box PCT I'CT Gperansas 0 Testn i
v, tvan ENYLY K . g 1 - ul -
Washington., D.C. 20231 Aun: ROUS cem A B TN ADB-3050 FA
Facsimile No. Telephome Nn.

Foim PCT RO 103 July 1992,
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The demand must be flled dirwerly wish the compent [nsernasional Preliminary Excmining Ausharity or, uthoritiey are competen,
with the ane chasen By the applicant mﬂmcmmqummumﬂﬁzmuwﬁm:

PEa’ EP

PCT CHAPTER It

DEMAND

under Article 31 of the Patent Cooperation Treaty:
The undersigned requests that the international application specified below be the subject of
international preliminary examination according to the Patent Cooperation Treaty and
hereby elects all eligible States (except where otherwise indicated).

For International Preliminary Exwmining Authority use oaly

Identiflcatian of IPEA I Dute of receipt of DEMAND I
I TR T |

BoaNo.1] IDENTIFICATION OF THE INTERNATIONAL APPLICATION FP01,0516WO 20471/36818

Applicant’s or agent’s file reference

Internationa! application No. International filing date (dayvimonzhAear} (Earliest) Priority date (da)/montk/ear)
PCT/US01/23211 23 July 2001 (23-07-01) 04 August 2000 (04-08-00)
‘Title of inventio

LOW COSTHVSB ENCODER AND RF MODULATOR FOR SUPPLYING A SUBSTANTIALLY 6
MHZ vSB SIGNAL TO DIGITAL TELEVISION RECEIVER

Box No. Il APPLICANT(S)

Zenith Electronics Corporation
2000 Millbrook Drive
Lincolnshira, lilinois 60069
United States of America

Name and address: Wbﬂ;ﬁf.

Telepm No.
emen] | T | 047/941-8018

Faczimile No.
847/941-8003
Telepcinter No.

Applicant’s registration No. with the Office

Staie (tAat is, counrry) of nationality:
us

Name and addresy: (Fomily naws followd by given mame: for a iegal extiyy. fuff official deignation. The odkdress must includle postal cods and name of caniry,)

State (that is. country) of residence:
us

State (that is, country) of nationality:

— ——— —————————— ———

Stme (thar Iy, country) of residence:

Name and address: Family same filiowad by pran nane: jor o kgel sy, fill officiel desigrasion  The sdirexs wacst inchle poxsal onds ered meme of counsry)

State (rhar iv. country) of nationality: | State (that ls, country) of residence:

D Furthor spplicants ars indicated on & continuation shest.

Formn PCT/IPEA/401 (first sheet) (March 2001; reprint July 2001) See Notas to the demand form



International application No.

Sheet No. ... PCT/US01/23211
Box No. Il  AGENT OR COMMON REFRESENTATIVE; OR ADDRESS FOR CORRESPONDENCE
The following person is agent [_]- common represeniative
and has been appointed earlier and represents the applicant(s) also for international preliminary examination.
is hereby sppointed and wny carlier appointment of (an) sgent(sycommon representative is bereby revoked,
D is hereby inted, specifically for the procedure before the International Preliminary Examining Authority, in sddition to
the lmmmmon

representative appainted earlier.
e e i o s ) e e | OI25B 5TT4
JOIKE, Trevor B. Facsimile No.
Schiff Hardin & Waite 312/258-5700
68600 Sears Tower Teleprinter No.
Chicago, lllincis 60606
United States of America Agent's registration No. with the Office
25,542

D Address for corrapoadence: Mark this check-box whero no _gnlweommm represcniative is/has been appointed and the
space shove is used instead to indicate » special address to which correspondence should be sent.

Box No.IV BASIS FOR INTERNATIONAL PRELIMINARY EXAMINATION
Statemant concerning amendments:*
l. The spplicant wishes the international preliminary examination to start on the basls of:
the internstional application as originally filed
the description [ X] s originally flled
as amended under Article 34

the claims a3 originally filed
D as amended under Article 19 (together with any accompanying siatement}
s amended under Article 34

]

the drawings X us originally filed
a8 amended under Article 34

g

2. [[] The epplicant wishes any smendment to tha claimy under Article 19 to be considered as raversed.

L D The applicant wishes the start of the internations] preliminary examination to be postponed until the expiration of 20 months
from the priority date unless the International Preliminary Examining Authority receives a copy of any amendments made
uader Article 19 or a notice from the spplicant that he does not wish to make such amendments (Rule 69.1(d)). (This checi-
bdox may be marked only where 1he time lmit under Articie 19 kas not yet expired)

* Where no check-box is marked, international preliminary examinstion will siart on the basis of the intemational application
as originally filed or, where a copy of amendments to the claims under Article 19 and/or amendments of the intemational application
under Article 34 are received by the [nternaational Preliminary Examining Authority before it has begun to draw up s written opinicn
or the international preliminary examination report, as so amended.

Language for the purposes of international prelimisary examination: English
which is the language in which the intermationa) application was Ried.
[[] which is the langusge of a translation fumished for the pusposes of intemations] scarch.
which is the language of publication of the intemational spplication,

[[] which is the language of the tranlation (to be) firnished for the purpases of international preliminary examination.
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excluding the following States which the applicant wishes aot to elect:
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. Rule 80.5.
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CHAPTER I

FP01,0516WO0O 29471/36818

Applicant
Zenith Electronics Corporation

CALCULATION OF PRESCRIBED FEES

\. Prefimicary examination fos | 1553.00[ 7 |

2. Handling fee Mpph‘mnfm certain States a,
entitied 1o a reducrion of 73% of the handling fes.
Where the applicant s (or all applicanss 10
enritled, the amount 10 be entered at H is 25% of the

oy <y | 147.00[# ]

3. Totl of prescribed fess
Add the amounts entered at P and H
and enter total in the TOTAL box...... 1680.00
TOTAL
MODE OF PAYMENT
aythorization to ¢ deposit cash
D sceount with the IPEA {see below) D
D cheque D revenue slamps
D postal money order D coupons
[X] beakdnp [ oter tpecip:
AUTHORIZATION TO CHARGE (OR CREDIT) DEPOSIT ACCOUNT
(This mode of payment may nos ba avallable a all [PEAs)
IPEAS
[J Authorization to charge the total fees indicated above. Depasit Account No.:
[ (This check-box may be marked only if ihe condisions for Datz:
dapasit accounts of the IPEA 50 permit) Authorizstion
10 charge any deficiency or credit any overpayment in Name:
the total fees indicated above.
Signature;
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LOW COST VSB ENCODER AND RF MODULATOR FOR SUPPLYING A
SUBSTANTIALLY 6 MHZ VSB SIGNAL TO DIGITAL TELEVISION
RECEIVER

! i of the I T { Pri Azt

This invention relates generally to dig%tal vsB
(vestigial side band) television receivers and specifically
to a simple low cost system for coupling a digital VSB
signal from any of a plurality of socurces of a digital
signal (such as an MPEG - Motion Picture Experts Group -
digital signal} to a digital VSB television feceiver. While
the description is directed to a VSB digital format, it
should be understood that the invention in its broader
aspects is not limited to a particular digital format.

The recently adopted Digital Television Standard
specifies a VSB subsystem having a terrestrial broadcast
mpde (8 Vv8B) and a high data rate mode {16 VSB). There are
other VSB modes available,'namely 2 VSB, 4 VSB and 8 VSB
{non terrestrial). The 8 VSB terrestrial mode has the data
carrying capability of 4 VSB. (The Trellis coding that is
added for the terrestrial environment creates the additional
modulation levels.) The digital.data signal for video is
MPEG encoded and for andio is Dolby AC-3 processed and must
be subjected to decompression before application to

conventional video and audio circuitry. For terrestrial
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broadcasting, the data signal is: randomized; subjected to
Reed-Solomon (R/S) type encoding for error correction;
interleaved; Trellis encoded; multiplexed with segment
sync and field sync; supplied with a DC pilot; subjected
to pization filtering; modulated; and RF
upconverted for transmission. The digital television
receiver includes a tuner and a VSB demodulator for
developing the baseband signal, which is in compressed form.
The demodulated signal is applied to an equalizer for
egqualizing the received signal. The baseband signal is
applied to a transport demultiplexer which directs the data
to an appropriate MPEG decoder and a Dolby &;coder for
recovering the video and audio in proper form for
application to video and audio processing circuitry.

Digital signals may be supplied to digital receivers by
over-the-air transmission sources. Digital signals from
other sources, such as DVD (digital video disk) players,
VCR’s {video cassette recorders), PC’s (personal computers),
digital cable boxes, satellite receivers and the like will
also be supplied to digit;1 television receivers, as is the

case for present analog television receivers.
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In an analog system, it is well known that
coupling the signal from a VCR or other video source to a
baseband input of a television receiver (if one is
available) yields results superior to those achieved by
modulating the signal to RF channel 3 or RF channel 4 and
supplying it to the tuner input of the television receiver.
This baseband coupling, however, does not necessarily
produce superior results in a digital environment in which
case the distance between the baseband signal source and the
television receiver must be kept relatively short. 1In an
analog system, it is also well known to supply double
sideband esignals to a receiver.

In accordance with the invention described in U.S.
Application Serial No. 09/300,299 filed April 27, 1999, a
compressed baseband digital signal is encoded in a given
format for digital transmission and is modulated onto an RF
carrier for direct application via a cable or wireless link
to the RF input of a digital television receiver. The RF
signal, which is at a low power level and has a less-than-
nominal bandpass, takes advantage of the front end signal
processing that is built into the digital television

receiver. Signal impairments, due to the less-than-nominal
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bandpass characteristic and noise introduced during
transmission, that are below a given thresheold are corrected
by the correction circuitry in the digital television
receiver front end. The low signal power, the corrective
circuitry for the digital signal, and the benign environment
of the comminications link enable components and circuits of
much lower tolerance (and cost) to be used in the encoding
and modulating process implemented by the other sources
described above. The result is an modulator that is very
low cost and very effective in coupling a digital signal to
a digital television receiver over an RF channel.

The present invention is directed to another
arrangement for providing a digital signal to a digital

receiver.

Summary of the Invention

In accordance with a first aspect of the
invention, a system for supplying a compressed digital
signal to a digital television receiver comprises a source
of compressed baseband signal, an encoder, first and second
frequency shifters, and first, second, and third

interpolators. The encoder encodes the baseband signal in a
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digital format, wherein the baseband signal has a frequency.
The first frequency shifter shifts the frequency of the
encoded baseband signal. The first interpolator
interpolates an output of the first frequency shifter, the
second interpolator interpolates an output of the first
interpolator, and the third interpoclator interpolates an
output of the second interpolator. The second frequency
shifter shifts a frequency of an output of the third
interpolator.

In accordance with another aspect of the
invention, a method of supplying a compressed digital signal
to a digital television receiver comprises the following:
encoding a baseband signal in a digital format, wherein the
baseband signal has a symbol frequency; increasing the
symbol frequency of the encoded baseband signal to produce
an intermediate frequency signal, wherein the increasing of
the symbol frequency of the encoded baseband signal includes
three interpolations of the encoded baseband signal; and,
modulating the intermediate frequency signal with a channel
selection frequency signal so as to produce an output signal

having the frequency of a selected channel.
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In accordance with still anothexr aspect of the
invention, an electrical signal is produced by (i) encoding
a signal in a digital television format, wherein the signal
has a symbol frequency £,, (ii) shifting the frequency of
the encoded signal by f,/4, (iili) increasing the frequency
of the shifted encoded signal to produce an intermediate
signal, and (iv) modulating the intermediate frequency
signal with a channel selection frequency signal so as to
produce the electrical signal at the frequency of a selected

channel.

ief - £ the :

These and other features and advantages of the
invention will be apparent upon reading the following
description in conjunction with the drawing, in which:

Figure 1 is a simplified block diagram of a
digital remodulator in accordance with the present
invention;

Figure 2 is a block diagram showing the VSB
digital signal modulator of Figqure 1 in additional detail;

Figure 3 iB a more detailed block diagram of the

VSB digital signal modulator of Figure 2;
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Figure 4 is a curve illustrating the fregquency

spectrum of the encoded baseband signal supplied to the VSB

digital signal modulator of Figures 2 and 3;

the

the

4;
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the

the

the

the

the

Figure 5a illustrates the frequency responae of

sinx/x correction filter of Figures 2 and 3 for channel

Figure 5b illustrates the frequency response of

ginx/x correction filter of Pigures 2 and 3 for channel

Figure 6 illustrates the frequency response of the
paas filters of Figqures 2 and 3;

Figure 7a illustrates the frequency response of
half band filter HBF 1 of Figures 2 and 3;

Figure 7b illustrates the frequency response of
half band filter HBF 2 of Figures 2 and 3;

Figure 7c illustrates the frequency response of
half band filter HBF 3 of Figures 2 and 3;

Figure Ba illustrates the freguency spectrum of
modulated data for chammel 3;

Figure 8b illustrates the frequency spectrum of

modulated data for channel 4;
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Figure 9a illustrates the frequency spectrum of
the D/A output for channel 3;

Figure 9b illustrates the frequency spectrum of
the D/A output for channel 4; and,

Figure 10 is a block diagram of an output circuit

for the VS8 digital signal modulator of Figures 2 and 3.

L e f the Pref 3 Embodi I
As shown in Figure 1, a source 10 provides a
digital MPEG encoded signal. The source 10 may be any of a
number of different types of sources. For example, the
source 10 may comprise a satellite receiver, a VCR, a DVD, a
digital cable box, a PC, etc. Th?’SﬁfﬁﬁE’SE:EEE:EEEEEE/ID
is an MPEG (and Dolby AC-3) encoded digital signal at
baseband frequency. This baseband signal may be applied
directly to a baseband input of a digital television
receiver. However, in accordance with the present
invention, the baseband signal is applied to an ATSC encoder
12 which subjects the signal to interleaving, randomizing,
R/S error encoding, and/or Trellis encoding. Field and
segment syncs are added and, while not indicated, a pilot is

ingserted and equalization filtering is employed. (See ATSC
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Standard A/53, ATSC Digital Television Standard for a
detailed description of these operations.)

The ATSC encoder 12 ‘supplies symbol data to a
digital modulator 14 which remodulates the symbol data onto
a selected RF channel, such as channel 3 or 4. Following
remodulation, an output circuit 16 proceseses the remodulated
data and supplies the processed remodulated data over an RF
output to a digital receiver such as a digital television.
The symbol data provided by the ATSC encoder 12 has a 10.76
MHZ data rate and its-spectrum is flat across the entire
frequency band. This data has a small DC offset which is
uged as a pilot, and the symbol data width is seven bits.
Figure 4 shows the symbol data frequency spectrum taken with
a 128 point discrete Fourier Transform (DFT).

As shown in Figures 2 and 3, a sinx/x correction
filter 20 is provided at a front end of the digital
modulator 14. The sinx/x correction filter 20 may have
seven taps and is provided to compensate for the sinx/x roll
off created by the D/A converter discussed below. Because
channel 3 requires a different sinx/x correction than does
channel 4, the sinx/x correction filter 20 contains two sets

of tap values selected by the channel select signal. For

114
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WO 02/13534 PCT/USO1/23211

example, if the channel select signal is a logic level zero,
the channel 3 taps are selected and, if the channél select
signal is a logic level one, the channel 4 taps are
selected.

The bits produced by application of these taps to
the symbol data may be rounded to eleven bitas and the most
significant of these eleven bits may be discarded leaving a
sinx/x correction output having ten bits. Even if this most
significant bit were not discarded, the output of the sinx/x
correction filter 20 will not exceed ten bits when the
sinx/x correction filter 20 receives normal symbol data.
Therefore, the most significant bit may be discarded without
risk of overflow. Table 1 below shows an exemplary set of

tap values for the sinx/x correction filter 20.

- 10 -
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Table 1
Tap Ch 3 Vvalue Ch 4 Vvalue
0 -3 ~4
1 1 2
2 -22 -30
3 400 400
4 -22 -30
5 1 2
6 -3 -4

The frequency response of the sinx/x correction filter 20
based upon the exemplary set of channel 3 tap values is
shown in Figure 5a, and the frequency response of the sinx/x
correction filter 20 based upon the exemplary set of channel
4 tap values is shown in Figure 5b.

The output of the sinx/x correction filter 20 is
shifted by 2.69 MHZ, which is one-fourth of the symbol rate
fom- This shift in frequency moves the DC pilot to the
center of the spectrum shown in Figure 4. The frequency
shift is performed by multiplying the symbol data by
eil/4usym  This pultiplication is implemented in Figure 2 by
a multiplier 22 which multiplies the data by cos(wsm,n/4)

- 11 -
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and a multiplier 24 which multiplies the data by

sin (0g,n/4) because

[msrm
e * = cos(u‘:"" ) + jsin(g’-;i"-). (1)

Because the frequency shift is equal to one-fourth the
symbol clock rate, the factor cos(w,.n/4) applied by the
multiplier 22 produces the following sequence:

1,0'-1,0,1,0,-1'0 ]

and the factor sin(wg,n/4) applied by the multiplier 24

produces the following sequence:

6,1,0,-1,0,1,0,-1 . . . .
The two sequences can be interleaved because every other
value in both sequences is ‘zero. The resulting sequence is

given by the following:

1,1,-1,-1,1,1,-1,-1 . . .

- 12 -
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20
227

As shown in Figure 3, this combined sequence may be
implemented as a 2's complement circuit 26. The control
signal from the timing block 28 turns on the 2's complement
circuit 26 for two symbol clock cycles and off for two
symbol clock cycles.

After the data is shifted in frequency, the real
and imaginary parts of the data are filtered by low pass
filters 30 and 32 as shown in Figure 2. As shown in Figure
3, the low pass filters 30 and 32 may be implemented, for
example, as a single thirty-three tap low pass filter 34
because the real and imaginary data are interleaved at the
output of the 2's complement circuit 26. The low pass
filter 34 shapes the VSB éutput spectrum and has a filter
roll-off that approximates the root-raised cosine roll-off
of the ideal VSB output spectrum. The 3 db point of the low
pass filter 34 is at 2.69 MHZ. In order to reduce the size
of the low pass filter 34, the bandwidth of the low pass
filter 34 is slightly wider than the 3 MHZ bandwidth of an
ideal root-raised cosine filter. Table 2 below shows an
exemplary set of tap values for the low pass filter 34,
assuming'that it is implemented as a thirty-three tap

filter.

- 13 -
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Table 2

Tap Value Tap Value Tap Value
0 -5 11 66 22 -20
1 -14 12 22 23 -41
2 -7 13 -122 24 17
3 14 14 -24 25 27
4 11 15 384 26 -14
5 -18 16 631 27 -18
6 -14 17 3B4 28 11
7 27 18 -24 29 14
8 17 19 -122 30 -7
9 -41 20 22 31 -14
10 -20 21 66 32 . =5

Figure 6 shows the frequency response of the low pass filter
34 based upon this exemplary set of thirty-three tap values.

As discussed previously, the real and imaginary
data are interleaved at the output of the 2's complement
circuit 26. When the real data are at the even taps of the
low pass filter 34, the imaginary data are at the odd taps
of the low pass filter 34, and vice versa. Therefore, the
low pass filter 34 has two outputs, an even tap output and
an odd tap output. Both outputs are interleaved with the

real and imaginary data, and these outputs may be rounded to

- 14 -
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eleven bits and limited to ten bits before being applied to
a two-to-one mux 36. Such limiting will rarely occur.

In order to modulate the data, the sample rate
should be increased to 86.08 MHZ, which is eight times the

symbol data rate. The sample rate is increased in three

stages, with each stage interpoclating the data by two. Each

———

interpeclation stage includes _a half band filter which

removes the image of the data caused by the interpolation.
Fewer filter taps are required if the interxrpolation and
filtering are done in three steps instead of one.

Accordingly, as shown in Figure 2, the outputs of
the low pass filters 30 and 32 are supplied to corresponding
interpolation and half band filters 38 and 40 which perform
an interpolation by two and which filter the interpolation
results. The outputs of the interpslation and half band
filters 38 and 40 are then supplied to corresponding
interpolation and half band filtera 42 and 44 which also
perform an interpolation by two and which filter the
interpolation results, and the outputs of the interpolation
and half band filters 42 and 44 are supplied to

corresponding interpolation and half band filters 46 and 48

- 15 -
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which likewise perform an interpolation by two and filter
the interpolation results.

Interpolation by two inserts a zero in between
each complex data symbol. The real and imaginary parts of
the data symbols are then interleaved because every other
data symbol is zero. Therefore, as shown in Figure 3, only
one half band filter 50 and the two-to-one mux 36 are
required for the interpolation and half band filters 38 and
40, only one half band filter 52 and a two-to-one wmux 56 are
required for the interpolation and half band filters 42-and
44, and only one half band filter 54 and a two-to-one mux 58
are required for the interpolation and half band filters 46
and 48B.

The two-to-one mux 36, under control of the timing
block 28, interleaves the data by combining the even and odd
tap outputs of the low pass filter 34 into one data stream
with the imaginary data interleaved before the real data.
The diagram below illustrates the data before and after the

two-to-one mux 36.

even tap ouput h - T» i _ T L _
L 1 1 1 = ryiyryhyr i rgi, mux output
odd tap output L A

_16_
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The half band filter 50 is implemented, for example, as a
filter having eleven taps. Table 3 below shows an exemplary
set of tap values for the half band filter 50, assuming that

it is implemented as an eleven tap filter.

Table 3

Tap Value Tap Value
0 29 6 619
1 0 7 0
2 -134 8 -134
3 0 9 0
4 619 10 29
5 1024

Figure 7a shows the frequency response for the half band
filter 50 based upon this set of exemplary tap values.

The two-to-one mux 56, under control of the timing
block 28, interleaves the data from the half band filter 50
by combining the even and odd tap outputs of the half band
filter 50 into one data stream with the imaginary data
interleaved after real data. The diagram below illustrates

the data before and after the two-to-one mux 56.

- 17 -
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eventapoupwt s -4 o
I Lt V= dyryiyr i, r igr, mux output
odd tap output [ A

The half band filter 52 is implemented, for example, as a
filter having seven taps. Table 4 below shows an exemplary
set of tap values for the half band filter 52, assuming that

it is implemented as an seven tap filter.

Table 4
Tap Value Tap Value
0 -9 4 73
1 0 5 0
2 73 6 -9
3 128

Figure 7b shows the frequency response for the half band
filter 52 based upon this set of exemplary tap values.

The two-to-one mux 58, under control of the timing
block 28, interleaves the data from the half band filter 52
by combining the even and odd tap outputs of the half band
filter 52 into one data stream with the imaginary data
interleaved after real data. The diagram below illustrates

the data before and after the two-to-one mux 58.

- 18 -
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eentapowput » 2 -H H
I 1 1 )= bLrybririgr mux oupu

odd tap output A P (T S

The half band filter 54 is implemented, for example, as a
filter having seven taps. Table 5 below shows an exemplary
set of tap values for the half band filter 54, assuming that

it is implemented as an seven tap filter.

Table 5
Tap Value Tap Value
0 -1 4 9
1 0 5 0
2 S 6 -1
3 16

Figure 7¢ shows the frequency response for the half band
filter 54 based upon this set of exemplary tap values.

The frequency response of each of the half band
filters 50, 52, and 54 is 6 db down at half of the Nyquist
frequency for each of the half band filters 50, 52, and 54.
Also, each of the half band filters 50, 52, and 54 has nly
one odd tap. Because the real and imaginary data are

interleaved, the real data are in the even taps when the

- 15 -
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imaginary data are in the odd taps and vice versa.
Therefore, the half band filters 50, 52, and 54 also have
twe outputs, an even tap output and an odd tap output. Both
outputs of each of the half band filters 50, 52, and 54 are
interleaved with the real and imaginary data. The outputs
of each of the two-to-one multiplexers are rounded to eleven
bits and limited to ten bits.

Two two-to-one muxes 60 and 62 arranged in
parallel follow the half band filter 54. The two-to-one
muxes 60 and 62, under control of the timing block 28,
convert the two data streams interleaved with real -and
imaginary data to two data streams that are either real or
imaginary. The diagram below illustrates the data before
and after the two-to-one mux 60.

even lap output ’ & N " ’ o - Iryryr ry, mux output

odd tap outpwt r, i, r, i,
Similarly, the diagram below illustrates the data before and
after the two-to-one mux 62.

eventap outpwt 3 Ty B Ty

N s N = By by By mux output
odd tap outpwt ry, i, r 1
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At the two-to-one mux 36, the imaginary data is
inserted before the real data. This operation causes the
real data and iﬁaginary data to be skewed by one clock.
cycle. The two-to-one mux 56 and the two-to-one mux 58
insert the real data before the imaginary data so that the
one clock cycle skew does not grow. A ten-bit register 64
shown in Figure 3 is placed after the two-to-one mux 62 in
order to provide a one clock cycle delay to remove this
skew.

A numerically controlled oscillator 66 has two
outputs, an eight-bit sine wave output and an eight-bit
cosine wave output. The phase accumulator of the
numerically controlled oscillator 66 is sixteen bits. For
channel 3, the phase increment is 17,582, and the output
frequency is 23.098345 MHZ. For channel 4, the phase
increment is 13,015, and the output frequency is 17.098453
MHZ. The frequency of the pilot (f,,) is determined

according to the following equation:

Sou = 8 - G ) (2)
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where f, represents the symbol frequency, where the factor
Bf, results from the three interpolations-by-two, where the
factor £,/4 results from the 2's complement circuit 26, and
where the factor f, represents the output of the numerically
controlled oscillator 66. Accordingly, the pilot fregquency
for channel 3 is 60.308995 MHZ, and the pilot frequency for
channel 4 is 66.3088%0 MHZ. Because the phase accumulator
is only sixteen bits, the pilot frequencies are sglightly
below the ideal pilot frequencies. The channel select
signal controls the NCO frequency. For example, a logic
level zero selects channel 3, and a logic level one selects
channel 4.

The complex data is modulated by the quadrature
output of the numerically controlled oscillator 66. A
multiplier 68 multiplies the ten-bit real component of the
symbol data from the two-to-one mux 60 by the eight-bit
cosine ocutput of the numerically controlled oscillator 66.
A multiplier 70 multiplies the ten-bit imaginary component
of the symbol data from the two-to-one mux 62 and the ten-
bit register 64 by the eight-bit sine output of the
numerically controlled oscillator 66. A sBummer 72 subtracts

the output of the multiplier 70 from the output of the
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multiplier 68 which is equivalent to shifting the frequency
spectrum of the complex data and its conjugate by the NCO
frequency and summing the two together. This operation is

shown by the following equation:

(r, + Ji)e™® + (r, - ji,)e 7™
X =
. 2

(3)

r,cos(w, n) = isin(w, n)

The modulated data has a center frequency equal to the
output frequency of the numerically controlled oscillator
66. The pilot fregquency is 2.69 MHZ above the output
frequency of the numerically contro}led oscillator 66.
Figure 8a shows the frequency spectrum of the modulated data
on channel 3, and Figure 8b shows the frequency spectrum of
the modulated data on channel 4.

The output of the summer 72 is attenuated by an
actenuator 74 and converted to an analog signal by a
digital-to-analog converter 76. The attenuation due to the
sinx/x roll-off of the digital-to-analog converter 76 can be
greater for channel 4 than it is for channel 3. Also, the

DC gain of the sinx/x correction filter 20 can be slightly

- 23 -



W 02/13534 PCT/USO1/23211

higher for channel 3 than for channel 4. Therefore, if
these conditions exist, the signal power after the digital-
to-analog converter 76 is greater (for example, by about 3
db) for channel 3 than for channel 4. Accordingly, the
attenuator 74 is provided to apply a suitable attenuation
(such as 23/32) to make the output power for channel 3 and
channel 4 substantially equal. Thus, when the channel
select signal indicates channel 3, the attenuation applied
by the attenuator 74 is made active and, when the channél
select signal indicates channel 4, the attenuation applied
by the attenuator 74 is made inactive. The attenuator 74
may alsc be arranged to round the data to nine bits and to
limit the data to eight bits regardless of channel.

The digital-to-analog converter 76 has an eight
bit resolution and a differential output. This differential
output is converted to a single ended output through a 1:1
transformer 78 of the output circuit 16 as shown in Figure
10. The side of the 1:1 transformer 78 coupled to the
digital-to-analog converter 76 has a grounded center tap and
the output impedance of the digital-to-analog converter 76
is set by placing a 75Q resistor across the output of the

digital-to-analog converter 76.
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Figure Sa shows the frequency spectrum at the
output of the digital-to-analog converter 76 for channel 3,
and Figure 9b shows the freguency spectrum at the output of
the digital-to-analog converter 76 for channel 4. The
frequency of the numerically controlled oscillator 66 may be
chosen so that the first image of the modulated data above
the Nyquist frequency falls substantially in either channel
3 or channel 4. The sinx/x correction imposed by the sinx/x
correction filter 20 may be also designed to correct this
image. The signal-to-noise ratio of the first image is also
good enough to be received by the receiver. Therefore, the
first image may be used as the modulated output and the
fundamental output of the digital-to-analog converter 76 can
be ignored.

Accordingly, a bandpass filter 80 of the output
circuit 16 as shown in Figure 10 is arranged to remove the
modulated data below channels 3 and 4 and all images above
channels 3 and 4. An attenuator 82 lowers the signal power
to a nominal 0 dbmv.

Certain modifications and alternmatives of the
present invention have been discussed above. Other modifi-

cations and alternatives will occur to those practicing in
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the art of the present invention. Accordingly, the
desdiiption 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 carrying out the inven-
tion. The details may be varied substantially without
departing from the spirit of the invention, and the exclu-
sive use of all modifications which are within the scope of

the appended claims is reserved.
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WHAT IS CLAIMED IS:

1. A system for supplying a compressed digital
signal to a digital television receiver comprising:

a source of compressed baseband signal;

an encoder that encodes the baseband signal in a
digital format, wherein the baseband signal has a frequency;

a first frequency shifter that shifts the
frequency of the encoded baseband signal;

a first interpolator that interpolates an output
of the first frequency shifter;

a second interpolator that interpolates an output
of the first interpolator;

a third interpolator that interpolates an output
of the second interpolator; and,

a second frequency shifter that shifts a frequency

of an output of the third interpolator.

2. The syastem of claim 1 wherein the encoder
provides the baseband signal at a frequency f,, and wherein
the first frequency shifter shifts the baseband signal by
£,/4.
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3. The system of claim 2 wherein the first
interpolator interpolates by two, wherein the second
interpolator interpolates by two, and wherein the third

interpolator interpolates by two.

4. The system of claim 2 wherein the first,
gecond, and third interpolators collectively interpolate by

eight.

5. The system of claim 4 wherein the first and
second frequency shifters and the first, second, and third
interpolators effectively operate in accordance with the

following equation:

Sou = 8, = O+ )

where 8f, results from the first, second, and third
interpolators, where £,/4 results from the first frequency
shifter, and where £, is supplied by the second frequency

shifter.
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6. The system of claim 1 further comprising a low
pass filter coupled between the encoder and the first
interpolator, wherein the encoder provides the baseband
signal at a frequency f,, and wherein the low pass filter

has a response that rolls off at about f,/4.

7. The system of claim 6 wherein the first

frequency shifter shifts the baseband signal by £,/4.

8. The system of claim 7 wherein the first,

second, and third interpolators collectively interpolate by

eight.

9. The system of claim 8 wherein the first and
second frequency shifters and the first, second, and third
interpolators effectively operate in accordance with the

following equation:

Sou = 85 = (s + o)

where 8f, results from the first, second, and third

interpolators, where f,/4 results from the first frequency
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shifter, and where f; is supplied by the second frequency

shifter.

10. The system of claim 1 further comprising a
sinx/x correction coupled between the encoder and the first
interpolator, wherein the sinx/x correction provides
compensation for the sinx/x roll off created by processing

in the system.

11. The system of claim 10 further comprising a
low pass filter coupled between the encoder and the first
interpolator, wherein the encoder provides the baseband
signal at a frequency f,, and wherein the low pass filter

has a response that rolls off at about £,/4.

12. The system of claim 10 wherein the encoder
provides the baseband signal at a frequency f;, and wherein
the first frequency shifter shifts the baseband signal by

£,/4.
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13. The system of claim 12 wherein the first,
second, and third interpolators collectively interpolate by

eight.

14. The system of claim 13 wherein the first and
second frequency shifters and the first, second, and third
interpolators effectively operate in accordance with the

following equation:

Jou =8~ O+ )

where 8f; results from the first, second, and third
interpolators, where f,/4 results from the first frequency
shifter, and where f; is supplied by the second frequency

shifter.

15. The system of c¢laim 1 wherein the first
interpolator interpolates by two, wherein the second
interpolator interpolates by two, and wherein the third

interpolator interpolates by two.
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16. A method of supplying a compressed digital
signal to a digital television receiver comprising:
encoding a baseband signal in a digital format,
wherein the basebaqg signal has a symbol frequency;
increasing the aymbol frequency of the encoded ‘
baseband signal to produce an intermediate frequency signal, }
wherein the increasing of the symbol frequency of the ‘
encoded baseband signal includes three interpolations of the i
encoded baseband signal; and, &
modulating the intermediate frequency signal with !
a channel selection frequency signal so as to produce an

output signal having the frequency of a selected channel. |

17. The method of claim 16 wherein the baseband
signal has a symbol frequency f,, and wherein the increasing
of the symbol frequency of the encoded baseband signal
comprises shifting the symbol frequency of the baseband

signal by £,/4.

18. The method of claim 16 wherein the three

interpolations are each an interpolation by two.
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19. The method of claim 16 wherein the baseband
signal has a symbol frequency £,, and wherein the output

signal has a frequency f,,, given by the following equation:

fou = 81 = (o + )

where 8f, results from the three interpolations, where f,/4
resulte from a frequency shifting of the encoded baseband
signal, and where f, is the frequency of the channel

selection frequency signal.

20. The method of claim 16 further comprising low
pass filtering the encoded baseband signal, wherein the
baseband signal has a symbol frequency f,, and wherein the

low pass filtering has a response that rolls off at about

£,/4.

21. The method of claim 20 wherein the increasing
of the symbol freguency of the encoded baseband signal
comprises shifting the symbol frequency of the baseband
signal by £,/4.
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22. The method of claim 20 wherein the three

interpolations are each an interpolation by two.

23. The method of claim 20 wherein the output

signal has a frequency f,, given by the following equation:

Jou = 8, = (s + )

where Bf, results from the three interpolations, where £,/4
results from a frequency shifting of the encoded baseband
signal, and where f, is the frequency of the channel

selection frequency signal.

24. The methed of claim 16 further comprising
sinx/x correcting the encoded baseband signal, wherein the
sinx/x correction compensates for the sinx/x roll off

created by processing downstream of the sinx/x correction.
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25. The method of claim 24 further comprising low
pass filtering the encoded baseband signal, wherein the
baseband signal has a symbol frequency f£,, and wherein the

low pass filtering has a response that rolls off at about

£,/4.

26. The method of claim 24 wherein the baseband
signal has a symbol frequency £,, and wherein the increasing
of the symbol frequency of the encoded baseband signal

comprises shifting the symbol frequency of the baseband
signal by £,/4.

27. The method of claim 24 wherein the three

interpolations are each an interpolation by two.
28. The method of claim 24 wherein the baseband

signal has a symbol frequency f,, and wherein the output

signal has a frequency f,,, given by the following equation:

Sou = 8= Uy + )
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where 8f, results from the three interpolations, where £,/4
results from a frequency shifting of the encoded baseband
signal, and where f, is the frequency of the channel

selection frequency signal.

29. The method of c¢laim 16 wherein the output
signal contains modulated data below the selected channel
and an image at the selected channel, and wherein the method
comprises filtering of the output signal to remove the

modulated data and to pass the image.-

30. An electrical signal produced by (i) encoding
a signal in a digital television format, wherein the signal
has a symbol frequency f;, (ii) shifting the frequency of
the encoded signal by £,/4, (iii) increasing the frequency
of the shifted encoded signal to produce an intermediate
signal, and (iv) modulating the intermediate frequency
signal with a channel selection frequency signal so as to
produce the electrical signal at the frequency of a selected

channel .
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31. The electrical signal of claim 30 wherein the
frequency of the shifted encoded signal is increased by
interpolation, and wherein the interpolation comprises three

interpolations by two.

32. The electrical signal of claim 30 having a

frequency f,,,. given by the following equation:

Sou = 8, = O )

where 8f, results from the increasing of the frequency of
the shifted encoded signal, where £,/4 results from the
frequency shifting, and where f, is the frequency of the

channel selection frequency signal.

33. The electrical signal of claim 30 wherein the
encoded esignal is low pass filtered, and wherein the low

pass filtering has a response that rolls off at about £,/4.
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34. The electrical signal of claim 33 wherein the
frequency of the shifted encoded signal is increased by
interpolation, and wherein the interpolation comprises three

interpolations by two.

35. The electrical signal of c¢laim 33 having a

frequency £, given by the following equation:

Sou = 8 = (o % )

where Bf; results from the increasing of the frequency of
the shifted encoded signal, where f£,/4 results from the
frequency shifting, and where f£; is the frequency of the

channel selection fregquency signal.

36. The electrical signal of claim 30 wherein the
encoded signal is sinx/x corrected, and wherein the ginx/x
correction compensates for the sinx/x roll off created by
processing of the electrical signal downstream of the sinx/x

correction.
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37. The electrical signal of claim 36 wherein the
encoded signal is low pass filtered, and wherein the low

pass filtering has a response that rolls off at about £,/4.

38. The electrical signal of claim 36 wherein the
frequency of the shifted encoded signal is increased by
interpolation, and wherein the interpolation comprises three

interpolations by two.

39. The electrical signal of claim 36 having a

frequency f,, given by the following equation:

fou = 8, = s+ )

where 8f, results from the increasing of the frequency of
the shifted encoded signal, where f,/4 results from the
frequency shifting, and where f;, is the frequency of the

channel selection frequency signal.
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40. The electrical signal of claim 30 further
-produced by filtering so as remove data below the selected
channel and so as to leave an image of the data as the

electrical signal.

- 40 -



PCT/US01/23211 M

WO 02/13534

117

%J;mbOI
ta 14

r10 f12[ —— % . f.!b'
igita
e T

Modulator _

Figure 1

At

RF to
Receiver



35’

14
Ve
/4)
22 r30 f38 r42 r46 68
Interpolate] , |Interpolaie| . |Interpolate
LPF I*1'By 2 HBF "| By 2 HBF "I ByZ HBF [
Symbol 72 r74 76
Data | 21 Ch 3, 4
8 Bit ”
—_— Attenuator |- D /A  Out
4
24 J32 r40 r44 r48

LPF Enie olalaj _linterpolate] _jinterpolate
r_' By 2 HBF By 2 HBF By 2 HBF

sin(@,y,,/4)

Cos Sin
NCO

Channel
Select

Figure 2

FESEL/T0 OM

1ITET10SN/LDd

!



14
f
Symbol (20 r26' r.?‘f ‘10 56 50 10 56 f52 ’10 58
Dot 7] ITop 100} 25 |10)337ap o (207119 11 Ta o |2eT11%] 7 Tap o 2T 0
C inxx *|Compliment[7T"1 "LPF | 10 | Mux HPF T | /Y | Mux HBF 2 | /'Y | Mux
orraction| +—> 1 1—
f28
Ll'iming |
y, S, N
(5 10 4,60 68
7 Tap ’10 2~1‘o'| o
HBF 3 ux| 7
f /| 7 776
Limiter ll 8 Bit
and Ch 3 7 D/A > RFOH‘
62 /Attenuator|
Mux Register
) S
NCO
i
Channel . z .
Select i Figure 3

136

TENE1/T0 OM

HITET0SN/LId



WO 0213534 PCT/USO1/23211 \5?
n -

5
0

-5 DC
Data h
(db) Pilot
-10

-15¢ -

-20

0 . 2.l69 5.38
F; igure 4 Frequency - MHz

4

Magnitude
(db)
2t

0

0 2.69 5.38
Fig ure 5 (a Frequency - MHz

4

Magnitude
(db)
2 b

0 2.69 5.38

'F igure 5(h) Frevery-MH



WO 0213534 PCTIUSOIVZIZIL | 96
10

0 -
-10F .

Magnitude -20
(db)  _3q} -
-40

-50

-60

-70

L
]

>
)

2.69 5.3
Frequency - MHz 8

0
Figure 6

10 T T T
o -
-10
Magnitude -20
(db) .30
-40
-50
-60
-70

0 2.|69 . 5.558 MH 8.07 10.76
Figure 7(a) "~ 7

)

-

o
X

Magnitude
(db) .30

5

N

o
]
1

700 269 538 807 1076 13.45 16.14 18.83 21.52

Figure 7 (b ) Frequency - MHz



WO 0213534 PCT/USO1/23211 Bq

6/7

1 o T [1 L 1 ) I 1

0 -

-10F

Magnitude .20}
(db) -30F
-40F

~50F

-60[

-70 1 L i 1 1 1 1
538 10.76 16.14 21.52 26.9 32.28 37.66 43.04

Flgur e 7(0) Frequency - MHz

0

-10

-20
Magnitude .30
(db) 40
-50

-60F t

-70 B

-ao . I . "I . L
0 538 10.76 16.34 21.52 26.9 32.28 37.66 43.04

F igure 8(0) Frequency - MHz

0

-10

-20
Magnitude .30
db) 40
-50

-60,

_70 Moy

-80 .

[\ 538 10.76 16.14 21.52 269 32.28 37.66 43.04

Figure 8(p) """



WO 02/13534 PCT/USN1/23211 ) L\O

n
. ¢

0 T T

-10

-20

Magnitude _30
(@b} 40
-50

-60

-70

-80 153 . 86,08

Figure 9(a) ™" """

4] I I T T 1
10T i
-20
Magnitude _3p
(db) 40
-50

-60 Bigdal

-70

80 152 43.04 66 72 86.08

Figure 9(b) ey

/16'

75 Ohm
78 _ 80 Attenuator 82

Remodulator 75 % 75 Ohm BPF i E

IC Ohm 60-72 MHz

1.
[

Figure 10



PATENT COOPERATION TREATY - 3 %k’a \
%@. %c"., &

INTERNATIONAL PRELIMINARY EXAMINING AUTHORITY PCT //g"% - (%3
o %94
? Joike, Trevor B. %

SCHIFF HARDIN & WAITE ,
6600 Sears Tower WRITTEN OPINIO;
Chicago, Illinois 60606

ETATS-UNIS D'AMERTQUE (PCT Rule 66)
Date of mailing
(dayjmonthiyaar) 21/06/2002
Applicant’s ar agert‘s fils reference REPLY DUE
FPO10516W0297136818 witkin 1 /00 e of iy
International applicstion No. International filing date (day/mond [year) Priarity dute (day/month/year)
PCT/US 01/ 23211 23/07/2001 04/08/2000
Internarional Patent Classification ([PC) er both natlanal classification and IPC
HO4NT / 24
Applicant

ZENITH ELECTRONICS CORPORATION

1. Thik written opinion is the first drawn up by this International Prefiminary Evamining Autherity.
2. This opinion contains indicationa relating to the following iteme
I [X] Busis of the opinion
it [] Priarity
11 [] Non-esablishment of opinion with regand to nowalty, inventive step and industrial appilcabllity

IV [] Lack of unity of inventon

v [Xi mfmm:::geu.z("&mmrqudmnulqr.mmmmporhuumﬂ-pplnbmm

V1 [] Certain documents cited
VIl [[] Certain defects in the international spplication
vil D Certuin observalions on the internalional spplicstivn
3. The applicant is hereby invited to reply to this opinion.
When? See the time limit indicated above. The applicant may, before the expiration of that time limit, request this Authority
to grant an extension, see Rule 66.2(d).

How? By submitting » written reply, sccompanied, where appropriate, by amendments, acconding to Rule 66.3.
For the form and the language of the amendments, see Rules 668 and 66.9.

Also For mn additional ity to submit smendments, see Rule §6.4.
For the exzminer‘s obligation to consider amendments and/or arguments, see Rule §6.45ir.
For an Informal communicaion with the examiner, see Rule 66.6.

i no reply is Bed, the international preliminary exzmination report will be established on the basis of this opinion.

4. The final date by which the International preliminary
exwnination report must be established according to Rule 692 1n: 0471272002

Neme ind mailing address of the IPEA/ ' Authorized officer
European Paient Office Examiner
D-80298 Munich -
@ Tel. (+49-89) 2399.0, 1': 523656 cpmu d ('i‘;;m-“m' ':fu.m i)
Fax: (+49-89) 2399446 Tel, {(+49-89) 2399 2828

"Form PCT/IPEAAGS (cover sheet) (march 2002)



)47

WRITTEN OPINION Intamational application No. PCT/US 01/ 232

I.  Baslis of the opinion

1.  The basis of this written opinion is the application as originally filed.

V. Reasoned statement under Rule 66.2(a)(ll) with regard to novelty, Inventive step or
Industrial applicabllity

1. Inlight of the documents cited in the intemnational search report, it is considered that the
invention as defined in at least some of the claims does not appsar to meet the
critaria mentioned in Article 33(1) PCT, i.e. does not appear to be novel and/or to involve
an inventive step (see international search report, in particular the documents cited X
and/or Y and corresponding claims references).

2. [f amendments are filed, the applicant should comply with the requirements of Rule 66.8
PCT and indicate the basis of the amendments in the documents of the application as
originally filed (Article 34 {2) (b) PCT) otherwise these amendments may not be taken into
consideration for the establishment of the international preliminary examination report.

The attention of the applicant is drawn to the fact that if the application contains
an u:gacessary piurality of independent claims, no examination of any of the claims will be
carried out.

NB: Should the applicant decide to request detailed substantive examination, then an
international preliminary examination report will normally be established directly.
Exceptionally the examiner may draw up a second written opinion, should this be explicitly
requested.

Form PCT/408AE1 (EPO-03-2002) P20722 °



PATENT COOPERATION TREATY Y,

From the

INTERNATIONAL PRELIMINARY EXAMINING AUTHORITY PCT ‘)}({

Te

Joike, Trevor B.
SCHIFF HARDIN & WAITE

NOTIFICATION OF TRANSMITTAL OF

6600 Bears Tower INTERNATIONAL PRELIMINARY
Chicago, Illincis 60606 EXAMINATION REPORT
ETATS-UNIS D'AMERIQUE
(PCT Rule 71.1)
Dase of mailing
(dey/monih year) 12,08/2002
Applicant's or agent’s file reference IMPORTANT NOTIFICATION
FP010516W02947136818
Internstionsl spplieation No. Internutional filing daxe (dey/monsh /yeer) Priarity duie (day/month/year)
PCT/US 01/ 23211 2370772001 0470872000
Applicant

- ZENITH ELECTRONICS CORPORATION

1.  The spplicant is hereby notified that this Internaticnal Preliminary Examining Authority transmits herewith the international
preliminary examination report and its annexes, if any, established on the international applicstion.

2. A copy of the repart and its annexes, I any, is being transmitted to the Internstional Burexu for commumicmiion 1o all the
elected Offices.

i Offices, the International Buresu will e an sh transiation of the report (bt
nud‘mymu)mdwmtrmnﬂtlnhu- anslation to those Offices. Prep Engll repext (bu

The the national before each elected Offi sl ad
g e A 8 i o ey S o o BT e B e
sent by the Internabional Buresu with Form PCT/1B/301).

Where a trandiation of the international spplication must be furnithed to an elected Office, that transiation must contsin &
tranation of any annexes Lo the international preliminary examination report. It iy the lppl.lmurelpmibllll.ytopupn
and furnish such trenalntion directly Lo exch elected Office concerned.

gﬁ“ﬁ:mhm@hmhﬂuﬂumwﬁh&mﬂ%muvmnd'l.lnl'CTApplhlnt's

Fu-tl:purpun of declding whether the clsimed invention is patentsble or nu.d:dmelFanmqnnlyumﬂn
anal to or different from the criterla on which the internatiansl preliminary examination report is
sldmudn 27 J‘S). 33 {S)). Addluoml criteria may include e.g. exemptions fram patentsbility and the nqmm of enabling

i r—— P;QEW:,D

¢ o 2507
SCHFEHN. 1207

-r-:

Name and mailing midress of the IPEA/ Authorized officer
Bnop::nh:mt Office
_@ Tel. (+429-89) 23990, Tx: 523656 cpmu d BIERMAIER R M
Fax: (+m ) 23994465 Tel. (+49-89) 2399 2828

Form PCT/IPEAJA16 ﬂl.mRM) P20473




PATENT COOPERATION TREATY 4

PCT 14K

INTERNATIONAL PRELIMINARY EXAMINATION REPORT

(PCT Article 36 and Ruke 70)
Applicant’s or agent’s ile reference See Notificstion of Tranmmirtal of International
FOR FURTHER ACTION b
FP010516W02947136818 Preliminary Examination Report (Form PCT/IPEA/416)
International spplicazion No. Tnternational filing date (day/monthjysar) | Priority date (day/monthyear)
PCT/US 01/ 23211 23/07/2001 04/08/2000
M Internationsl Pateat Classification (IPC) or nabional casification and [PC
HO4N7 /24
Appl-lunt

ZENITH ELECTRONICS CORPORATION

1. Thisinternational preliminery examination report has been sred by this International Prefiminwy Exemining
Authority and is u-lnnin:, to the lpﬂhl‘:twlﬂl'dll'. ] A;-ﬂ?h .'ls.w i

2. This REPORT consists of atotal of ___ 2 sheets, including this cover sheet.

This report is alsv sccompanied by ANNEXES, ia., shests of the description, claims sndjer dr which have
D mmmnhm-gﬁ-mumm%wmﬂn&um .Authclty
(see Ruls 70.16 and Bection 607 of the Administrarive [nsructions the PCT).

These snnexes consists of o total of sheeta.

3. Thiz report containg indications relating to the following items

111 |:| Non-establishment of opinion with regurd to novelty, inventive step and industrial applticability

v [] Lack of unity of invention
v [X] Reasoned under Artce 35(2) with regard , inventi industrial appli :
X Reasoned satement under A p}n rogard 1o novelty, inventive step or industrial applicability;
VI[] Certsin documents cited
VII [ ]| Certain defects in the international application
vilt [ ] Cerusin observations on the internationsl applicstion

"Dair of submission of the demand Date of compietion of this repart
11/02/2002 07/08/2002
Name and madling addreas of the IPBA/ Authorized officer

Tel. (-+49-39) 2399-0, Tx: 523656 epmu d 3
Fax: (+49-89) 2399-4465 Tel. (+49-89) 2399 2528
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I.  Besls of the report

The basis of this international preliminary examination is the application as originally filed.

V. Reasoned statement under Rule 66.2(a)(ll) with regard to novelty, inventive step or
Industrial appiicabliity

In light of the documents cited in the intemational search report, it is considerad

that the invention as defined in at least some of tha claims does not appear to meet
the criteria mentioned in Article 33(1) PCT, i.e. does not appear to be novel and/or to
involve an inventive step (see international search report, in particular the documents
cited X and/or Y and corresponding claim references).

Form PCT/406NE1 (EPO-03-2002) P20752
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From the INTERNATIONAL SEARCHING AUTHORITY P CT J/{(

To:

’ NOTIFICATION OF TRANSMITTAL OF
:32::¢Lk (BJOESSLE GERSTEIN THE INTERNATIONAL SEARCH REPORT
Attn. Joike, Trevor B. OR THE DECLARATION
6300 Sears Tower
233 South Wacker Drive (PCT Rulg 44.1)

Chicago, Illinois 60606
UNITED STATES OF AMERICA

Date of maliing
(daymonttvysar)  20/03/2002
Applicant'a or agent's fie reference
29471 / 36818 FOR FURTHER ACTION See paragraphs 1 and 4 below
Intemational application No. intemational fling clate
PCT/US 01/ 23211 (daymanihyear)  93/07/2001
Appiicant

ZENITH ELECTRONICS CORPORATION

1. m Tha applicant Is hereby noiitiad that the International Search Report has been establlshed and Is tansmitied herewith.

Flling of amendments and statement under Article 18:
The apphcant I entited, It he so wishas, 10 amend the claims of the Intemational Application (3ee Rule 48):

When? The time iimit for fling such amendments Is normally 2 monthe from the date of transmittal of the
intemational Gearch Report, howsver. for more detalis, eee the notes on the accompanying sheat.

Where? Directiyio the International Bureau of WIPO
34, chamin des Colombeties
1211 Geneva 20, Swicariand
Fascimlle No.: (41-22) 740.14.35

For more detalled instructions, s2e the notes on the accompanying sheet.

2. D The appiicant Is hereby notified that no International Search Raport will be establishad and that the daciaration undar
Articie 17(2)(a) to that effect is ranamitted herewith.

3. D With regard o ths protest against payment of (an) addtional isa{s) undar Rula 40.2, the applicant la notified that:

D the protes! together with the decleion thereon has been tranamitted to the Intemational Bureau togather with the
applicant's request to forward the sxts of both the protest and the decision thereon to the designated Offices.

[C] no dectsion has been made yet on the protest; the appiicant will be notified as 500n as a decision Is made.

4. Further action(s): The appiicant Is reminded of the loliowing:

Shortly after 18 months from the priority date, the intemational application will be published by the Inemational Buraau.
it the appiicant wishes to avold or postpone publication, a notice of withdrawal of the Iniemational application, or of the
priority claim, must reach the Intematonal Bureau as provided in Rules 80bis.1 and B0bia.3, respectively, before the
completion of the technical preparations for intemational publication.

Within 19 menths from the priority date. a8 demand for intemational preliminary examination must be flled # the applicant
wishes 1o posipone the entry Inio the national phase until 30 months from tha priority dale (in some Offices even later).

Within 20 months. from the priority dats, the applicant must perform the prescribed acts for entry Into the national phase
before all designated Offices which have not bean electsd In the demand or in & later eiection within 18 months from the
priority date or could not be elected because they are not bound by Chapter . .

Names and meling addrass of the intemational Seerching Authorlty | Authorized officer

=\ Europaan Paient Oftice, P.B. 5818 Patentiaan 2

NL-2280 HV Riiswik Jolanda Offerman-Hazeleger

. Tel. {+31-70) 340-2040. Tx. 31 651 epo nl,
Fax: (+31-70) 340-3018

Form PCTASA/220 (July 1608)



NOTES YO FORM PCTASA220 - - w1
Theas Notes are intended i give the basie instnuctions conceming the fiing of amendmants under article 19. The ’
Noles are based on the requirements of the Patert Cooperalion Treaty, the Ragulstions and the Adminisirative Instrustions

under that Trealy. in case of discrepancy between these Noles and those requiremenia, the lalter are applioabls. For more
delailed information, sss alno the PCT Applioants Guide, a publiostion of WIPO.

in thess Naoles, “Asticle”, "Ruls”, and "Section” refer to the provisions ol the PCT, tha PCT Regulations and the PCT
Adminsbrative Instruciions respsatively.

INSTRUCTIONS CONCERNING AMENDMENTS UNDER ARTICLE 19

The applicant has, after having received the intemational sesrch eport, one opparumily o amend the alaims of the
intemahonel appliostion. it should however bs smphasized that, sinos of parts of the inlsmational applioation (olaims,
descnpbon and drawings) may be amended during the intemational preliminary sxamination procedure, thers is usually
no need to fis amendments of the claims under Artinis 19 axnept whers, 0.g. the spplicant wants the lsiter o be published
for the purposss of provisional protection or has anciher resson for smending the clsims before intlemational pbuliostion.
Furthermore, it should bes smphasized that provisional protection is avaisbis in some Stales only.

What paris of the intemational applicetion may be arsended 7
Under Article 18, only the claims may be amendad
During the inlemstional phase, the claims may also be smendad (or further amended) under Artisle 34 belore

the intemational Preliminary Examining Authorily. The descripion and drawings may only be amended under
Aticle 3 bafors the intemational Examining Authority.

Lpon aniry inio the national phass, ali parts of the international appliostion may be amended undar Artisle 28
or, whare applioable, Artiale 41.

When? Within 2 months from the dals of transmittal of the international ssarch report or 18 manths from the priorily
daie, whichever lime imit expires iater. it should be noted, however, thet the amendmants will be considered
a8 having bean received on tims if they are reasived by the Intsmational Sireau after the expiration of the
mhgu,ﬁmhihlmthhprmhrwpﬂbﬁm

1),

Whare nat io file the smendments?

Tha amandments mey only be fied with the international Bureau and not with the receiving Ofias or the
internalional Bearching Authority (Fule 48.2).

Where a demand for inlemational prefiminary examinalion has been /s filed, see below.

How? Either by canoslling one or more antire daims, by adding one or mons new clsims or by amending the e of
one or more of the dsims as filed,

A replassment shest must be submitiad for sach shast of the claims which, on ascount of an amendment or
amandmaenis, differs from the shest originally Sed,

Al the clsims appearing on a replacemant sheet must be numbered in Arsbio numerals. Where a olaim s
carosiied, no mnumbsring of the other alzims is required. In all cases where claims are renumbared, they must
b renumberad conssautively (Administrative instruotions, Bection 205 (h)).

The amandmants nust be mads in the language in which the intsmalions] applicstion ls io be published.

What docunants must/may accompany the amendments?
Latter (Section 205(b)):
mmmuww a latier,

Tha intter will not be published with the intemational appliestion and the amended claime. it should nat be
confused with the “Elstement undar Articls 19(1)" (ses below, under “Statement under Article 18(1)")

The [alter must b in English er French, ol the choloe af the appficant. However, If the language of the
. International appfication is English, the lstiar must ba in English; if the language of the intarnational applicstion
Is French, the lelter must be in Franch.

Notes to Form PCTASA/220 {(first eheet) {January 1954)
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The letier must indicats the differences between the claims as filed and the olaims as amended. 1 must, in
particular, indicate, in connestion with sach alaim appearing in the international appiication (it being undarsicod
that identioal indioations conosming several claims may be groupad),whether

) theclaim is unchanged;

(i} the elaim = canoelled;

(W) the claim is new;

() the olaim repiaces ons or more clarma as filed;

{v) the claim is the result of the division of a claim as fRed.

The following sxampias (Rustrate the manner in which amendmants musibe sxpisined in the
aptompanying istter:

1. [Where originally there were 48 claima and sfter amendmant of some claims ihare ars 51):
*Claims 1 lo 29, 31, 32, 34, 35, 37 Io 48 replaced by amendaed claims bearing the sams numbers;
claima 30, 33 and 36 unchangad; new dlsive 48 to 51 added *

2. [Whera originally there were 15 olaims and after amendment af all deims there are 11]:
“Claiva 1 o 15 repisced by amanded olsims 1 to 11.°

3. [Whars ariginally thare ware 14 claims and the amendmants comaist in canceiiing same daims and In adding
raw olaima]:
*Claims 1 lo & and 14 unchanged; cisims 7 to 13 cancalied; new alaims 15, 16 and 17 sdded " or
"Cisims 7 to 13 aancelied; new olaime 15, 18 end 17 adedad; il other claims unchanged.”

4. [Where various kinds of amendments sre mads):
“Claims 1-10 unchanged; claima 11 o 13, 18 and 19 canceliwd; elaims 14, 15 and 18 repisced by amended
dlaim 14; claim 17 subdivided into amanded dainw 15, 18 and 17; new olsims 20 and 21 added *

“Stulement under article 19{1)" (Ruls 48.4)

The amendmenis mey be scoompaniad by a statament sxplaining the amandmants and inciosling any impast
Mlﬂ(ﬂrﬂ“ﬂih“ﬂh“ﬁmﬂﬁ.&“(ﬂ“hmm

The stelermant will be published with the intsmational sppliastion and the smended claims.
R must be in the language in which the internsiional apppiicsion Is io be published.
& must ba bried, not exoseding 500 words if in Engliah ar if transisied inle English,

& should not be sonfused with and doss nat replace tha latter indicating the diffsrences batwesn the sisime
ma filad and s amended, it must be Sed on & separate sheet and must be ideniified as such by s heading,
prefershly by using the words "Statement under Article 19(1)."

It may not sontain any disparaging commerts on the inlemational isarmh report or the relsvance of cilatiors
coniained in that report. Reference io citations, relevant o a given claim, contained in the Intsmational search
repost may be made only in connaation with an amendmaent of that slaim.

Conssquence it a demand for intsrnational preliminary sxaminstion has siready besn flled

N, at the tima of fiing any smendments under Arlicis 15, a demand for intemational preliminary examination
has siready been submiiied, 1he applicant must preferably, st the same lime of filing the amendments with the
intemalional Buresu, also s a copy of such smendments with the intlemstional Preliminary Examining
Authorily (sae Rule 62.2(a), first sentence).

Consequence with regard to bransiation of the intemational application for entry into the national phase

The applicant’s attention is drawn bo the fact that, where upan entry inlo the nationsl phass, a tranalstion of the
dlaima as amended undar Article 18 may have Lo be furnished to the designated/elected Offices, instead of, or
in ackiion to, the translation of the alsims as filed.

For huther details on the recuirements of each designeted/aisated Offios, swe Volums i of the PCT Applicant's

NOTES TO FORM PCT/SA/220 (continued) ‘ ,ﬁ@ 2

-

Notsa 10 Form PCTAGA220 (sscond sheet) (January 1984)
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PCT “(

INTERNATI NAL SEARCH REPORT

(PCT Article 18 and Rules 43 and 44)
R O T et vk o s . o S o
29471/36818 ACTION
Infemnadonal appEcation No. Intemational ITIng dais (day/month/vear) {Earllest) Priority Date (day/monih/year)
PCT/US 01/ 23211 23/07/2001 04/0872000
Applicant

ZENITH ELECTRONICS CORPORATION

This international Search Report has been prepared by thie Intemational Searching Authority and Is transmitted to the applcant
according 1o Articie 18. A copy Is baing tansmitted to the Intemational Bureau.

This inlemational Search Repon consists ol atotaiof ____ 3 shesia,
itis also accompanied by a copy of sach prior art gocumnent cited in thia report.

1. Basls of the eport
a. Wit regard to the languaga, the intemational saarch was carmied out on the basis of the International application in the
language In which it was fled, unless otherwise indicated under this ltem,
D the intarmational saarch was carried out on the basis of a translation of the Intamational appication fumished to this
Authority (Rule 23.1(b)).

b. With regard to any nucteotide and/or amino acid ssquence discioged In the Intemational appication, the Intemational search
was carried out en the baals of the sequance listing :

contained in the Intemational appiication in written form.

fiad togathar with tha International applicalion in computer readabie form.
{umished subsaquently to this Awthority In writtan form.

fumished subsaquently to this Authorily In computer readble fom.

the statement that the subssquently fumished writien sequence ilsting does not go beyond the dieciosure in the
International application as fied has been lumished.

theIlmmﬂllthlnhﬂrllllorlWdudhmpUWMMrmllmmthiwﬂﬂln“mlﬂu listing has bean
fumished

Certaln claims were found unsearchable (See Box 1).
Unity of invention ls lacking (cee Box II).

Do 0O 00000

4. Wi regard to the title,
[X] the text is approved es submitied by the appiicant.
[[] the text has been established by this Authority to read as folows:

5. With regand to the abatract,

the text is approved as submitted by the applicant.

[:l the taxt has besn established, according 1o Rule 38.2(b), by this Authordty as It appsars in Box Iil. The applicant may,
within ane maonth from the date of maliing of this Intemational search repart, submit comments to this Authority.

8. The fgwre of the drawings to be published with the abstract ls Figura No. 1

[]  assuppested by the appicant. [[]  none ot the ngures.
[[] bacause the appiicant falled 1o suggest a figure.
[X] because this figure betier characterizes the Invention.

Form PCTASA/210 (first eheat) {July 1988)



INTERNATIONAL SEARCH REP RT

intsmatianal Appilcation No

PCT/US 01/23211

FICATION OF SUBJECT MATTER

IPC 7 HO4N7/24

Accordmp Yo inlematonal Patent Claswhcailon ()PC) or to both nahonal classthcatlon and IPG

Mmurmum documeniabon searchaed (classlcation system followad by classificalon symbols)

IPC 7 HO4N HO3D HO4L

Documeniation searched other than minimum documantalion to the exient thal such documents ang inchuiod In tho liokds searched

EPO-Internal, PAJ, WPI Data

Electronic dala hase consulied durnng the intarnational sasrch (name of cixia base and, whare practical, saarch larms used)

€. DOCUMENTS CONSIDERED TO BE RELEVANT

abstract
page 4, 1ine 1 -page 6,
figures 1,2

1ine 15

Calegory * | Chatlon of documant, with indication, where appropnate, of tha relevani passages Ralevant 1o clalm No.
E WO 01 78392 A (ADC BROADBAND WIRELESS 1-5,

GROUP I) 18 October 2001 (2001-10-18) 15-19,

29-35,40

abstract

page 24, 1ine 15 -page 29, 1ine 4

figure 7
P,X WO 00 49710 A (SARNOFF CORP) 1-3,16,

24 August 2000 (2000-08-24) 17,30,40

E] Furiher documents are listed in the coninuation of bax C.

I[I Patent tamily members are listed in anner.

* Spacial categorias of cited documents :

"A’ documeni dalinmg the general stale of the ant which ks not
considered

‘E' sariier document but publishad on or aherthe Intamational

‘L* documant which may throw doubis on priority claém(s) or
dﬁlhﬂldlooJlbIﬂlﬂ-pluﬂ‘Ideuﬂhlr

crisdion or othar special reanon (as apecitied)
"Or documant referring 10 an oral disclosura, use, exhibiion or
olher means

'T" atar document publishad efier the imemalionat date
or prionty data and nof in corflic! with the but

fo ba of pariicular elevancs uedula’lmmnnphuphulm undarlying the

*X" documani ol panicular relsvance; the claimed Inveniion
fling date cannat be conskiared novel or cannct ba conskiered o
involve an inventive stap when tha document is 1aken alone

*¥Y" documenl of particular edevance; the clamad invention
cannot be conaldarad io mvolve an imventive step when (he
document 8 combuned with ons or move olher such docau-
mants, such combinahon bamg obvious 10 a parson skillod

] mupuuundphwmelmn-ml filng date bul n Ihe ar.
inlar than the priorty date cla *&* document member of the same patam lamily
Date of the actusl compietion of the inlemational search Date of maiing of the Intemalional search mport
12 March 2002 20/03/2002
Name and maling address of the ISA Authorized oflicer
Euwopean Patem Ofiice. P.B. 5818 Patentiann 2
TNQLI. hgaia_o_mr:vmo Tx. 31 651 apo nd,
Fax: (+31-70) 340-3016 Hampson, F
Form PCTASA210 {sacond shast) |July 1902)
page 1 of 2
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INTERNATIONAL SEARCH REPORT
Internationsal Apgplicstion No ”~ ,
PCT/US 01/23211 5
C4{Continuation} DOCUMENTS CONSIDERED TO BE RELEVANT N)}V
Category * | Caalion of documeni. with indicalion.where appropnaie. of ihe relgvant pasasgas RelavarLio claim N’
X EP 0 853 409 A (HARRIS CORP) 30,33,40
15 July 1998 (1998-07-15)
A abstract 1,2,6,7,
16,17,
20,21,29
page 2, 1ine 11 -page 2, 1ine 31
page 4, 1ine 15 -page 4, 1ine 34
figures 1,5
X US 4 617 537 A (NOSSEK JOSEF A) 30
14 October 1986 (1986-10-14)
A column 1, 1ine 59 -column 2, line 4 1,16
column 3, 1ine 59 -column 5, line 22
figure 2A
A US 5 696 796 A (POKLEMBA JOHN JAMES) 1,16,30
9 December 1997 (1997-12-09)
column 5, 1ine 35 -column 6, 1ine 2
figure 4
A WO 99 40721 A (ZENITH ELECTRONICS CORP) 1,16,30
12 August 1999 (1999-08-12)
abstract

page 3, 1ine 8 -page 4, 1ine 15
figures 1,2

A EP 0 323 675 A (PHILIPS ELECTRONICS UK LTD 1,16,30
;PHILIPS NV (NL))

12 July 1989 (1989-07-12)

abstract

column 2, 1ine 31 -column 3, 1ine 32

Form PCTABA210 joonimusiion &l sacand shaet) (July 1662)
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INTE“RN:'TIONAL i'EmAHC::EP RT | o Appiication No 'S'Z
ormution on patent temily mem PCT/US 01/23211
Patent document Publication Patsnt family Publication_ ' - -

cited In search report dats member(s) date ¥ .

WO 0178392 A 18-10-2001 AU 4988801 A 23-10-2001
WO 0178392 A2 18-10-2001

W0 0049710 A 24-08-2000 WO 0049710 Al 24-08-2000

EP 0853409 A 15-07-1998 US 5801595 A 01-09-1998
CA 2225709 Al 10-07-1998
EP 0853409 A2 15-07-1998
JP 10270945 A 09-10-1998

US 4617537 A 14-10-1986 DE 3314603 Al 25-10-1984
DE 3465679 D1 01-10-1987
EP 0124031 Al 07-11-1984
JP 1037057 B 03-08-1989
JP 59207768 A 24-11-1984

US 5696796 A 09-12-1997 NONE

W0 9940721 A 12-08-1999 AU 2026499 A 23-08-1999
BR 9904769 A 08-03-2000
CN 1256044 T 07-06-2000
JP 2001519993 T 23-10-2001
T 416219 B 21-12-2000
WO 9940721 Al 12-08-1999

EP 0323675 A 12-07-1989 GB 2214374 A 31-08-1989
DE 3888336 D1 14-04-1994
DE 3888336 T2 15-09-1994
EP 0323675 Al 12-07-1989
JP 1212108 A 25-08-1989
JP 2926615 B2 28-07-1999
KR 130471 Bl 01-10-1998
us 4974236 A 27-11-1990

Form PET15A210 (pater 10mily arnen) (uly 1663)
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(19) World Intellectual Property O rganization

{12) INTERNATIONAL APPLICATION PUBLISHED UNDER THE PATENT COOPERATION TIiE.\'I:\' (PCT)

Internatiomal Batreau

(-43) international Publication Date

153
A O R R KR

(10) International Publication Number

18 October 2001 (18.10.2001) PCT WO 01/78392 A2
{51) International Patent Classification™ HO4N 7/12  (81) Designated States rmuional): AlL AL, AM, AT, ATl AZ
BA. BB. BG. BR. BY. CA. CH. CN. CR. CU. CZ. DE. DK.
(21) International Application Number: PCTAISON/11112 DM. BE. S, FI. GB. GD. G GIL GM. 1IR. 11U 1D, IL..
IN. IS. JP. KE. KG. KP. KR. KZ 1C. LK. LR. LS. LT. LU,
(22) International Filing Date: 6 April 2001 (06.03.2001) LV. MA. MD, MG. MK, MN. MW. MX, NO, NZ PL., PT.
RO. RU, SD. SE. 8G. S SK. SL. TLTM. TR. T TZ. UA,
(25) Filling Language: English UG, UZ, VN, YIL ZA, 7ZW,
(26) Publication Language: Lnglish  (84) Deslgnated States trogionuli; ARIPO patem (GIL GM,
. . KE. LS. MW, M7 SD. SL. 87, TZ. UG. ZW), Hurasian
(30) Priority Data: _ _ patent (AM. AZ. BY. KG. K2 MD. RU, T2 TM). Huropean
09/534.206 7 April 2000 (07.04.2000)  US palent (AT. BIZ. CIL. CY, DIL DK. ES. FI. FR. GB. GR. I,
(71) Applieant: ADC BROADBAND WIRELESSGROUP. ;' 1. M. G, GN. GW, ML MR, NI SN, TD. T
INC. [US/US): 12501 Whitewaler Drive, Minnewonkz, MN
55343 (LIS).
Published:
(72) Inventor: HERSHBERGER, David, L.: 10373 Pine M without intcrnational scarch report and to b republished
Way. Nevada City. CA 959599136 (US), upon recelpt of that report

(79

Agear: LOWE, Allan, M.; Lowe Hauptman Gupstcin
Gilman & Bemer, LLP. Suiic 310, 1700 Diagonal Rd..
Alexandris. VA 22314 (US).

For nro-lener codes amd othnr abbreviations. nefer to the "Guid-
ance Notes on Codes and Abbroviations ™ oppearing at the begin-
ning of cach regular issue of the PCT Gazelte.

ey (M) Title: REDUCED BANDWIDTH TRANSMITTIR MIZTHOD AND APPARATUS

9

o)

78

(57) Abstract: A reduced bandwidth BVSB, ATSC transmitier transmils o conventional IYTV receivers huving handpass filters with
rout raised cosine (RRC) hand edge responses. ‘The transmiter includes a vestigial sideband modulator for transferring cnerpy in o
“s purtion of a spectrum on o firs side of a predetermined frequency 1o @ secund side of the predetermined frequency. Al the low hand
edpe of the speetrum. the predeiermined frequency is the pilot camier fnequency. At the high end of the spectrum. the predetermined
frequency is the Nvguist sumpling frequency. The energy transfer is such that no energy is transmitied between at Teast one band odge
of the spectrum and an intermediate frequency between the hand edge and the predetermined naguency. The enerpy is transfemad on
a [requency o Iregquency hasis us a function of the energy in the RPC 1ransition and the amplitude ol o weighting function extending
hetween the intermediate requency and 1he predetermined freguency.

BNSDOCID <WO 0178302A2 | >



WO 01778392 PCT/USHI/ITN12

REDUCED BANDWIDTH TRANSMITTER
METHOD AND APPARATUS

Field of the Invention

The present invention relates generally to transmitter methods and
apparatus and, more particularly, to a transmitter method and apparatus wherein
energy in a portion of & spectrum on a first side of a predetermined frequency is

5 transferred to a second side of the predetermined frequency in such a manner that
at least some of the transferred energy results in a reduction of transmitted
bandwidth and receivers responsive to the transmitter respond to the transferred

ergyasifitwmontheﬁntsideofthepredepmminedﬁ'equency.

Background Art

10 The problem of frequency spectrum crowding has become so severe that
government allocated spectra for different types of transmission results, in some
cases, in overlapping spectra for different transmitters. For example, the United
States Federal Communications Commission (FCC) in establishing a table of
channel allocations for the Advanced Television Standards Committee (ATSC),

15 cight level vestigial sideband (8VSB) digital television (DTV) transmitters has
created severe technical problems for television channel 14 (470-476 MHz).
There are terrestrial mobile radio transmitters which the FCC has licensed at
469.975 MHz, i.e., at a frequency allocation very close to the lower band edge of
charmel 14. It is extremely difficult to protect the low power 469.975 MHz radio

20 emission from the high power DTV signal having energy at 470 MHz, only 0.025
MHz away from the 469.975 MHz umsslon This is particularly the case since

. the FCC has required the 470 MHz band edge to be down only 36 dB from the
mid-band amplitude. If prior techniques were used, the channel 14 allocation
would be useless in most cases because it would overpower the 469.975 MHz

25 emission, a situation the FCC will not permit.
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Another situation that is problematic is the so-called “N+1" allocation. In
the “N+1” allocation, a National Television Systems Committee (NTSC) licensee
is assigned a DTV channel that is the next channel up from the licensee’s NTSC
channel. In this situation, the NTSC aural carrier has significant sidebands that
extend to within about 75 kHz of the NTSC channel edge, and therefore to within
about 75 kHz of the DTV signal. This creates problems for stations that wish to
use frequency selective combiners with separate NTSC and DTV transmitters.
Yet amother problem is the radio telescope allocation at channel 37 in the UHF
DTV band (608-614 MHz). DTV stations on channel 36 or 38 may interfere with
radio telescope operations on channel 37.

A typical prior art digital television transmitter adapted to transmit signals
containing information indicative of digitally encoded video and aural signals for
deriving an ATSC A/53 standard signal is illustrated in Fig. 1 as including multi-
bit digital baseband television signal source 10 which drives the cascaded
combination of data randomizer 11, Reed-Solomon encoder 12, data interleaver
14, trellis encoder 16 and multiplexer 18. In the B8VSB system, the signals

" derived from source 10, randomizer 11, encoders 12 and 16, as well as interleaver

14 and multiplexer 18 include three parallel bits baving a symbol rate (ie.,

_ 1.539x10° o
sampling frequency) of — 23, i.e., the encoded television signal that source

10 derives is sampled 10,762,237.76 times per-second. Becausc each symbol
includes two or three bits, the bit rate is substantially higher than the symbol rate.
The three parallel bits represent 8 amplitude levels of the encoded television
signal.

Multiplexer 18, in addition to being responsive to the output of trellis
encoder 18, responds to segment synchronizing source 20 and field synchronizing
source 22 to derive an oufput having the same number of bits as applied to the
multiplexer by encoder 16. Multiplexer 14 supplies a multi-bit output signal to
pilot inserter 24 which inserts a constant bit pattem representing a DC amplitude
equal to 0.625 of the weight of a single bit in the incoming 3 bit pattern. Pilot
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inserter 24 derives a multi-bit output signal which drives pre-equalizer filter 26.
Pilot inserter 24 derives a multi-bit output signal which drives pre-equalizer filter
26. Pre-equalizer filter 26 supplies a multi-bit intermediate frequency (IF) signal
to vestigial sideband modulator or generator 28. Generator 28 feeds a multi-bit
digital IF signal to digital to analog converter 30, which supplies an analog IF
signal to frequency up converter 32. Converter 32 is a frequency synthesizer that
heterodynes the IF output frequency of converter 30 to a radio frequency (RF)
carrier frequency. Up converter 32 also inverts the IF spectrum digital to analog
converter 30 derives so up converter 32 converts (1) the lowest frequencies in the
IF spectrum into the highest frequencies in the RF spectrum and (2) the highest
frequencies in the IF spectrum to the lowest frequencies in the RF spectrum. RF
up converter 32 applies the modulated carrier frequency signal to antenna 34 via
power amplifier 36.

The output signal of digital to analog converter 30 includes orthogonal I
and Q channels or components. At predetermined time intervals, after the
receiver’s root raised cosine filtering, the I channel has one of multiple levels,
comresponding to the number of amplitude levels in the 3 bit signal source 10
derives. The Q channel contains no independent information, but causes part of
the unwanted lower sideband appearing at the output of up converter 32 to be
reduced substantially to zero amplitude. The unwanted lower sideband is removed
by circuitry included in vestigial sideband generator 28 and up converter 32 does
not reintroduce it. Because up converter 32 “flips” (i.e., inverts) the IF spectrum
that digital to analog converter 30 derives, the upper sideband RF output of
converter 30 is reduced substantialiy to zero.

To enable digital to analog converter 30 to produce the desired vestigial
gideband signal, vestigial sideband modulator or generator 28 derives the
baseband vestigial sideband spectrum illustrated in Fig. 2. The spectrum of Fig. 2
has a 6 MHz bandwidth and includes the 309.44056 kHz pilot carrier frequency
that pilot inserter 24 derives, as well as a vestigial sideband that extends
309.4405594 kHz below the pilot carrier frequency, to the left of the carrier as
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illustrated in Fig. 2. The response curve of Fig. 2 has a flat portion 38 that extends
throughout the vast majority of the transmitter 6.0 MHz bandwidth. The response
curve has monotonic root raised cosine (RRC) transitions 40 and 42 at its upper
and lower band edges. Transitions 40 and 42 are symmetrical, each having a
frequency extent of about 619 kHz (i.e., twice the pilot carrier frequency) between
the edges of the transmitter bandwidth and the comer frequencies where the
transitions end and flat portion 38 begins. Receivers responsive to transmitters of
the type illustrated in Fig. 1 include a filter with the same response 2s Fig, 2.

The amplitude response of each of transitions 40 and 42 at any frequency
(f) from the mid-point frequency (f;) of each transition is:

1 f=f
Rrc(f) = sqrt [3[““ —5,,,—')]] m

Vestigial sideband modulator 28 for deriving the ATSC A/53 standard has
generally used a Hilbert filter or pbasing method. My co-pending commonly
assigned application, Serial No. 09/239,668, filed January 29, 1999, entitled
“Vestigial Sideband Generator Particularly for Digital Television,” discloses a
modified Weaver modulator as the device for generating the vestigial sideband
spectrum that modulator 28 derives.

The ATSC standard 8VSB transmission system, like many other digital
trangmission systems, inclufles a certain amount of “excess bandwidth” Because
the 8VSB transmitter transmits symbols at a rate of 10.76223776...million per
second, the transmifter requires a minimum theoretical bandwidth of
5.381118881.. MHz (half the symbol rate). Although this is a theoretical
minimum, it is physically impossible to build a transmitter that only uses the
minimum bandwidth. As a practical matter, it is necessary to have a certain
amount of additional (“excess”) bandwidth for filter transition bands.
Consequently, the 8VSB system has about 11.5% excess bandwidth. In other
words, the 6 MHz channel width divided by 5.381118881..MHz is
approximately 11.5% greater than unity. To achieve an overall flat amplitude
response between a DTV transmitter and 8 DTV receiver, the ATSC standard
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requires the shape of filtering in transition bands of the edges of the spectrum to
have the root raised cosine (RRC) responsc of Equation (1). Because the RRC
filter response is applied twice, at the transmitter and at the receiver, the 8VSB
signal magnitude response is squared, providing an overall raised cosine shape.
5 When the receiver demodulates the signal it receives from the transmitter, the I
channel of the 8VSB signal has a flat amplitude response.
In the Hilbert filter method, vestigial sideband modulator 28 generates a
double sideband signal that is filtered to produce a vestigial sideband signal at an
IF of about 10 MHz Sidebands extend equally around the 10 MHz IF in
10 accordance with:

0.5F gy + Fpitor = 6MHz — Fpiior ()

where F,; is the 10.76223776...MHz symbol clock frequency of the bits source
10 derives in accordance with the ATSC A/53 standard, and

Fptr =5 FHrsc =3 2220
15 where FHyrsc is the NTSC horizontal line frequency.
Based on the foregoing, a vestigial sideband modulator 28 including a
Hilbert transform has a double sideband modulator with sidebands that extend
£5.690559441.. . MHz on either side of the about 10 MHz carrier. A convenient
sampling frequency is four times the 10.76223776...MHz symbol clock rate, i.c.,
20 43.04895105...MHz. '
The Hilbert transform modulator uses a phasing method that partiaily
- cancels the unwanted sideband of the double sideband signal with the RRC
transition. Obtaining a proper root-raised cosine response for vestigial sideband
shaping at the 43.04895105...MHz sampling rate of the Hilbert transform
25 requires a finite impulse response (FIR) filter having about 2048 filter
coefficients. Implementation of such a filter is difficult.
The Hilbert transform can casily generate a vestigial sideband signal such
that DC is 6 dB down with respect to the sidebands. This is because the response
of any Hilbert transform approximation is always zero at DC. With only one of
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the I and Q modulators included in such a vestigial Hilbert transform sideband
generator contributing at DC, the vector sum of the outputs of the two modulators
drops in half at DC relative to the vector sum at a frequency where both the 1 and
Q channels contribute to the generator output. However, in the ATSC A/53
standard, the requirement for the root-raised cosine response places the DC output
at -3 dB instead of -6 dB. Thercfore, the Hilbert transformn method of vestigial
sideband digital television modulation requires a low frequency equalizer to
produce a +3 dB “shelf” at DC and the low frequency portions of the baseband
spectrum.

To achieve the ATSC A/S3 standard, the Hilbert transform vestigial
sideband generator has a linear phase requirement. Consequently, equelizer filter
26 is generally implemented as a finite impulse response filter having a large
number of coefficients. Further, a —3 dB requirement exists at the Nyquist
frequency of the symbols, ie, half the symbol frequency, with certain
modifications. Hence, equalizer 26 must include a high frequency portion
operating at a sampling frequency higher than twice the symbol mate to avoid
aliaging, i.e., insertion of information at frequencies that do not exist in the sample
frequency due to sampling at a frequency less than twice the highest frequency
component being filtered. In this case, the highest frequency being filtered is
5.690559441.. . MHz, which is more than half the symbol rate. This is another
reason why the Hilbert transform method of producing a vestigial sideband signal
with root-raised cosine sideband shaping is also quite difficult to implement.

Because power amplifier 34 bas a non-linear amplitude response,
nonlinear equalizer 26 must apply a substantial non-linear correction to the signal
applied to it. Because of the possibility of aliasing and spectral folding through
zero frequency, the amount of nonlinear correction which can be applied at 10
MHz is limited, resulting in distortion in the transmitted signal.

My co-pending application is baged on my realization that the non-linear
correction can be more effectively provided by using the modified Weaver
modulator in a way that substantially reduces distortion in the transmitted signal
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by employing an IF digital signal having a frequency approximately twice the
approximately 10 MHz frequency of the prior art digital IF. The arrangement I
previously invented end disclosed in my co-pending application enables the
digital IF signal to have a frequency of approximately or exactly 21.5 MHz.

5 The modified Weaver vestigial sideband modulator includes an oscillator
with a folding frequency and lowpass filters with cut off frequencies such that
“negative” frequencies the modulating baseband signal pilot inserter 24 derives
appear in a signal derived from an adder as a vestige of the opposite sideband, i.e.,
the positive frequencies of the modulating baseband signal. The folding frequency

10 and the cutoff frequency of the lowpass filters are selected such that a desired
amount of the opposite sideband is eliminated but a certain portion of it is passed.
Preferably, vestigial sideband modulation is produced by using a Weaver
modulator having a reduced folding frequency and lowpass filters having
increased cutoff frequencies.

15 It is, accordingly, an object of the present invention to provide a new and
improved method of and apparatus for reducing the bandwidth of a transmitted
signal without affecting a conventional receiver responsive to the transmitted
signal.

_ Another object of the invention is to provide a new and improved method

20 of and apparatus for generating a vestigial sideband signal, particularly & digital
vestigial sideband IF signal.

An additional object of the invention is to provide a new and improved
digital television transmitter apparatus and method wherein a tendency for the
transmitted signal in some channels to interfere with signals having a neighboring

25 spectrum is overcome.

A further object of the invention is to provide a new and improved digital
television transmiiter apparatus and method wherein a tendency for the
transmitted signal in some chamnels to interfere with signals derived by
neighboring low power transmitters is avoided.
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An added object of the invention is to provide a new and improved 8VSB
transmitter employing digital filtering techniques for 'modifying the 8VSB
spectrum in such a manner as to avoid interference with neighboring transmitters,
wherein the §VSB transmitter includes passive analog channel output filters and
combiners and standard DTV receivers respond to the modified 8VSB spectrum
to provide a television signal that is not degraded.

Summary of the Invention

According to one aspect of the inveation, a method of preventing
substantial interference between portions of first and second spectra that tend to
overlap is provided. The overlapping portion of the first spectrum is in a band of
frequencies on a first side of a predetermined frequency of the first spectruin. The
predetermined frequency is outside the second spectrum and within the first
spectrum. The method includes the steps of modifying the first spectrum prior to

" transmission thereof by transferring energy in frequencies on the first side of the

predetermined frequency of the first spectrum to frequencies on the second side of
the predetermined frequency so that all energy between a first frequency at a band
edge of the first spectrum and a second frequency between the first frequency and
the predetermined frequency is reduced substantially to zero. The frequencies on
the second side are within the first spectrum. The transfer is such that a receiver
designed to respond to the first spectrum causes the transferred energy to be
shifted from the second side of the predetenmined frequency to the first side of the
predetermined frequency. The amount of energy transferred is such that there is
no substantial interference between the transmitted first and second spectra.

The receiver includes a bandpass filter with a transition having 2
predetermined amplitude versus frequency response between a frequency at one
band edge of the bandpass filter and a mid-range portion of the bandpass filter
response. The predetermined frequency is displaced toward the frequency at said
one band edge and from a corner frequency between the mid-range portion and
the transition. The energy trausfer is preferably such that (1) all energy between
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the first and second frequencies is transferred on a frequency to frequency basis to
frequencies that are on the second side of the predetermined frequency and are
equally displaced from the predetermined frequency, and (2) some energy
between the second frequency and the predetermined frequency is transferred, on
5 a frequency to frequency basis, to frequencies that are on the second side of the
predetermined frequency and are equally displaced from the predstermined
frequency. The amoumnt of the emergy transferred from between the second
frequency and the predetermined frequency is determined by the relative
amplitudes of (a) an amplitude versus frequency weighting function that extends
10 over a band of frequencies between the second frequency and the predetermined -
frequency and (b) the amplitude versus frequency response of the receiver
transition.
The invention iz particulerly useful for situations wherein the first
spectrum is a DTV vestigial sideband spectrum and the receiver bandpass filter
15 has a flat mid-range amplitude versus frequency response and a root raised cosine
transition between the comer frequency and the first frequency. In such a case,
the predetermined frequency at the low frequency band edge is a baseband pilot
carrier frequency and at the high frequency band edge is a Nyquist sampling
frequency.
20 .In one embodiment, the modified spectrum has a symmetrical amplitude .
" versus frequency response with respect to its center frequency. In another
embodiment, the modified spectrum has an amplitude versus frequency response
at its high frequency band edge including the transferred energy and an amplitude
versus frequency response at its low frequency band edge that is substantially the
25 same as the receiver transition. In a further embodiment, the modified spectrum
has an amplitude versus frequency response at its low frequency band edge
including the transferred energy and an amplitude versus frequency response at its
high frequency band edge that is substantially the same as the receiver transition.
Preferably, the energy transfer includes lowpass filtering a signal resulting
30 from a baseband signal containing information to be transmitted. The lowpass
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filtering includes multiplying the signal resulting from the baseband signal by
(a) a constant amplitude from DC to another frequency where the transition
begins, (b) amplitudes greater than the constant amplitude for frequencies
between the another frequency and a further frequency, (c) finite amplitudes less
5 than the constant amplitude for frequencies greater than the further frequency and
(d) zero for frequencies that are displaced from the another frequency by the same
amount that said frequency at the band edge of the bandpass filter is displaced
from the comner frequency.
. In one embodiment, the energy transfer includes multiplying a baseband

10 signal containing information to be transmitted by sine and cosine representations
to derive 2 pair of product signals. The sine and cosine representations are at a
folding frequency. Replicas of the product signals are lowpass filtered as
described supra. The signals resulting from the lowpass filtering are combined to
derive the reduced bandwidth spectrum.

15 In one embodiment, the replicas on which the lowpass filtering steps are
performed result directly from the multiplying operations to cause the spectrum
resulting from the combining step to be symmetrical with respect to a frequency
at the center of the first spectrum.

According to another embodiment, second lowpass filtering steps are

. 20 performed on replicas of the product signals. The second lowpass filtering steps
are performed on the product signal replicas before the first mentioned lowpass

filtering operation is performed. The second lowpass filtering operations include

multiplying the replicas of the product signal by (a) a constant amplitude from

DC to the another frequency, and (b) the receiver transition amplitude versus

25 frequency response for frequencics between the another frequency and a
frequency removed from the another frequency by an amount equal to the
displacement of the band edge of the receiver bandpass filter from the corner
frequency. The spectra resulting from the second lowpess filtering steps are
shified to cause the spectrum resulting from the combining step to be

30 asymmetrical with respect to a frequency at the center of the first spectrum. The
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asymmetrical spectrumn has the same amplitude versus frequency response at a
first band edge as the receiver bandpass filter and has an amplitude versus
frequency response at a second band edge determined by the first mentioned
lowpass filtering operation.

5 In another embodiment, the signal resulting from the first mentioned
lowpass filtering step is multiplied by sine and cosine representations to derive a
pair of product signals. The sine and cosine representations are at a folding
frequency. Second lowpass filtering operations are performed on replicas of the
product signals, The second lowpass filtering operations. are performed on the

10 product signal replicas before the first mentioned lowpass filtering operation is
performed. The second lowpass filtering operations multiply the replicas of the
product signal by (a) a constant amplitude from DC to the another frequency, and
(b) the receiver transition amplitude versus frequency response for frequencies
between the another frequency and a frequency removed from the another

15 - frequency by an amount equal to the displacement of the band edge of the
receiver bandpass filter from the corner frequency,

The signals resulting from the second lowpass filtering step are prefarably
multiplied, according to one embodiment, by cosine and sine representations of an
IF to derive second product signals. The second product signals are combined to

20 derive an asymmetrical spectrum that has the amplitude versus frequency
response of the receiver transitions at its low frequency edge and the amplitude
versus frequency response resulting from the first mentioned lowpass filter
operation at its high frequency edge.

According to a further embodiment, I and Q channel Hilbert transform

25 operations are performed on a signal resulting from the bascband signal so that
signals resulting from the I and Q charmel transform operations have the first
mentioned lowpass filtering operations applied to them. Replicas of the signals
resulting from the I and Q channel Hilbert transform operations are combined to
derive the first spectrum. The combining step preferably includes multiplying the

30 gignals resulting from the I and Q channel Hilbert transform operations with
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representations of cosine and sine waves at an IF to form product signais that are
added.

A further aspect of the invention relates to a transmitter .for a first
spectrum having a portion that tends to overlap in an interfering manner with a
neighboring spectrum. The overlapping portion is in a band of frequencies on a
first side of a predetermined frequency that is outside the second spectrum and
within the first spectrum. The tranamitter includes a filter for modifying the first
spectrum prior to transmission. The filter is arranged for tramsferring energy in
frequencies on the first side of the predetermined frequency of the first spectrum
to frequencies on a second side of the predetermined frequency. The energy
transfer causes substantial elimination from the first spectrum of all energy
between a band edge of the first spectrum and another frequency between the
band edge and the predetermined frequency. The frequencies on the second side
arc within the first spectrurn. The transfer is such that receivers designed to
respond to the first spectrum cause the transferred energy to be shifted from the
second side of the predetermined frequency to the first side of the predetermined
frequency. An output device is connected to be responsive to the modified
spectrum.

The filter preferably imcludes a digital vestigial sideband modulator
connected to be responsive to a digital baseband television signal source and a
carrier pilot inserted on the digital baseband television gignal source.

In one embodiment, the digital vestigial sideband modulator includes a
digital filter including a Hilbert transform combined with a lowpass filter having
an amplitude versus frequency response for causing the energy transfer.

In a second embodiment, the vestigial sideband modulator includes a
digital folding frequency source for deriving orthogonal components at the
predetermined frequency. A digital muitiplier arrangement responds to the
orthogonal components and the digital signal source for deriving a pair of
orthogonal product digital signal components. A digital lowpass filter
arrangement responds to the pair of orthogonal product digital signal components.
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The orthogonal digital signal components passed by the digital lowpass filter
arrangement are combined. The digital lowpass filter arrangement has a response
and the digital signal components passed by the digital lowpass filter are
combined go the energy transfer occurs and there is no substantial energy between
5 the another frequency and the band edge of the first spectrum.
A further aspect of the invention relates to a memory for controlling an
electromagnetic wave transmitter that is arranged for transmitting a signal to a
receiver having a predetermined response. The memory stores signals for
preventing substantial interference between portions of first and second spectra .
10 that tend to overlap. The overlapping portion of the first spectrum is in a band of
frequencies on a first side of a predetermined frequency of the first spectnom. The
predetermined frequency is outside the sccond spectrum and within the first
spectrum. The stored signals cause a modification of the first spectrum prior to
transmission thereof by transferring energy in frequencies on the first side of the
15 predetermined frequency of the first spectrum to frequencies on a second side of
the predetermined frequency so that all energy between a first frequency at the
band edge and a second frequency between the first frequency and the
predetermined frequency is reduced substantially to zero. The frequencies on the
second gide are within the first spectrum. The transfer is such that a receiver
20 designed to respond to the first spectrum causes the transferred emergy to be
shifted from the second side of the predetermined frequency to the first side of the
predetermined frequency.
The above and still further objects, features and advantages of the present
invention will become apparent upon consideration of the following detailed
25 descriptions of several specific embodiments thereof, especially when taken in
conjunction with the accompanying drawings.
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Brief Description of the Drawings

As described, Figs. 1 and 2 are respectively a block diagram of a prior art
DTV transmitter and the baseband amplitude versus frequency response curves of
the prior art transmitter;

Figs. 3 and 4 respectively include response curves at the lower and upper
edges of (1) the root raised cosine response of receivers responsive to a
transmitter of the present invention, (2) weighting functions to achieve a reduced
bandwidth spectrum, and (3) reduced bandwidth responses resulting from the
weighting fimction;

Fig. § includes plots, in dB versus frequency, of the response of receivers
and prior art transmitters including root raised cosine transitions and an amplitude
versus frequency response of a transmitter including the present invention;

Fig. 6 is a block diagram of a vestigial modulator 28, Fig. 1, including a
basic bandpass filter that can theoretically be used to obtain the reduced bandwidth
responses of Figs. 3 and 4;

Fig. 7 is a block diagram of a modified Weaver modulator that can actually
be employed as vestigial modulator 28, Fig. 1, and which produces the reduced
bandwidth responses of Figs. 3 and 4;

Fig. 8 includes an amplitude versus frequency response curve of low-pass
filters included in Fig. 6;

Fig. 9 is a block diagram of a modified Weaver modulator that can be
employed as vestigial modulator 28 and which has asymmetrical reduced bandwidth
edges on only one of the upper or lower frequency edges of the spectrum;

Fig. 10 is a block diagram of a modified Weaver modulator that can be
employedas;restigialmodulatorm and which is based on the high frequency
transition curve of Fig. 4, but which does not provide reduced bandwidth on the low
frequency transitional part of the response of Fig. 2;

Fig. 11 is a block diagram of a Hilbert transform modulator including the
reduced bandwidth responses of Figs. 3 and 4;
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Fig. 12 includes amplitude versus frequency response plots of the 1 and Q
channels of a transmitter including a vestigial sideband Hilbert transform modulator
without the reduced bandwidth features of the present invention;

Fig. 13 is a plot of amplitude versus frequency responses of the | and Q

5 channels of a transmitter including the vestigial sideband Hilbert modulator of
. Fig. 11, i.e., with the reduced bandwidth features of the present invention; and

Fig 14isablockdiagmqof§compmubasedsymloadinga
programmable integrated circuit chip to establish digital circuitry for performing
operations associated with a digital television transmitter including the present

10 invention.

D n i

Before discussing the various embodiments illustrated in the drawings, the
voltage amplitude versus frequency response curves of Figs. 3 and 4, respectively at
the low and high frequency edges of an 8VSB, ATSC, DTV baseband spectrum, are

15 described to explain the opemtion of vestigial sideband modulaior 28 using
principles of a prefetred embodiment of the method of the invention.

In Fig. 3, standard RRC transition 42 has (1) a zero amplitude response value
at the bageband low frequency edge, where frequency from channel edge is 0 Hz,
(2) 2 monotonically increasing value indicated by Equation (1), and (3)a final

20 amplitude response value of 1.0 at the end of the transition, where frequency from
channel edge is 618.8811988 kHz, i.e., twice the pilot frequency of 309.4405994 kHz
(indicated by line 44) from the channel edge. In accordance with one aspect of the
preseat invention, the bandwidth of transition 42 is reduced by establishing a guard
band between the chanmel edge and a predetermined frequency removed from the
25 channel edge. All the energy that is within transition 42 and is in the guard band is
reduced to zero and transferred to another part of the baseband spectrum, between
the pilot frequency and the comer frequency at the end of the transition and the
beginning of the flat mid-range portion 38 of Fig. 2. The energy transfer is
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performed in such a way as to be recovered by 8VSB, ATSC, DTV receivers as if all
of that energy had been in the guard band.

In Fig, 3 the guard band extends from the channel edge to 184,440.5 Hz
from the channel edge (i.e., 125 kHz from the 309,440.6 Hz pilot). Hence, all

5 energy in the spectrum that drives modulator 28 between zero and 184,440.5 Hz is
transferred, on a frequency to frequency basis, to frequencies above the pilot
frequency of 309.4405994 kHz. To make such a transfer, modulator 28 has an
amplitude versus frequency response 46 at the low frequency edge of the spectrum.

. Response 46 has (1) a zero amplitude in the guard band, i.e., all frequencies that are

10 more than 125 kHz lower than the pilot frequency (indicated by line 44),
(2) amplitudes lower than RRC transition 42 for frequencies lower than the pilot
frequency, (3) the same amplitude as RRC transition 42 at the pilot frequency and
(4) emplitudes above RRC transition 42 for frequencies higher than the pilot until
transitions 42 and 46 arc completed at a low frequency corner frequency that is

15 removed from the channel edge by two times the pilot frequency, i.c., 618.8811988
kHz For frequencies removed from the channel edge by more than two times the
pilot frequency, ie, for frequencies greater than the low frequency comner
frequency, the amplitude of the response is the same as for mid-band portion 38 of
Fig. 2 until the high frequency comer frequency is reached; the high frequency

. 20 comner frequency is the lowest frequency in transition 40 at the high frequency edge
of the spectrum.” Transition 46 has an amplitude that exceeds the mid-band
amplitude for frequencies that are between the comer frequencies and frequencies
displaced from the channe! edges by about 360 kHz; a peak amplitude of +1 dB is
reached at & frequency about 440 kHz fron: the channel edge.

25 Response 46 is attained by applying a weighting function (including linear
roll off response 48) to RRC response 42 for frequencies in a range between the pilot
frequency (indicated by line 44) and frequencies that are 125 kHz lower than the
pilot. After the weighting function is applied, additional operations are performed to
attain response 46. The weighting function has a zero value for all frequencies

30 between the chamme] edge and the frequency that is 125 kHz lower than the pilot
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The weighting function of Fig. 3 can be represented by a function G(—{), where —f is
the difference between the pilot frequency and every frequency lower than the pilot
frequency to the band edge, as

G(—f) =0 for f 2 125 kHz, and

f
G =1~ Jo5 kHz for 0<f < 125 kHz.

To arrive at response 46 for every frequency of interest that is less than
125 kHz from the pilot frequency, the difference between response 42 and the
weighting function for the frequencies of interest between the channel edge and
10 the pilot is determined. This difference is muitiplied by the amplitude of RRC
response 42 at the frequencies of interest to obtain a resultant product for each
frequency of interest. The resultant product for each frequency of interest is
divided by the RRC response at the frequencies that are above the pilot frequency
by the same amount that the frequencies of interest are below the pilot frequency,
15 to derive resulting quotient for each frequency of interest. The resulting quotient
is added to the RRC response af the frequencies of interest that are above the
pilot.
Consider the example of (1)  frequency f; that is lower than the pilot by £,
where f; is more than 125 kHz, (2) RRC transition response 42 having a value j at
20 fi, and (3) RRC tramsition response 42 having a value of k at the pilot plus f; In this

. 2 . 2
.eamnple,tlmpmductisj’andtheresultantquoﬁmtis Jk_ , whereby 'JT'- is

added to the value k of response 42 at the frequency that is f; above the pilot to yield

;2
k+ “-— for the amplitude of response 46 at £, sbove the pilot. Consider a second

example of (1) a frequency f; that is lower than the pilot by fi, where £, is less than
25 125 kHz, (2) RRC transition 42 has a value of m at f3, (3) RRC transition 42 has a
value of n at the pilot plus £, and (4) the weighting function has a valuep at f. In
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m(m-p)

the second example, the product is m (m-p), and the quotient of — ,~  which is

mm-p)
added to n to yield —~ + n for the amplitude of response 46 at fs above the

pilot. Hlustrative values for responses 42 and 46 for frequencies removed from the
pilot by the indicated amounts are given in Table L

5 Tablel
. Frequency removed

from the pilot (kHz) RRC response 42 Response 46
=300 0.023959 0
~200 0.2742153 0
—100 0.5065010 .1013802
~ 50 0.6119249 3671549
— 25 6608458 .5286766
+ 25 1505217 -8668987
+ 50 7909159 9802923
+ 100 8620043 1.1004705
+ 200 9616683 1.0398595
+300 9997129 1.0002871

It is to be understood that other G(f) fimctions can be used, as long as the
G(f) that is employed reduces the bandwidth of the transmitted spectrum sufficiently
. to prevent interference with transmission from neighboring spectra. The G(f)
function must be such that for any voltage at a particular frequency that is removed
10 from the portion of response 42 that is lower than the pilot frequency (i.c., the lower
sideband), there is a voltage that is added to a corresponding frequency in the portion
of response 42 that is above the pilot frequency. These removed and added voltages
are seen by an I charmel demodulator of a DTV receiver in the same manner as a
transmitted signal conforming with the RRC response curve. Hence, the receiver
15 performance and configuration are unchanged, while achieving a reduction of
transmitter bandwidth. In the particular example of Fig. 3, the bandwidth reduction
of transition 46 compared to transition 42 is 184 kHz, a sufficient amount to
overcome the previously discussed interference problems of the prior art.

BNSDOCID- «+WO 017830242 | »
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The operations described in connection with Fig. 3 can be expressed
mathematically as follows: ]
The RRC response for frequencies less than the pilot (the lower sideband,

i.c., LSB) of the receiver to the lower sideband is:
@

5 Rro()
The reduced bandwidth amplitnde of the LSB is:
Rro(-£)*G(-0 ®
The amount of “lost voltage™ in the LSB is the difference between expressions .
(4) and (5), i.e.:
10 Rro{-£-Ree{—£*G(-£) = Rro(~H*[1-G(-D)] ©
Applying the LSB RRC response of the receiver to Equation (6) gives:
Rrc(-)- Rre*()*G(-f) = Rc(£)*[1-G(-D] O
Dividing Equation (7) by the RRC respanse of the receiver for frequencies above the
pilot (the upper sideband (USB)) gives:
15 [Rre(—H-Rrc*(—)*G(-§] Rro= Rrc}(~£)*[1-G(-HRre() ® .
The frequency response of the receiver upper sideband becomes:
Rrc{-f+ RrA-f*[1 GORro(-f) @

Concepts similar to those described for transition 42 at the low frequency

edge of the baseband spectrum of Fig. 3 are applicable to transition 40 at the high

20 frequency edge of the spectrum. The ATSC standard 8VSB signal pilot that inserter
24 derives includes essential signal components in the baseband modulating

spectrum of Fig. 2 that go all the way to the Nyquist rate. When pilot inserter 24

forms the 8VSB signal, the spectrum (Fig. 2) is flat to 5.071678332...MHz above

the 309.4405594 kHz pilot. At that frequency, root raised cosine upper edge band

25 transition 40 begins to roll off the spectrum. At half the symbo] rate above the pilot
frequency (i.e., 5.381118881...MHz) transition 40 is down 3 dB from the mid-band

amplitude indicated by response portion 38. Between this frequency and the chanmel

edge (5.690559441.. MHz above pilot) the ideal response transitions from —3 dB fo
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zero amplitude. Because baseband energy that pilot inserter 24 derives goes all the
way to the Nyquist rate, the frequency components in the RRC transition 40 for
frequencies just below the Nyquist rate (half the symbol rate or 5.381118881...MHz
above pilot, i.e, 5.690559441... MHz) arc mirror images of the spectrum for
frequencies just above the Nyquist rate. The amplitudes of the mirrored spectra are
not the same, but the frequencies are mirrored.

‘When a receiver regponsive to the transmitted 8VSB signal demodulates the
signal to symbols sampled at the symbol rate, frequency components within

. transition region 40 just above the Nyquist frequency alias to frequencies just below

the Nyquist frequency. This aliasing at the receiver demodulation is intentional and
necessary for the system to work properly.

As was the case in the transition region around the pilot at the low frequency
cdge of the spectrum, the spectral shape in the transition range at the upper channel
edge is modified according to Fig. 4 without affecting the demodulated symbols.
Modulator 28 removes energy from the spectrin above the Nyquist rate, and
replaces it at the equivalent frequency below the Nyquist rate. This spectral
modification considers the shape of the receiver RRC filter.

To make the spectral modification to the upper band edge, the 8VSB Nyquist

rate (half the symbol rate plus the pilot frequency) of Fig. 4 replaces the pilot
frequency of Fig. 3. References to the lower sideband in the discussion of Fig. 3 are
interchanged with references to the upper sideband in the discussion of Fig. 4. In
other words, in Fig. 4 energy from the frequency range between the Nyquist rate
(5.381118881...MHz plus pilot (5.6904559441 MHz)) and the upper channe] edge
is removed. Modulator 28 compensates for the loss of energy by increasing the
signal amplitude between pilot plus 5.071678322...MHz and pilot plus
5.381118881... MHz

BNEBDOCID <WO D17B302A2 | »
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In the amplitude versus frequency response curves at the upper edge of the
spectrum as illustrated in Fig. 4, RRC transition 40 is replaced by a reduced
bandwidth transition 50 that is derived with the help of a weighting function
including linear rolloff 52 from the Nyquist frequency of 5.690559441 MHz

5 (indicated by line 54) to a frequency 125 kHz above the Nyquist frequency. The
weighting function has a zero amplitude from the frequency 125 kHz above the
Nyquist frequency to the upper edge of the spectrum, at 5.690559441 MHz above
the 309.44056 kHz pilot. Hence, modulator 28 removes voltage from frequencies
above the Nyquist froquency, and replaces it at the same froquency below the

10 Nyquist frequency, such that the frequency-transposed energy is the same at the
receiver demodulator responsive to the receiver RRC filter. Such action does not
change the receiver demodutated I channel signal after it is sampled. This is becanse
the signal components at a frequency, £, displaced shove the Nyquist frequency
produce the same result as gampling a frequency component, f, that is below the

15 Nyquist frequency. '

Fig. 4, essentially a mirror image of the lower sideband response of Fig. 3,
shows the detajl of how modulator 38 forms the narrowband 8VSB spectrum at the
upp& channel edge. The weighting fimction has a value of umity for frequencies
below the Nyquist frequency plus the pilot frequency, indicated by line 54. For

20 frequencies inserter 24 derives that are between the Nyquist frequency plus the pilot ' .
frequency and 125 kHz above the sum of the pilot and Nyquist frequencies, the
weighting function straight line 52 goes from 1.0 to zero. In the remaining range,
from 125 kHz above the sum of the piiot and Nyquist frequencies to the upper
channel edge, the weighting function has a value of zero. The removed lower

25 sideband energy is multiplied by the RRC response. Then it is frequency inverted
above the sum of the pilot and Nyquist frequencies, and divided by the RRC
response, and finally added to the RRC response. The result is the reduced band
response 50 shown in Fig. 4. The shaping of Fig. 4 results in 184 kHz being
removed from the upper sideband. The demodulated I channel of this signal that the
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receiver derives is identical to the demodulated I channcl signal that the receiver
derives in response to the standard RRC 8§VSB spectrum of Fig. 2.

While the foregoing descriptions of Figs. 3 and 4 describe a method of
producing filter shapes which a DTV receiver having a standard 11.5% excess
bandwidth that demodulates correctly, there is no requirement to use any particular
filter design method. There are many well-known filter design algorithms which can
be used to produce filters to perform the method. A suitable design method is to use
the Parks-McClellan filter design procedure, which, in turn, uses the Remez
algorithm.

These methods can be applied to only the lower band edge, or only the upper
band edge, or to both band edges simultaneously, depending on the purpose for
reducing the bandwidth of the 8VSB or other appropriate signal. For example, if the
problem is producing an (N+1) combiner system, it may only be necessary to reduce
the bandwidth at the lower band edge. Or, if an FM station at 88.1 MHz suffers
interference from a new DTV allocation at channel 6, only the upper band edge of
the 8VSB signal need be reduced. With the previously described particular G(f)
function, there is enough energy removed from the chanmel edges to make the in-
band response at the peaks of responses 46 apd 50 in Figs. 3 aod 4 rise by
approximately 1 dB.

To provide maximum bandwidth reduction on just one channel edge, the
bandwidths on both sides of the spectrum can be reduced. In such a case, the
resulting spectrum is frequency shifted to one side or the other by the amount of the
bandwidth reduction on one side. In these examples, with 184 kHz removed from
each side, and with the resulting spectrum shifted by 184 kHz, a total guard band of
368 kHz is created on one side of the spectrum.

Fig. § includes amplitude (in dB) versus frequency responses of the prior
art spectrum 58 and the spectrum 60 resulting from the present inveation. The
prior art spectrum 58 includes RRC, monotonic transitions 40 and 42 at the upper
and lower edges of the bandpass region. Transitions 40 and 42 conform with the
RRC requirement and have amplitudes of -35 dB at the edges of the spectrum and
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a 0 dB value at the corner frequencies that begin at the mid-range of spectrum 58;
the comer frequencies are approximately 600 kHz from each edge of spectrum 58.
Spectrum 58 has a 0 dB value throughout its mid-range.

Response 60 includes transitions 62 and 64 at the lower and upper edges

5 of its spectrtum. At —35 dB, each of tramsitions 62 and 64 is displaced toward the
mid-portion of respanse 60 by approximately 184 kHz from the frequencies of
transitions 42 and 40. Each of transitions 62 and 64 includes a peak 66 at about
+1dB, i.e., 1 dB sbove the 0 dB the mid-range amplitude 38 of responses 58 and
60. After having passed through peak points 66, cach of transitions 62 and 64

10 retumns to the 0 dB level at a corner frequency where-the 0 dB mid-range amplitude
of response 60 begina. As described previously in connection with Figs. 3 and 4,
the energy in transitions 62 and 64 at those portions of transitions 62 and 64 above
transitions 40 and 42 is due to the energy removed from spectrum 60 that is below
the energy in transitions 40 and 42.

15 . From a theoretical conceptual standpoint, a bandpass filter having the
response curve 60 of Fig. 5 is the eagiest way to attain the spectrum of desired
reduced bandwidth response 60. Fig. 6 is a block diagram of a vestigial modulator
including bandpass filter 74 having amplitude versus frequency response curve 60.

) The vestigial modulstor illustrated in Fig. 6 includes simple digital

20 multiplier 70 having a first input responsive to the digital sequence that filter 26 ¢
derives and a second input responsive to a digital signal representing a 45 MHz
cosine wave that IF carrier frequency generator 72 derives. Simple nmltiplier 70
responds to the pair of bits supplied to it so that for each +1 symbol at the second
input, the multiplier cutput is the same as the symbol at the first input; for each ~1

25 symbo] at the second input the multiplier output is inverted in polarity from the first
input; for each zero symbol at the second input the multiplier output is zero.
Generator 72 generates each cycle of the cosine sequence supplied to multiplier 140
as a digital, tri-level sequence 1, 0, -1, 0, or a bi-level digital sequence 1, 1, 1, -1.

Thus generator 72 produces four binary symbols for each cycle of the IF carrier

30 frequency, which has a frequency of 45 MHz. Thus, IF camier frequency generator
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72 derives bi- or tri-level symbols at a 180 MHz symbol rate. Multiplier 70 is
effectively a mixer that derives equal upper and lower sidebands centered on the IF
cosine wave that generator 72 degives, Filter 74 shapes the double sideband output
of multiplier 70 to provide vestigial sideband spectrum 60. Spectrum 60, at the
5 output of modulator 28, is up converted and inverted by up converter 32, after being
converted into an analog signal by analog to digital converter 30.
While the bandpass arrangement of Fig. 6 is conceptually the simplest, it
has nimerous disadvantages. Vestigial bandpass filter 74 requires a higher symbol -
| calculation rate than the prior art Hilbert or Weaver vestigial sideband modulators.

10 Bandpass filter 74 requires more filter taps than the Hilbert and Weaver approaches,
as well ag a higher sampling rate than the Weaver and Hilbert approaches which
operate ag baseband filters, i.e., between 0 and 6 MHz Hence, from a practical
standpoint, the bandpass filler arrangement of filter 76 would not usually be
adopted in an actual digital television transmitter.

15 " Reference is now made to Fig. 7 of the drawing, a block disgram of a
modified Weaver modnulator for deriving a vestigial sideband digital IF signal having
reduced bandwidth response 60, Fig. 5. The structure illustrated in Fig. 7 is one
preferred embodiment of vestigial modulator 28, Fig. 1.

A multi-bit parallel digital input signal haviog 12 bits and a sampling

8§ » frequency of 10.76223776...MHz, as derived from pilot inserter 24 and pre-
equalizer filter 26, in the form of an ATSC/AS3 television standard, is applied in

parallel to identical simple digital multipliers 140 and 142, of the type described

supra in connection with nmuitiplier 72, Fig.6. Multipliers 140 and 142 are responsive

to orthogonal digital represeniations of cosine and sine waves each having a

25 10.76223776...MHz bit frequency, as derived from folding frequency generator
144, which derives sequences similar to the sequence that generator 72, Fig. 5,
derives. Thus, the frequency of each cycle of the cosine sequence supplied by
generator 144 to multiplier 140 is 2,690559441...MHz. The sine sequence that
generator 144 supplies to multiplier 142 is displaced by one bit, i.e., 90°, from the

30 cosine sequence. A bi-level cosine sequence would be 1,1,-1,~1, with the
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"corresponding sine sequence being -1, 1, 1, 1. A tri-level cosine sequence would
be 1, 0, -1, 0 with the corresponding tri-level sine sequence being 0, 1, 0, -1.
For clarity to describe and illustrate the invention, the levels derived by
generator 144 are shown as being simultaneously supplied to multipliers 140 and
5 142 in the illustrated embodiment. It is to be understood, however, that the cosine
and sine sequences can be interieaved, m which case only a single simple multiplier
is necessary; in such a case the inputs and outputs of multipliers 140 and 142 are
delayed from each other by one-haif the period of the 10.76223776...MHz symbol
rate.

10 The product signal multipliers 140 and 142 derive are respectively applied to
identical finite impulse response (FIR) digital lowpass filters 146 and 148. Each of
filters 146 and 148 can be implemented with approximately 256 finite impulse
response coefficients, selected to produce the reduced bandwidth response 60,
including trapsitions 62 and 64. Hence, filters 146 and 148 pass, without substantial

15 attenuation, the frequency of the sine and cosine representing waves derived by
generator 144 and block virtually all components at the high frequency end of the
digital television signal supplied to multipliers 140 and 142. The response curves
for filters 146 and 148 are described inffa in connection with Fig. 8. Filters 146 and
148 can be replaced by a single filter that is multiplexed fo respond to the two

20 product signals multipliers 140 and 142 derive.

Frequency offset circuitry 169, described in detasil infra, changes the
21.52447552 MHz output of filters 146 and 148, to a precise round, i.e., decimal,
frequency, prefersbly 21.5 MHz  Frequency offset circuitry 169- supplies to
interpolator sots 150 and 152 I and Q channel lowpass filtered sequences that are

25 frequency offset replicas of the sequences digital filters 146 and 148 derive.

* Interpolator sets 150 and 152 multiply by eight the sampling rate of filters 146 and
148. To this end, interpolator set 150 includes three cascaded times two up sampling
interpolators 154-156, and interpolator set 152 includes three cascaded times two
up sampling interpolators 158—160. Consequently, the sampling frequency of the

30 output signals of each of interpolators 156 and 160 is 86.0 MHz.
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The output signals of interpolators 156 and 160 are respectively supplied to
identical digital multipliers 162 and 164, preferably consiructed the same as
multipliers 70, 140 and 142. Multipliers 162 and 164 are respectively responsive to
cosine and sine sequences digital IF generator 166 derives. Each cycle that

5 generator 166 derives has the same values as the cosine and sine sequences derived
from folding frequency generator 144; each cycle of the sine and cosine sequences
supplied to multipliers 162 and 164 has an IF of 21.5 MHz. Because there are four
symbol values in each cycle of the cosine and sine representing sequences that

9 generator 166 derives, the 86.0 MEz symbol frequencies that generator 166 derives

10 are the same as the symbol frequencies that interpolators 156 and 160 derive.

The digital output signals of multipliers 162 and 164 are linearly combined,
i.c., summed, in digital adder 168 to produce a digital vestigial sideband IF signal
having amplitude versus frequency response 60, Fig. 5; the output of adder is
centered at 21.5 MHz,

15 The output signal of adder 168 is applied to digital to analog converter 30
(Fig. 1), which derives an analog IF vestigial sideband signal including I and Q
channels such that the I channel, at predetermined times, contains one of eight
levels. The eight levels are commensurate with the binary value of the signal
multiplexer 18 derives at a time corresponding to each sampling time. The Q

. 20 channel of digital to analog converter 30 causes part of the unwanted vestigial
sideband that modulator 28 derives to be reduced to a zero smplitude.

Frequency offset circuitry 169 includes digital frequency synthesizer 170
(which functions as an offset frequency generator), general purpose digital
mutipliers 172, 174, 176 and 178, and digital adders (i.¢., linear combiners) 180 and

25 182 for respectively adding and subtracting the input signals supplied to them.
General purpose multipliers actually rultiply the magnitudes of the binary signals
supplied to them. Adders 180 and 182 respectively drive interpolators 154 and 158.
Multipliers 172 and 178 are driven in parallel by the output signal of lowpass filter
146 while multipliers 174 and 176 are driven in parallel by the output signal of

30 lowpass filter 148. Offset frequency generator 170 derives orthogonal cosine and
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sine sequences, each cycle of which has digital values that are the same as each
cycle of the sequences that folding frequency generator 144 derives.
The cosine output of offset frequency generator 170 is applied in parallel to
multipliers 172 and 176, while the sine output of the offset frequency generator is
5 applied in parallel to multipliers 174 and 178. To enable the signal that adder 168
derives to be at an integer value, such as 21.5 MHz, the frequency of generator 170
is set to a value equel to the difference between the desired offsct and one-fourth of
the bit frequency of the IF output signal; in the specific example, the frequency of
offset generator 170 is 24.4755244. . kiz. .
10 The digital vestigial sideband modulator of Fig. 7 functions such that the
digital output signais of lowpass filters 146 and 148 are respectively represented by
0.58in(m — @)t and 0.5co8(dy — w4)t. The signals multipliers 172, 174, 176 and

178 derive are respectively represented by:

0.5cos(tm — @4) t*cos gt
15 0.58in(00m — (4) t*8i 63t

0.58in(m — ©y) t*cos

0.5c08(Com — @q) t*8IN Wt

where @, is the frequency of the television signal derived by pilot inserter 24, @, is

thcﬁ-eque.ncyofgma'ator144.mdm°iatheﬁaqumcyoﬂi:etgenmwr170derivea.
20 Addn-180smnstheoutputngm]sofmuluphm172mdl‘74mdmvea
signal which can be shown, by trigonometric manipulation, to equal

O-Sﬁn-(mm— 04+(|J°)t.

Thus, the output signal of adder 180 is frequency shifted upwardly from the
output of lowpass filter 146 by «,, the offset frequency of generator 170. Adder 182
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subtracts the output signal of muitiplier 178 from the output signal of muitiplier 176
to derive a gignal which can be shown by trigonometric manipulation, to equal
0.5c05(0 m — © 4+ @ o L.
Thus, the output signal resulting from the subtracting operation of adder 182

is offset in frequency upwardly from the output signal of lowpass filter 148 by w,.
The output signals of linear combiners 180 and 182 thus have the same frequency
but are phase displaced from each other by 90°. Proper manipulation of the
polarities at the inputs of adders 180 and 182 or at frequency generator 170 can
reverse the direction of the frequency offset.

It is desirable for the output frequencies of linear combiners 180 and 182 to
be a precise numerical value to simplify the frequency synthesizer included in up
converter 32 which shifts the IF digital to analog converter 30 derives to the carrier
frequency power amplifier 36 derives, without affecting the modulation on the
carrier digital to analog converter 30 derives. '

Up converter 32 is simplified because digital television sigoals derived in
accordance with the ATSC standard can be offset from the carrier frequency by
scveral predetenmined frequencies for various reasons, such as the possibility of
interference between signals emitted from antennae that might be spaced from each
other by 200 or more kilometers but which are at nominally the same frequency, i.c.,
have the same television chammel number. These “channel offeets” can be
programmed into the offsetter of Fig. 7.

- Because multipliers 172178 respond to the output signals of lowpass filters
146 and 148 which are at the symbol frequency of 10.76223776 MHz, multipliers
172-178, which perform simple functions such as passing, blocking or inverting the
values supplied to them, can be replaced by a single multiplier that is time
multiplexed. ' '

The modulator of Fig. 7 enables the digital IF center frequency to be offset
so it has a round number without using high speed general purpose digital
multipliers at the high frequency sampling rate of eight times the symbol frequency.
Digital miltiplication is performed at the high frequency by using simple digital
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multipliers 162 and 164. 'While muitipliers 172178 are of the general purpose type.
these multipliers operate at relatively low frequencies in response to the low
sampling frequencies derived by filters 146 and 148 and the low frequency outputs
of synthesizer 170.

Fig. 8 is a plot of the identical amplitude (in dB) versus frequency responses
181 of FIR lowpass filters 146 and 148, which ensble the vestigial sideband
modulator of Fig. 7 to provide the amplitude versus frequency response 60, Fig. 5.
Response curve 181 is flat, at 0 dB, from DC to a frequency, f5, equal to the greater
of | fs—~fz | and | fr+ fs|, where £, is the upper edge of the baseband television signal,
i, 6 MHz, f; is the folding frequency of generator 144, i.e., one-fowrth of the
symbol rate of generator 144, and f5 is the lowest frequency of the baseband
spectrum, which for a television spectrum is 0. For frequencies greater than f,
response 181 has the same shape as response 60, Fig. 5, for all frequencies higher
than the mid-range portion of response 60. Thus, response 181 of each of filters
146 and 148 for all frequencies in excess of fs is determined in the same way as
responge 50, Fig. 4.

In a preferred embodiment, lowpass filters 146 and 148 provide responses
181 by employing 256 coefficients. The first 128 of these coefficients are listed
in Table Il. The remaining 128 coefficients are symmetrical (i.c., the mirror
images) with the coefficients of Table II and thus are not repeated.
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3.62B325E~-04
~1.451344E-0)
-6.61B39E-04
-4.5618E-04
-3.4B0537E-04
-2.672116E-04
~1.876924E-04
~-9.902383E-05
3.051773E-06
1.182093E-04
2.420672-04
3.685901E-04
4.911573E-04
6.02634E-04
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7.586733E-04

7.77T8655E-04-

7.319169E-04

5.93837E-04
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-1.514251E-02
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-5.903999E-02
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Table 1

-2.366306E-03
8.411454E-04
5.384736E-04
J.561486E-04
3.0631792-04
2.280809E-04
1.449127E-04
4.980066E-05

~-5.51877E-05

-1.794866E-04

-3.056173E-04

-4.301627E-04

~5.408818E-04

~6.516444E-04

-7.318134E-04

-7.745926E-04

-7.645711E-04

-6.762365E-04

~4.810862E-04

=1.501516E-04
3.386813E-04
8.962169E-04
1.0815697E-03
2.797515E-03
3.92574E-03
5.234013E-03
6.829642E-03
9.007661E-03
1.246001E-02
1.903638E-02
31.583379E-02
1446489

-3.073699E-03
-4.176315E~-04
-2.517595E-04
~2.611B832E-04
~-2.92415BE-04
~3.30BB54E~04
-3.702461E-04
-4.068529E-04
-£.384037E-04

-4.616347E-04d.-

-4.7015792-04
-§.553552E-04
-4.101423E-04
-3.242855E-04
~1.B99532E-04
-1.535478E-06
2.485024E-04
5.7371717718-04
9.867176E-04
1.552136E-03
2.286433E-0)
3.25365E-03
4.509306E-03
6.102438%5-03
8.08091E-03
1.0480834E-02
1.343403E-02
1.717647E-02
2.245214E-02

3.157824E-02_

5.546171E-02
4556426
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In certain situations, discussed previously, it is desirable for the reduced
bandwidth transmitter of the present invention to include a vestigial sideband
modulator 28 having an asymmetrical response. In. one embodiment, the
asymmetrical response is derived by using the Weaver technique to derive a

5 gpectrum having the normal RRC transitions at the upper and lower band edges.
The spectrum is then shifted and the technique of the invention is applied to the
resulting shifted spectrum to the band edge having the narrower frequency band.
For example, if it is desired to reduce the bandwidth of the spectrum only at the
high frequency edge of the spectrum, the prior art spectrum with the RRC

10 transitions is shifted to a lower center frequency. The principles of the invention
are then applied to the shifted spectrum. The resulting spectrum has an RRC roll-
off at its lower edge and a narrow band response, per Fig. 5, at its upper band
edge. The asymmetry occurs even though both FIR lowpass filters responsive to
the shifted spectrum have the same response per Fig. 8, because of the “negative”
15 frequencies of the Weaver vestigial sideband operations.

Fig. 9 is a block diagram of one arrangement for achieving such an
asymmeitrical spectrum. Fig. 9 is similar to Fig. 7, except that Fig. 9 includes two
additional FIR lowpass filters 183 and 184, respectively responsive to summers
180 and 182. The output signals of lowpass filters 183 and 184 are respectively

20 supplied to interpolators 154 and 158. Another difference between Figs. 7 and 9
is that in the agymmetrical vestigial sideband modulator of Fig. 9, each of lowpass
filters 146 and 148 has, at its upper edge, a standard wideband response with RRC
transitions beginning at fg as indicated by monotenic RRC transition 40, Fig. 5,
and a flat 0 dB response from DC to the beginning of the monotonic RRC

25 trangition. The frequency of offset oscillator 170 is set to provide the desired
offset to assist in achieving the asymmetrical frequency response and is not
necessarily selected to achieve a precise IF having a rounded numerical value.
For asymmetric spectra having reduced energy at the upper channel edge, the
frequency and phase relationships of oscillator 170 are set so that frequencies

30 which eventually translate to the upper channel edge are increased to frequencies
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that will pass throngh filters 183 and 184, and the frequencies which eventually
translate to the lower channe] edge are decreased to frequencies that will pass
through filters 183 and 184. For asymmetric specira having reduced energy at the
lower channel edge, the direction (sign) of the frequency offset is reversed

The frequency responses of lowpass filters 183 and 184 are identical to
shape the edge of the spectrum having a reduced bandwidth. To these ends,
identical FIR lowpass filters 183 and 184 have the same amplitude versus
frequency response curve as illustrated in Fig. 8.

Fig. 10 is a block diagram of a variation of vestigial sideband generator
28, wherein a reduced bandwidth spectrum is provided only at the upper band
edge of the spectrum. In the vestigial sideband modulator of Fig- 10, interpolator
190 is connected to respond to the output signal of a pre-equalizer filter 26 to
double the sampling frequency of the output of filter 26, i.e., interpolator 190
doubles the symbol rate of the sequence filter 26 derives. FIR lowpass filter 192
responds to the output signal of interpolator 190. Filter 192 has an amplitude
versus frequency response, which when multiplied by the standard RRC bandpass
response of a DTV receiver results in the upper sideband spectral shape that

. enables the transmitted spectrum to conform with upper sideband transition 62,

Fig. 5. To this end, FIR lowpass filter 192 has the amplitude versus frequency
response 181, of Fig. 8.

The output signal of lowpass filter 192 drives multipliers 140 and 142 in
parallel. Multipliers 140 and 142 respond to orthogonal sequences generator 144
derives. The resulting product signals at the outputs of multipliers 140 and 142
respectively drive FIR lowpass filters 146 and 148, having standard RRC
transitions for all frequencics above fs Digital folding frequency generator 144
supplies cosine and sine digital sequences having a symbol rate twice the symbol
rate that filter 26 derives. Hence, in the embodiment of Fig. 10, FIR lowpass
filter 192 derives the reduced bandwidth response 62, while FIR lowpass filters
146 and 148 provide the RRC monotonic response 42, at the low frequency
spectrum edge.
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Lowpass filters 146 and 148 respectively drive simple multipliers 162 and
164, without the intermediary of interpolator sets 150 and 152 included in the
embodiments of Figs. 7 and 9. Multipliers 162 and 164 also respectively respond
to cosine and sine output sequences of digital IF frequency generator 166;

5 generator 166 derives four cosine and four sine symbols per cycle. Multipliers
162 and 164 respond to the inputs thereof to derive product sequences which are
added in summer 168, which drives digital to analog converter 30.

The reduced bandwidth concept of the present inveation is also applicable

to Hilbert trunsform devices used as vestigial sideband modulator 28. Fig. 11isa

10 conceptual block diagram of a Hilbert transform type vestigial sideband
modulstor employed in the prior art and which can be modified in accordance
with the present invention by changing the responses of FIR lowpass filters. The
Hilbert transform modulator of Fig. 11 includes interpolator 200 which responds
to the output of pilot inserter 24 to increase the sampling frequency of the samples

15 pilot inserter 24 derives by a factor of 2, so that interpolator 200 produces samples
at a frequency of 21.52447552,, MHz Increasing the sampling frequency of the
output of pilot inserter 24 is necessary because the highest frequency to be
transmitted by vestigial sideband modulator 28 is 5.690559441.. . MHz, i.c., the 6
MHz channel width mious the 309.44006 kHz pilot frequency. The

20 5.690559441...MHz frequency is slightly higher than the Nyquist frequency for
symbol rate processing of 10.76223776...MHz.

The output signal of interpolator 200 drives I channel processor 202 and Q
channel processor 204 in parallel. I channel processor 202 includes an I channel
filter, pre-equalizer filter 26 and a delay clement that compensates for the delay

25 introduced by Q channel processor 204. Q channe| processor 204 includes a Q
channel filter, pre-equalizer filter 26 and a Hilbert transform which introduces a
90° ‘phase shift for all frequencies interpolator 200 supplies to Q channel
processor 204. The amplitude of the I channel filter of I channel processor 200 at
any frequency the vestigial modulator derives is proportional to the sum of the

30 voltages the transmitter derives in the upper and lower sidebands st that
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frequency. The upper and lower sidebands respectively include those frequencies
which are greater and less than the pilot frequency. Similarly, the amplitude
response of the Q channel filter of Q channel processor 204 at any frequency the
vestigial sideband modulator derives is proportional to the upper sideband voltage
minus the lower sideband voltage at that frequency.

Interpolator 200 produces a certain amount of aliasing because the
spectrum that pilot inserter 24 derives extends from DC to the Nyquist sampling
rate with no guard band beyond the Nyquist rate. The aliasing that interpolator
200 introduces is desirable and must appear as a partial inverted replicated
spectrum in the spectral tail the transmitter derives at the upper sideband edge.
The responses of interpolator 200 and the I channel filter of I channel processor
200 and the Q channel filter of Q channel processor 204 together determine the
speciral shape of the speciral tail at the upper channel edge. '

The 1 channel filter of I channel processor 202 has a linear phase which
causes a constant group delay of the signal I channel processor 202 processes,
such that the rate of change of phase with respect to frequency is constant. Such a
result can be achieved by using a linear phase FIR filter. As indicated by the
amplitude (in dB) versus frequency response 206, Fig. 12, the I channel filter of
processor 202 includes a +3 dB bump at the low frequency end of the spectrum.
The +3 dB bump continues to DC. The +3 dB bump indicated by response 206
represents the difference between the raised cosine response and the root raised
cosine response. In the raised cosine response, the pilot frequency is at a frequency
that iz 6 dB below the 0 dB mid-band response. In the root raised cosine response,
the pilot is at a frequency that is down 3 dB from the 0 dB mid-range value. The
Q channel filter of Q channel processor 204 has a roll-off that determines the
sideband asymmetry, i.e., the level of the vestigial sideband, near the frequency of
the pilot carrier.

In the conventional Hilbert transform modulator, the output signals of
I and Q channels processors 202 and 204 are respectively supplied to FIR, RRC
lowpass filters 208 and 210. Filters 208 and 210 have flat 0 dB responses from
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DC to the begiming of the monotonic RRC roll-off, i.c., transition. Beyond the
roll-off frequency, filters 208 and 210 have the RRC transition.

Interpolator 200, I channel processor 202, Q channel processor 204, and
RRC lowpass filters 208 and 210 are, in actuality, consolidated into only two

filters. For the I channel, interpolator 200, lowpass filter 208, and I channel

processor 202 are combined in a single polyphase filter. The RRC lowpass filter
208, RRC lowpass filter 210, and interpolator 200 permit a certain amount of the
inverted replicated spectrum above half the symbol rate to pass. The channel
polyphase filter including interpolator 200, processor 202 and lowpass filter 208
includes two sets of interleaved coefficients which alternate two times during
each symbol clock pulse of the output of pilot inserter 24, Similarly, interpolator
200, Q channel processor 204 and lowpass filter 210 are, in actuality, combined
into a single polyphase filter.

The output signals of lowpass filters 208 and 210 drive ane input of
simple multipliers 212 and 214, respectively. The remsining input of multiplier
212 responds to a digital cosine sequence that IF carrier frequency generator 216
derives, while the other input of multiplier 214 responds to a sine wave sequence
genenator 216 derives. Multipliers 212 and 214 derive product signals which are
combined in summer 218.

The output signal of summer 218 has the I and Q channel responses 206
and 220 (Fig. 12), respectively. Q channel response 220 includes RRC roll-off
transition 222 at the low frequency edge of the spectrum, such that transition 222
has a value of —35 dB at 559 Hz. Response 220 also includes a flat mid-range
0dB response 224 and asymmetrical mll—oﬂ'2?6 at the upper edge of the
spectrum. The I channel response, in addition to including bump 206, has the
same mid-channe] response 224 and high edge roll-off 226 as the Q channel.

In the low frequency region of response curve 220 (Fig. 12) corresponding
to the vestigial sideband portion of the spectrum, the I channel response 206 and
the Q channe! transition 222 are unequal. As the Q channel amplitude approaches
DC, the resulting spectrum that summer 218 derives approaches a double
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sideband. At the frequencies where the [ and Q channel responses are the same,
i.e., at all frequencices to the right of the intersection of response 206 and trangition
222, the spectrum that surnmer 218 derives has a single sideband.

To enable the Hilbert transform vestigial modulator to produce a reduced
bandwidth spectrum in accordance with the present invention, the I and Q channel
frequency responses of vestigial sideband modulator illustrated in Fig. 11 are both
modified. For a parficular reduced bandwidth spectral shape, the I channel
Hilbert response is the sum of the upper and lower sideband shapes, while the Q
channel response is the difference between the upper and lower sideband shapes
or responses. At low frequencies, near the pilot frequency, the I channel response
of the Hilbert vestigial modulator is the same for the present invention as for the
RRC prior art modulators. The I channel response of the Hilbert moduiator in
accordance with the invention is different from the RRC transition only if the
upper spectrum edge has a reduced bandwidth. Such a result is achieved by
changing FIR lowpass filter 208 from an RRC response to the response of Fig. 8.
There is no change to the I channel filter in processor 202 so that the I channel
response at low frequencies, in accordance with the present invention, is exactly
the same as it is in the prior art RRC response.

The Q channel filter in processor 204 has the same response at its low
frequency edge as bandpass filter 74 of Fig. 6, as indicated by transition 64 with
pesak 66 in Fig. 5, as well as by response 46, Fig. 3. Q channel FIR lowpass filter
210 has frequency response 181, Fig. 8, to achicve the bandwidth reduction at the
upper edge of the spectrum,

Fig. 13 includes I channel response 220 and the Q channel response 222 of
the Hilbert transform modulator of Fig. 11, with modified FIR lowpass filters to
achieve the bandwidth reduction of the present invemtion. The Q channel
response 220 includes a 0 dB mid-range portion 224, upper band edge transition
226 and lower band edge transition 228. Trangitions 226 and 22B assist in
providing the reduced bandwidth and have the same shape as transitions 62 and
64, Fig. 5. Hence, each of transitions 226 and 228 has a peak at 1 dB above 0 dB

2
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mid-range response 224. Trangition 228 has an amplitude of —35 dB at 559 Hz,
while trangition 226 has an amplitude at —35 dB at a frequency of 5.69 MHz. The
I channel response is the same as the Q channel response for frequencies greater
than the frequency where I channel response 220 intersects the peak of transition 228

5 at +1 dB. Summer 218 combines the I and Q channel responses of Fig. 13.
Summer 218 drives digital to analog converter 30 to provide substantially the
same response as response 60, Fig. 5.

The functions of the digital circuitry of Fig. I, including data randomizer

11, Reed Solomon encoder 12, data interleaver 14, trellis encoder 16, multiplexer

10 18, segment sync source 20, field sync source 22, pilot inserter 24, pre-equalizer
filter 26 and vestigial gideband modulator 28, are stored in flagh random access
memory 230, Fig. 14. Flash random access memory 230 inciudes a file that stores
the coefficients for the filters, including the coefficients of Table II for the FIR
lowpass filters having response 181, Fig. 8. The signals that flash random access

15 memory 230 stores are supplied to computer 234 which controls connections of
gates in several field programmable gate array IC chips 232. Computer 234 can
be an appropriate personal computer (PC). Each time the transmitter of Fig. 1 is
supplied with power, the gates of chips 232 are configured in accordance with the
signals stored in fiash random access memory 230. The configuration of the gates

20 in chips 232 is changed at will, as are the filter coefficients by changing flash
random access memory 230.

While there have been described and illustrated specific embodiments of the
invention, it will be clear that variations in the detmils of the embodiments
specificaily illustrated and described may be made without departing from the true

25 spirit and scope of the invention as defined in the appended claims.
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WE CLAIM:

1. A method of preventing substantial interference between portions
of first and second spectra that tend to overlap, the overlapping portion of the first
spectrum being in a band of frequencies on a first side of a predetermined
frequency of the first spectrum, the predetermined frequency being outside the

5 second spectrum and within the first spectrum, comprising the steps of modifying
the first spectrum prior to transmission thereof by transferring emergy in
frequencies on the first side of the predetermined frequency of the first spectrum

. to frequencies on a second gide of the predetermined frequency so that all energy
between a first frequency at a band edge of the first spectrum and a second
10 frequency between the first frequency and the predetermined frequency is reduced
substantially to zero, the frequencies on the second side being within the first
spectrum, the transfer being such that a receiver designed to respond to the first
spectrum causes the transferred energy to be shifted from the second side of the
predetermined frequency to the first side of the predetermined frequency, and
15 transmitting the modified spectrum, the amount of energy.transferred being such
that there is no substantial interference between the transmitted first and second
spectra.

& 2. The method of claim 1 wherein the receiver includes a bandpass
filter with a transition having a predetermined amplitude versue frequency

response between a frequency at one band edge of the bandpass filter and a mid-

range portion of the bandpass filter response, the predetermined frequency being

5 displaced from a comer frequency between the mid-range portion and the
transition toward the frequency at said one band edge, the energy transfer being

such that (1) all energy between said first and second frequencies is transferred on

a frequency to frequency basis to frequencies that are on the second side of the
predetermined frequency and are equally displaced from the predetermined

10 frequency, and (2) some energy between the second frequency and the
predetermined frequency is transferred, on a frequency to frequency basis, to

BNSDOCID <WO O0178392A2 1 >



WO 01/74392 39 PCT/USOI/T1112

frequencies that are on the second side of the predetermined frequency and are
equally displaced from the predetermined frequency, the amount of the energy
transferred from between the second frequency and the predetermined frequency

15 being determined by the relative amplitudes of (a) an amplitude versus frequency
weighting function that extends over a band of frequencies between the second
frequency and the predetermined frequency, and (b) the amplitude versus
frequency response of the receiver transition.

3. The method of claim 2 wherein the receiver bandpass filter has a
flat mid-range amplitude versus frequency response and a root raised cosine
transition between the comer frequency and the first frequency.

4. The method of claim 3 wherein the first spectrum is 28 DTV
vestigial sideband spectrum.

5. The method of claim 4 wherein the predetermined frequency is a |
baseband pilot carrier frequency.

6. The method of claim 4 wherein the predetermined frequency is a
Nyquist sampling frequency.

7. The method of claim 2 wherein the predetermined frequency is
approximately half-way between the first and comer frequencies.

8. The method of claim 2 wherein the modified spectrum has a
symmefrical amplitude versus frequency response with respect to its center
frequency.

‘9. The method of claim 2 wherein the modified spectrum has an
amplitude versus frequency response at its high frequency band edge including
the transferred energy and an amplitude versus frequency response at its low
frequency band edge that is substantially the same as the receiver transition.
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10. The method of claim 2 wherein the modified spectrum has an
amplitude versus frequency response at its low frequency band edge including the
transferred energy and an amplifude versus frequency response at its high
frequency band edge that is substantially the same as the receiver transition.

11.  The method of claim 2 wherein the energy transfer is performed by
multiplying a baseband signal containing information to be transmitted by sine
and cosine representations to derive a pair of product signals, the sine and cosine

. representations being at a folding frequency, lowpass filtering replicas of the
5 product signals, the lowpass filtering step including multiplying the replicas of the
product signalg by (a) a constant amplitude from DC to another frequency where
the trangition begins, (b) amplitudes greater than the constant amplitude for
frequencies between the another frequency and a further frequency, (c) finite
amplitudes less then the constant amplitude for frequencies greater than the
10 further frequency and (d) zero for frequencies that are displaced from the another
frequency by the same amount that said frequency at the band edge of the
bandpass filter is displaced from the comer frequency and combining signals

resulting from the lowpass filtering steps.

’ 12.  The method of claim 11 wherein the replicas on which the lowpass
filtering steps are performed result directly from the multiplying operations to
causethespecuumresulh:ngﬁomthecombiningsteptobesymehicalwim
respect to a frequency at the center of the first spectrum.

13.  The method of claim 11 further including shifting the frequency of
the spectra of the signals resulting from the lowpass filtering steps to cause the
spectrum resulting from the combining step to be symmetrical with respect to a
frequency having an exact numerical value.

14.  The method of claim 11 further including performing second
lowpass filtering steps on replicas of the product signals, the second lowpass
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fillering steps being performed on the product signal replicas before the lowpass

filtering operation defined in claim 11, the second lowpass filtering operations

5 including multiplying the replicas of the product signal by (a) a constant
amplitude from DC to the another frequency, and (b) the receiver transition
amplitude versus frequency response for frequencies between the another
frequency and a frequency romoved from the another frequency by an amount

equal to the displacement of the band edge of the receiver bandpass filter from the

10 comer frequency, shifting the spectra resulting from the second lowpass filtering
steps to cause the spectrum resulting from the combining step to be asymmetrical

with respect to a frequency at the center of the first spectrum, the asymmetrical

spectrum having the same amplitude versus frequency response at a first band

edge as the receiver bandpass filter and to have an amplitude versus frequency

15 response at a second band edge determined by the lowpass filtering operation of

claim 11.

15. The method of claim 2 wherein the energy transfer includes
lowpass filtering a signal resulting from a baseband signal containing information
to be transmitted, the lowpass filtering step including multiplying the signal
resulting from the baseband signal by (a) a constant amplitude from DC to

5 another frequency where the transition begins, (b) amplitudes greater than the
constant amplitude for frequencies between the another frequency and a further
frequency, (c) finite amplitudes less than the constant amplitude for frequencies
greater than the further frequency and (d) zero for frequencies that are displaced
from the another frequency by the same amount that said frequency at the band

10. edge of the bandpass filter is displaced from the corner frequency.

16. The method of claim 15 further including multiplying the signal

resulting from the lowpass filtering step by sine and cosine representations to

derive 2 pair of product signals, the sine and cosine representations being at a

folding frequency, performing second lowpass filtering steps on replicas of the

5 product signals, the second lowpass filtering steps being performed on the product
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signal replicas before the lowpass filtering operation defined in claim 11, the
second lowpass filtering operations multiplying the replicas of the product signal
by (a) a constant amplitude from DC to the another frequency, and (b) the
receiver transition amplitude versus frequency response for frequencies between
10 the another frequency and a frequency removed from the another frequency by an
amount equal to the displacement of the band edge of the receiver bandpass filter

from the comner frequency,

. 17.  The method of claim 16 further including multiplying the signals
resulting from the second lowpass filtering step by cosine and sine representations
of an IF to derive second product signals, and combining the second product
gignals to derive an asymmetrical spectrum that has the amplitude versus

5 frequency response of the receiver transitions at its low frequency edge and the
amplitude versus frequency response resulting from the lowpass filter operation of
claim 15 at its high frequency edge.

18. The method of claim 15 further including performing I and Q
channel Hilbert transform operations on a signal resulting from the baseband
signal so that signals resulting from the I and Q chamne] Hilbert transform
operations have the lowpass filtering operations of claim 15 applied to them, and

. 5 combining replicas of the signals resulting from the I and Q channel Hilbert
transform operations to derive the first spectrum.

19. The method of claim 18 wherein the combining step includes
“multiplying the signals resulting from the I and Q channel Hilbert transform
operations with representations of cosine and sine waves at an IF to form product

gignals, and adding the product signals.

20. The method of claim 1 wherein the first spectrum is a DTV
vestigial sideband spectrum and wherein the receiver has a bandpass filter with a
flat mid-range amplitude versus frequency response and a root raised cosine
transition between & comer frequency and the first frequency, the comer
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5 frequency being the frequency where the receiver bandpass filter response
changes from the mid-range amplitude to the root raised cosine transition,

21.  The method of claim 20 wherein the predetermined frequency is a
baseband pilot carrier frequency.

22. The method of claim 20 wherein the predetermined frequency is a
Nyquist sampling frequency.

23. The method of claim 20 wherein the modified spectrum has a
symmetrical amplitude versus frequency response with respect to its center
frequency.

24. The method of claim 20 wherein the modified spectrum has an
amplitude versus frequency response at its high frequency band edge including
the transferred energy and an amplitude versus frequency response at its low
frequency band edge that is substantially the same as the receiver transition.

25. The method of claim 20 wherein the modified spectrum has an
amplitude versus frequency response at its low frequency band edge including the
transferred enmergy and an amplitude versus frequency response at its high
frequency band edge that is substantially the same as the receiver transition.

26. The method of claim 20 wherein the energy transfer includes
lowpass filtering a signal resulting from a baseband DTV signal, the lowpass
filtering step including multiplying the signal resulting from the baseband signal
by (a) a constant amplitude from DC to another frequency where the transition

5 begins, (b) amplitudes groater than the constant smplitude for frequencies
between another.frequency and a further frequency, (c) finite amplitudes less than
the constant amplitude for frequencies greater than the further frequency and
(d) zero for frequencies that are displaced from the another frequency by the same
amount that said frequency at the band edge of the bandpass filter is displaced

10 from the corner frequency.
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27.  The method of claim 26 further including multiplying the signal
resulting from the lowpass filtering step by sine and cosine representations to
derive a pair of product signals, the sine and cosine representations being at a
folding frequency, performing second lowpass filtering steps on replicas of the
5 product gignals, the second lowpass filtering steps being performed on the product
signal replicas before the lowpass filtering operation defined in claim 26, the
second lowpass filtering operations multiplying the replicas of the product signal
. by (a) a constant amplitude from DC to the another frequency, and (b) the
receiver transition amplitude versus frequency response for frequencies between
10 the another frequency and a frequency removed from the another frequency by an
amount equal to the displacement of the band edge of the receiver bandpass filter
from the corner frequency,

28.  The method of claim 27 further including multiplying the signals
resulting from the second lowpass filtering step by cosine and sine representations
of an IF to derive second product signals, and combining the second product
signals to derive an asymmetrical spectrum that has the amplitude versus

5 frequency response of the receiver transitions at its low frequency edge and the
amplitude versus frequency response resulting from the lowpass filter operation of
. claim 26 at its high frequency edge.

29. The method of claim 26 further including performing I and Q
channel Hilbert transform operations on a signal resulting from the baseband
signal so that signals resulting from the I and Q chamnel Hilbert transform
operations have the lowpass filtering operations of claim 26 applied to them, and

5 combining replicas of the signals resulting from the I and Q channel Hilbert
transform operations to derive the first spectrum.

30. The method of claim 29 wherein the combining step includes
multiplying the signals resulting from the I and Q channel Hilbert transform
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operations with representations of cosine and sine waves at an IF to form
product signals, and adding the product signals.

31. A trensmitter for a first spectrum having a portion that tends to
overlap in an interfering manner with a neighboring, second spectrum, the
overlapping portion being in a band of frequencies on a first side of a
predetermined frequency, the predetermined frequency being outside the second
spectrum and within the first spectrum, the transmitter comprising a filter for
modifying the first spectrum prior to transmission, the flter being arranged for
transferring energy in frequencies on the first side of the predetermined frequency
of the first spectrum to frequencies on a second side of the predetermined
frequency, the energy transfer causing substantial elimination from the first
spectrum of all energy between a band edge of the first spectrum and another
frequency between the band edge and the predetermined frequency, the
frequencies on the second side being within the first spectrum, the transfer being
such that receivers designed to respond to the first spectrum cause the transferred
energy to be shifted from the second side of the predetermined frequency to the
first side of the predetermined frequency, and an output device connected to be
responsive to the modified spectrum.

32.  The transmitter of claim 31 wherein the first spectrum is included
in a signal source comprising a digital baseband television signal source and a
carrier pilot inserted on the digital baseband television signal source, the filter
including a digital vestigial sideband modulator connected to be responsive to the
digital baseband television signal source and the carrier pilot inserted on the
digital baseband television signal source.

33.  The transmitter of claim 32 wherein the digital vestigial sideband
modulator includes a digital filter including a Hilbert transform combined with a
lowpass filter having an amplitude versus frequency response for causing the
energy transfer.
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34, The transmitter of claim 32 wherein the vestigial sideband
modulator includes a digital folding frequency source for deriving orthogonal
components at the predetermined frequency, a digital muitiplier arrangement
cornected to be responsive to the orthogonal components and the digital signal
source for deriving a pair of orthogonal product digital signal components, a
digital lowpass filter arrangement cormected to be responsive to the pair of
orthogonal product digital signal components, an arrangement for combining the
orthogonal digital signal components passed by the digital lowpass filter
arrangement, the digital lowpass filter arrangement having a response and the
digital signal components passed by the digital lowpass filter being combined so
the energy transfer occurs and there is no substantial energy between the another
frequency and the band edge of the first spectrum.

35. A memory for controlling an electromagnetic wave fransmitter, the
transmitter being arranged for transmitting a signal to a receiver having a
predetermined response, the memory storing signals for preventing substantial
interference between portions of first and second spectra that tend to overlap, the
overlapping portion of the first spectrum being in a band of frequencies on a first
side of a predetermined frequency of the first spectrum, the predetermined
frequency being outside the second spectrum and within the first spectrum, the
stored signals causing a modification of the first spectrum prior to transmission
thereof by transferring energy in frequencies on the first side of the predetermined
frequency of the first spectrum to frequencies on a second side of the
predetermined frequency so that all energy between a first frequency at the band
edge and a second frequency between the first frequency and the predetermined
frequency is reduced substantially to zero, the frequencies on the second side
being within the first spectrum, the transfer being such that a receiver designed to
respond to the first spectrum causes the transferred energy to be shifted from the
second side of the predetermined frequency to the first side of the predetermined

frequency.
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36. A transmitter for a first spectrum having a portion that tends to
overlap in an interfering manner with a neighboring, second spectrum, the
overlapping portion being in a band of frequencies on a first side of a
predetermined frequency, the predetermined frequency being outside the second
spectrum and within the first spectrum, the transmitter comprising a filter for
modifying the first spectrum prior to tremsmission, the filter being adapted to be
arranged for transferring energy in frequencies on the first side of the
predetermined frequency of the first spectrum to frequencies on a second side of
the predetermined frequency, the energy transfer causing substantial elimination
from the first spectrum of all energy between a band edge of the first spectrum
and another frequency between the band edge and the predetermined frequency,
the frequencies on the second side being within the first spectrum, the transfer
being such that receivers designed to respond to the first spectrum cause the
transferred energy to be shifted from the second side of the predetermined
frequency to the first side of the predetermined frequency, and an output device

connected to be responsive to the modified spectrum.

37.  The transmitter of claim 36 wherein the first spectrum is included
in a signal source comprising a digital baseband television signal source and a
carrier pilot inserted on the digital baseband television signal source, the filter
including a digital vestigial sideband modulator connected to be resi:onsive to the
digital baseband television signal source and the carmrier pilot inserted on the

digital baseband television signal source.
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lowpass filter having an amplitude versus frequency response for causing the

energy transfer.

39. The transmitter of claim 37 wherein the vestigial sideband
modulator includes a digital folding frequency source for deriving orthogonal
components at the predetermined frequency, a digital multiplier arrangement
connected to be responsive to the orthogonal components and the digjtal signal
source for deriving a pair of orthogonal product digital signal components, a
digital lowpass filter arrangement connected to be responsive to the pair of
orthogonal product digital signal components, an arrangement for combining the
orthogonal digital signal components passed by the digital lowpass filter
arrangement, the digital lowpass filter arrangement having a response and the
digital signal components passed by the digital lowpass filier being combined so
the energy transfer occurs and there is no substantial energy between the another

frequency and the band edge of the first spectrum.

40. The transmitter of claim 36 wherein the receivers include a
bandpass filter with a transition having 2 predetermined amplitude versus
frequency response between a frequency at one band edge of the bandpass filter
and a mid-range portion of the bandpass filter response, the predetermined
frequency being displaced from a corner frequency between the mid-range portion
and the transition toward the frequency at said one band edge, the energy transfer
being such that (1) all energy between said first and second frequencies is

transferred on a frequency to frequency basis to frequencies that are on the second
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the predetermined frequency is transferred, on a frequency to frequency basis, to
frequencies that are on the second side of the predetermined frequency and are
equally displaced from the predetermined frequency, the amount of the energy
transferred from between the second frequency and the predetermined frequency
being determined by the relative amplitudes of (a) an amplitude versus frequency
weighting function that extends over a band of frequencies between the second
frequency and the predetermined frequency, and (b) the amplitude versus
frequency response of the receiver transition.

41.  The fransmitter of claim 40 wherein the first spectrum is a DTV
vestigial sideband spectrum.

42.  The transmitter of claim 41 wherein the predetermined frequency
is a baseband pilot carrier frequency.

43,  The transmitter of claim 41 wherein the predetermined frequency
is a Nyquist sampling frequency.

44. The transmitter of claim 40 wherein the predetermined frequency
is approximately half-way between the first and corner frequencies.

45.  The transmitter of claim 40 wherein the modified spectrum has a
symmetrical amplitude versus frequency response with respect to its center
frequency.

46.  The transmitter of claim 40 wherein the modified spectrum has an

amplitude versus frequency response at its high frequency band edge including

the transferred energy and an amplitude versus frequency response at its low
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receivers.
47,  The transmitter of claim 36 wherein the first spectrum is a DTV
vestigial sideband spectrum and wherein the receivers have a bandpass filter with
a flat mid-range amplitude versus frequency response and a root reised cosine
5 transition between 2 corner frequency and the first frequency, the comer
frequency being the frequency where the receiver bandpass filter response
. changes from the mid-range amplitude to the root raised cosine transition.
48. The transmitter of claim 47 wherein the predetermined frequency
is a baseband pilot carrier frequency.
10 49, The transmitter of claim 47 wherein the predetermined frequency
is a Nyquist sampling frequency.
50. The transmitter of claim 47 wherein the modified spectrum has a
symmetrical amplitude versus frequency response with respect to its center
. freque.ncy.
15 51, The transmitter of claim 47 wherein the modified spectrum has an
amplitude versus frequency response at its high frequency band edge including
the transferred energy and an amplitude versus frequency respomse at its low

frequency band edge that is substantially the same as the receiver transition.

52. The transmitter of claim 47 wherein the modified spectrum has an
20 amplitude versus frequency response at its low frequency band edge including the
transferred emergy and an amplitude versus frequency response at its high

frequency band edge that is substantially the same as the receiver transition.
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spectrum having a portion that tends to overlap in an interfering manner with a
neighboring, second spectrum, the overlapping portion being in a band of
frequencies on a first side of a predetermined frequency, the predetermined
frequency being outside the second spectrum and within the first spectrum, the
transmitter comprising a digital signal processing arrangement for modifying the
first spectrum prior to transmission, a controller for causing the digital signal
processing arrangement to transfer energy in frequencies on the first side of the
predetermined frequency of the first spectrum to frequencies on a second side of
the predetermined frequency, the energy transfer causing substantial elimination
from the first spectrum of all energy between a band edge of the first spectrum
and another frequency between the band edge and the predetermined frequency,
the frequencies on the second side being within the first spectrum, the transfer
being such that receivers designed to respond to the first spectrum cause the
transferred energy to be shifted from the second side of the predetermined
frequency to the first side of the predetermined frequency, and an output device

connected to be responsive to the modified spectrum.

54.  The transmitter of claim 53 wherein the digital television signal is
a baseband signal and the first spectrum includes a carrier pilot inserted on the
digital baseband television signal, the filter including a digital vestigial sideband
modulator cormected to be responsive to the digital baseband television signal
source and the carrier pilot inserted on the digital baseband television signal

source.

|5 The trancmitter af rlaim 84 wherein the Aigital vadtinial cidshand
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lowpass filter having an amplitude versus frequency response for causing the

energy transfer.

56. The transmitter of claim 54 wherein the vestigial sideband
modulator includes a digital folding frequency source for deriving orthogonal
components at the predetermined frequency, a digital multiplier arrangement
connected to be responsive to the orthogonal components and the digital signal
source for deriving a pair of orthogonal product digital signal components, a
digital lowpass filter arrangement connected to be responsive to the pair of
orthogonal product digital signal components, an arrangement for combining the
orthogonal digital signal components passed by the digital lowpass filter
arrangement, the digital lowpass filter arrangement having a response and the
digital signal components passed by the digital lowpass filter being combined so
the energy transfer occurs and there is no substantial energy between the another
frequency and the band edge of the first spectrum.

§7.  The transmitter of claim 53 wherein the first spectrum is a vestigial
gideband spectrum and wherein the receivers have a bandpass filter with a flat
mid-range amplitude versus frequency response and a root raised cosine transition
between al corner frequency and the first frequency, the comer frequency being
the frequency where the receiver bandpass filter response changes from the mid-

range amplitude to the root raised cosine transition.

58.  The transmitter of claim 57 wherein the predetermined frequency

is a baseband pilot carrier frequency.
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59.  The transmitter of claim 57 wherein the predetermined frequency

is 8 Nyquist sampling frequency.

60.  The transmitter of claim 57 wherein the modified spectrum has a
symmetricel amplitude versus frequency respomse with respect to its center
frequency.

61.  The transmitter of claim 57 wherein the modified spectrum has an
amplitude versus frequency response at its high frequency band edge including
the transferred energy and an amplitude versus frequency response at its low
frequency band edge that is substantially the same as the transition of the
receivers.

62.  The transmitter of claim 57 wherein the modified spectrum has an
amplitude versus frequency response at its low frequency band edge including the
transferred energy and an amplitude versus frequency response at its high
frequency band edge that is substantially the same as the transition of the

receivers.
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Direct Digital Vestigial Sideband (VSB) Modulator

This application claims the benefit of U.S. Provisional Application No.
60/120,569 flled on February 18, 1999, which is herein incorporated by reference.

The invention relates to a method and apparatus for modulating a vestigial
5 sideband (VSB) signal.

BACKGROUND OF THE DISCLOSURE

With the ever increasing proliferation of digital Information, varlous standards
have been established to outline the format for implementing the transmission of such
digital information. For example, digital data may be transmitted as a sub-carrier in

10 the lower vestigial sideband (VSB) spectral reglon of a standard television signal, e.g.,
a National Television Standards Committee (NTSC) broadcast video signal.

Specifically, “8-VSB” and “16-VSB” are two radio frequency (RF) modulatdon
formats that are utllized by the digital television standard (e.g., Advanced Television
Systems Committee (ATSC)) to transmit digital information terrestrially or via a cable

15 environment to consumers, respectively. An ATSC compliant transmitter will
typically receive and modulate an encoded bitstream, e.g., an MPEG compliant
bltstream, onto a RF channel and transmit the modulated signal to the consumers.
With such wide acceptance of this digital technology, it is advantageous to obtain a
transmitter having a low-cost digital VSB modulator that can be employed for high-

20 definition television (HDTV) applications including remodulation of digital video
directly to a typical television Intermediate frequency {IF) or RF frequency.

Therefore, there Is a need In the art for an apparatus and method for direct
conversion of baseband digital symbols to a desired frequency (e.g., IF or RF} without
the need for analog up conversion.

25 SUMMARY OF THE INVENTION

One embodiment of the present invention Is a method and apparatus f_or
providing direct conversion of baseband digital symbols to a desired frequency (e.g.,
IF or RF) without the need for analog up conversion.
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Specifically, the apparatus of the present invention is a VSB modulator
comprlsing a complex frequency shifter, an interpolation filter, an optional pilot
inserter, a DDS quadrature modulator and an optional image rejector and DAC
compensator.

The Input to the complex frequency shlifter can be an ATSC bitstream having
undergone FEC processing. At the input of the VSB modulator, the symbols are
frequency shifted to generate a complex signal and then decimated to provide two
half-rate streams.

The frequency-shifted signal Is then recelved by the interpolation fiiter, where
the fliter Is a polyphase 16:1 Interpolation fliter having real coefficients. Namely,
interpolation filter is a baseband interpolation filter. The polyphase 16:1 interpolation
filter effectively generates 16 output symbols for every input symbol.

The pilot Inserter adds a complex pllot signal at -2.69 MHz to the output of
the Interpolation filter. The pllot signal is a small DC shift that Is applled as a helping
signal. Namely, after frequency shaping the spectrum, the pilot signal Is Inserted at
the left band edge. By performing pllot insertion after {rather than before) the
interpolation fiiter, the datapath through the interpolation fiiter Is maintained at 3 blts
(rather than 16) so that the filter size Is reduced. This Is another advantage In
reducing the overall cost of the modulator.

After pliot Insertion, the data signal (a complex baseband signal) Is applied to a
quadrawre modulator 240 that makes use of direct digital synthesizers (DDS)
operating at 86.08 MHz. Two syntheslzers are used to generate two real sinusoids
that are 90 degrees out of phase from one another. Each of these sinusolds Is
multiplied by one of the input streams. Namely, the complex baseband signal to the
quadrature modulator is digitally modulated up to some desired frequency, (e.g.,
intermediate frequency (IF) or RF). The desired frequency is selected within the DDS.

After multiplication, the two streams are multiplexed together to form a
176.16 MHz. output stream which contains the desired digital signal as well as Images
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due to the synthesizer allases. This stream Is then applied to the image rejector and
DAC compensator 250, which Is tasked with performing image rejection and
compensation for spectral rolloff In digital-to-analog converters.

Thus, the present invention provides an apparatus and method for providing
direct conversion of baseband dlgital symbols to a desired frequency (e.g., [F or RF)
without the need for analog up conversion. Additionally, the architecture of the
present VSB modulator can be implemented using digital integrated circult
technologies, thereby significantly reducing the cost of devices that require a VSB
modulator.

BRIEF DESCRIPTION OF THE DRAWINGS

The teachings of the present inventlon can be readily understood by
considering the following detailed description In conjunction with the accompanying
drawings, in which:

FIG. 1 depicts a block diagram of a transmitter embodying the modulator of
the present Invention for direct conversion of baseband digital symbols to IF or RF

without the need for analog up conversion;

FIG. 2 depicts a block diagram of a digital VSB modulator for direct
conversion of baseband digital symbols to IF or RF without the need for analog up

conversion; and

FIG. 3 is a flow dlagram of a method for direct conversion of baseband digital
symbols to IF or RF without the need for analog up conversion.

To facilitate understanding, identical reference numerals have been used, where
possible, to designate identical elements that are common to the figures.

DETAILED DESCRIPTION

The inventlon will be described within the context of an ATSC television
system. It will be apparent to one of ordinary skill in the art that the invention is also
applicable to PAL and SECAM systems.
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FIG. 1 depicts a block diagram of a transmitter 100 embodying the modulator
of the present invention for direct conversion of baseband digital symbols to IF or RF
without the need for analog up conversion. The transmitter 100 comprises a data
randomizer 110, an encoder (e.g., Reed-Solomon encoder) 120, a data interleaver
130, an encoder (e.g., Trellis encoder) or a mapper 140, a multiplexer 150, a VSB
modulator 160 and an RF up-converter 170.

The data randomizer 110 is tasked with randomizing the incoming data
payload only, e.g., MPEG transport packets. Segment and Fleld Syncs are not
randomized by the data randomizer 110. The randomization process Is impiemented
to minimize concentration of RF energy at certaln modulating frequency. Specifically,
It Is deslrable to have the output VSB signal be as random as possible. The
randomness ensures the transmitted signal frequency response will have a flat noise-like
spectrum, thereby ensuring that the allotted channel space Is used with maximum
efficiency. Namely, If the data contains repetitious information, the recurring patterns
may cause the RF energy content of the transmitted signal to congregate at certain
discrete points in the frequency spectrum, thereby leaving volds at other frequencies.
This scenario may create the undesirable condition of having the 6 MHz channel be
overused in some parts and underused in other parts. The randomization pattern Is a
known pattern, such that the receiver can apply the reverse process to recover the
proper data values. The present invention s not limited to a particular randomization
process.

The encoder 120 is typlcally a block encoder, e.g., Reed-Solomon encoder,
for applying a forward error correction (FEC) process to the incoming data signal.
FEC processes are error correction schemes that are designed to correct bit errors that
may occur during transmission, e.g., noise, multipath propagation, transmitter non-
linearities, and signal fades. The present invention Is not limited to a particular FEC
process,

The data Interleaver 130 is employed to scramble the sequential order of the
data stream and to disperse the data packets throughout time, e.g., over a period of
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time such as several milliseconds. The purpose of the data Interleaver 130 Is to
disperse the data packets in order to minimize the transmitted signal’s vulnerability to
burst type Interference. Namely, the data Interleaver 130 assembles tiny fragments of
scrambled data packets into new data packets, where the reconstituted data packets
have the same length as the original data packets. Thus, a brief noise burst will only
cause the lost of some of the data In the stream for any glven period of time. ATSC
defines the data interieaver employed In the VSB transmission system to be a 52 data
segment (intersegment) convolutional byte interieaver and having a depth of
approximately 1/6 of a data fleld (4 ms. deep). Agaln, the interleaving pattern is a
known pattern, such that the receiver can apply the reverse process 1o recover the
proper data. The present invention Is not limited to a particular interleaving process.

The encoder 140 Is typically a convolutional encoder, e.g., a trellls encoder for
applying FEC. The trellis encoder employs a 2/3 rate (R=2/3) wrellis code In
accordance to ATSC. Specifically, each 2-bit word is compared to a past history of
previous 2-bit words and a 3-bit binary code Is generated to describe the transition
from the previous 2-blt word to the current one. Namely, the 3-bit codes are
substituted for the original 2-bit words and are transmitted as the symbols of the VSB.
Again, the trellls code rate is defined by a particular standard, but the present
invention is not limited to a particular trellis code rate.

The muitiplexer 150 Is tasked with inserting the segment sync and fleld sync.
These sync signals are inserted after the randomization and error coding processes so
as not to disturb the time and amplitude relationships of these signals.

In tum, the multiplexed signal Is then modulated by the present novel VSB
modulator 160 to produce a modulated signal. The modulated signal is then up-
converted by the RF up-converter 170 to a proper RF frequency for transmission.

FIG. 2 depicts a block diagram of a digital VSB modulator 160 for direct
conversion of baseband digital symbols to a desired frequency (e.g., IF or RF) without
the need for analog up conversion. FIG. 3 is a fiow diagram of a cor"responding
method 300 for the direct conversion of baseband digital symbols to a desired
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frequency {e.g., IF or RF) without the need for analog up conversion. The reader will
best understand the invention by simultaneously consulting both FIGs. 2 and 3.

The VSB modulator 180 performs modulation and filter shaping on the
incoming signal. Specifically, the architecture of the present VSB modulator provides
an important advantage of being a low-cost implementatién of an all digital VSB
medulator that can be employed for HDTV applications Including remodulation of
digital video to a typical television IF or RF frequency. This architecture can be
implemented using digital Integrated circult technologles for direct conversion of
baseband digital symbols to IF or RF without the need for analog up conversion.

Specifically, the VSB modulator 160 comprises a complex frequency shifter
210, an Interpolation fliter 220, a pilot inserter 230, a DDS quadrature modulator
240 and an Image rejector and DAC compensator 250. As discussed below, the pliot
inserter 230 and the image rejector and DAC compensator 250 can be deemed as
optional to the extent that the functions provided by these modules can be omitted
and/or performed outside of the present VSB modulator 160.

The Input to the complex frequency shifter 210 can be an ATSC bltstream
having undergone FEC processing. For example, the inputs to the VSB modulator
160 are 3-blt (8-level) symbols or 4-bit (16-level) symbols produced by a symbol
mapper as described by the ATSC specification for digital video transmission. The
mapping Is typically applled to a dightal video bitstream after It has been modified
using forward error correction techniques, and the symbols are generated at a 10.76
MHz. rate.

At the Input of the VSB modulator 160, the symbols are frequency shifted
(step 310 of FIG. 3) to generate a complex signal and then decimated (step 320 of
FIG. 3) to provide two half-rate streams. This operation can be performed very
Inexpensively using simple inverters and a demuitiplexer. Namely, the input signal is
filter-shaped by being frequency shifted to the “left” by —2.69 MHz. to aliow filtering
at baseband. The decimation operation splits the input stream (at 10.76 MHz.) into
two streams (the | and Q components of a complex signal), each at only 5.38 MHz.
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This decimation allows further processing to be performed more easily at half the
required processing rate. Although the present complex frequency shifter 210 is
described as performing two functions: frequency shifting and decimation, It should be
understood that these two functions can be Implemented within a single module or

separate modules.

The frequency-shifted signal Is then received by the interpolation fiiter 220
(step 330 of FIG. 3), where the filter is a polyphase 16:1 interpolation filter having
real coefficients. Namely, Interpolation filter 220 is a baseband Interpolation filter.
The polyphase 14:1 Interpolation filter effectively generates 16 output symbols for
every input symbol. The Increased output rate or sampling rate allows for subsequent
sampling condition where a multiplication by a high frequency sinusoidal Is necessary
(e.g., step 350 of FIG. 3). The advantage of performing thls sampling rate
conversion at this polnt Is because the interpolation filter 220 is relatively inexpensive.

It should be noted that the coefficients of the interpolation filter 220 are
specified so that the filter performs a root-ralsed cosine spectral shaping of the input
signal with the rolloff factor set to 0.115 as specified by the ATSC. The bandwidth
of this fliter is only 2.69 MHz. Because of the decimation performed in the previous
block, this filter only needs to operate at 86.08 MHz (16 x 5.38) rather than at
twice the rate. The fliter can be Implemented using significant resource sharing or
canonical signed digital techniques to control the implemented area of the filter.
Typical coefficient sizes are on the order of 12-16 bits. The high interpolation ratio Is
important since the present VSB modulator is designed to perform the modulaton
process digitally Instead of analog, thereby requiring a high sampling rate.

The pllot inserter 230 adds (step 340 of FIG. 3) a complex pilot signal at -
2.69 MHz to the output (interpolated signals) of the interpolation filter 220. The
pllot signal is 2 small DC shift that Is applied as a helping signal. Namely, after
frequency shaping the spectrum, the pllot signal Is inserted at the left band edge. This

causes a small residual carrier to appear at the zero frequency point of the resuiting
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modulated spectrum, thereby providing the receiver with a easily identifiable point to
lock onto that Is independent of the data being transmitted.

It should be noted that pilot insertion Is typlcally performed before frequency
shaping as disclosed in the ATSC standard. However, by performing pilot insertion
after (rather than before) the Interpolation fliter, the datapath through the
interpolation filter is maintained at 3 bits (rather than 16) so that the filter size is
reduced. This again Is another advantage in reducing the overall cos't of the
modulator. However, the pilot Inserter 230 is optlonal to the extent that its function
can be implemented prior to the VSB modulator as Indicated by the ATSC standard.
In such situatlon, a more complex (l.e., a more expensive) Interpolation filter 220 Is
required since the interpolation fliter cannot be malintained at 3 bits. Nevertheless,
the VSB modulator Is stlll capable of direct conversion of baseband digital symbols to
IF or RF without the need for analog up conversion.

After pllot Insertion, the data signal (a complex baseband signal) Is applied
(step 350 of FIG. 3) to a quadrature modulator 240 that makes use of direct digital
syntheskzers (DDS) operating at 86.08 MHz. Two synthesizers are used to generate
two real sinusolds that are 90 degrees out of phase from one another. Each of these
sinusolds Is multiplied by one of the input streams. Namely, the complex baseband
signal to the quadrature modulator 240 needs to be modulated up to some desired
intermediate frequency (IF) or RF. The frequency of the sinusolds are typlcal
television IF and RF frequencies, for example 43.75 MHz. (IF), 58 MHz. (Channel
3), or 64 MHz. (Channel 4). It should be noted that 58 MHz., or 64 MHz, are
equivalent to typlcal VCR output frequencies, thereby allowing the present Invention
to be implemented in a digital VCR. Thus, the complex signals into the DDS
quadrature modulator 240 Is up-converted into a real signal at a desired frequency (IF
or RF) at the output of the DDS quadrature modulator. The desired frequency Is
selected within the DDS. In essence, sub-sampling (e.g., sampling rate of 86.08
MHz.) ks Implemented to attain the desired frequency of 43.75 MHz., 58 MHz., 64
MHz. and so on. It should be noted that the desired frequency should be selected in a
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manner that will not cause the images to overlap the desired frequency spectrum. For
example, the sampling rate of 86.08 MHz. is chosen such that the desired frequency
of 43.75 MHz., 58 MHz., and 64 MHz. can be attalned without having distortion
caused by overlap of images on the desired frequency spectrum.

However, since the synthesizer rate Is only 86.08 MHz., allases or images of
the desired frequencles will appear at the output of the synthesizers and will be
compensated by using post processing. Namely, the sampling rate is not twice the
desired frequency, thereby falling to satlsfy the Nyquist criterion and artifacts may
result.

Afrer multlplication, the two streams are multiplexed together to form a
176.16 MHz. output stream which contains the desired digital signal as well as limages
due to the synthesizer altases. This stream Is then applied to the image rejector and
DAC compensator 250, which Is tasked with performing image rejectlon and
compensation for spectral rolloff In digital-to-analog converters (step 36_0 of FIG. 3).

In one embodiment, the image rejector and DAC compensator 250 comprises
a real FIR fliter or COMB filter for image rejection (or suppression). For image
rejectlon, the filter coefficients wili need to be programmable since the Images will
appear at different frequencles for each of the desired IF or RF outputs.

It should be understood that the image rejector and DAC compensator 250 is
an optional module within the VSB modulator 160. Specifically, a SAW filter Is
typlcally implemented outside of the VSB modulator (e.g., after the DAC) that is
tasked for filtering some of the images. However, if additional image rejection beyond
that of the SAW fllter is required, then the Image rejector and DAC compensator 250
can be implemented to provide additional image rejection. For example, a notch can
be implemented using a COMB fliter in the Image rejector and DAC compensator
250 at the image location to provide further attenuation on the image, thereby
assisting subsequent analog filtering and reducing the complexity and cost of analog
filtering. Thus, again the present VSB can be implemented to reduce the overall cost
of the VSB transmitter.
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Additionally, DAC generally generates “zero order hold”, where a signal is held
until the next sample, thereby generating a stair-case like response. The impact of this
zero order hold, looking at the frequency domain, is similar to a low-pass flitering
effect at the output of the DAC. Namely, distortion Is introduced due to this low-pass
rol-off. Thus, to pre-empt or compensate the effect of the DAC, the image rejector
and DAC compensator 250 may apply a filter having a high-pass type of response to
the oversampled Input signal of 172.16 MHz. In sum, the effect of the high pass
response caused by the Image rejector and DAC compensator 250 when combined
with the low-pass filtering effect of the DAC will produce the desired spectrum.

It should be noted that roll-off in the spectrum can generally be addressed by
the recelver, thereby making the image rejector and DAC compensator 250 an
optional module. However, if the present VSB modulator Is implemented at a
broadcast transmitter, it may be desirable to implement the image rejector and DAC
compensator 250 to produce an output signal that is as clean as possible. Thus, for
low performance system, the image rejector and DAC compensator 250 can be
optonally omitted to further reduce cost of the VSB modulator.

The output of the VSB modulator can be applied to a DAC (not shown)
operating at 172.16 MHz for direct generation of the IF or RF modulated analog
signal. A post-processing analog bandpass filter can be applled after the DAC for
further rejection of the out-of-band Images and quantization nolse.

Typically, two stages of up-conversions are necessary, where a baseband signal
Is first up-converted to an intermediate frequency, and Is then up-converted again to a
broadcast radlo frequency. Thus, a prior art implementation will typically apply a
DAC to the baseband signal and then apply a first analog up-conversion to attain the
Intermediate frequency and then apply a second analog up-conversion to attain the
broadcast radio frequency.

In contrast, the present novel direct digital VSB modulator 160 up-converts
the baseband signal digitally to the desired frequency, e.g., IF, thereby avoiding one
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analog up-conversion. The DAC is then applied to the IF signal and then one analog
up-conversion Is performed to the attain the RF signal for b_roadcast.

FIG. 2 also depicts one embodiment of the present invention where the VSB

modulator 160 is implemented within a general purpose computer. In one

5 embodiment, the general purpose computer 200 comprises a VSB modulator 160, a
processor (CPU) 202, a memory 204, e.g., random access memory {(RAM), and
various input/output devices 206, (e.g., a keyboard, a mouse, an audio recorder, 2
camera, a camcorder, a video monitor, any number of imaging devices or storage
devices, including but not limited to, a tape drive, a floppy drive, a hard disk drive or

10 a compact disk drive).

It should be understood that the VSB modulator 160 can be a physical device

that Is coupled to the CPU 202 through a communication channel. Alternatively, the
VSB modulator 160 can be represented by one or more software applications (or
even a combination of software and hardware, e.g., using applicatlon specific

15 integrated circults {ASIC)), where the software Is loaded from a storage medium,
(e.g., a magnetic or optical drive or diskette) and operated by the CPU In the
memory 204 of the computer. As such, the VSB modulator 160 (including
assoclated data structures) of the present invention can be stored on a computer
readable medium, e.g.,, RAM memory, magnetic or optical drive or diskette and the

20 like.

It should be understood that although the above disclosure provides a listing of
various frequency values, these values are only approximate values and may vary
within a practical applicaton environment. In fact, some of these frequency values
may vary significantly due to a particular implementatlon.

25 Although varlous embodiments which Incorporate the teachings of the present
invention have been shown and described in detail hereln, those skilled in the art can
readlly devise many other varied embodiments that still incorporate these teachings.
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What s clalmed is:

1. Apparaws (160) for up-converting an Input signal to a desired frequency, said
apparatus comprising:

a shifter (210), for applying a frequency shift and declmation to the Input
signal to generate at least one frequency shifted signai;

an interpolation fliter (220), coupled to said shifter, for Interpolating sald at
least one frequency shifted signal to produce at least one Interpolated signal; and

a direct dighal synthesizers (DDS) modulator {(240), coupled to said
Interpolation fliter, for up-converting sald at least one Interpolated signal to the desired
frequency.

2. The apparatus (160) of clalm 1, further comprising:

a pilot Inserter (230), coupled to sald Interpolation filter, for Inserting a pllot
signal onto sald at least one interpolated signal.

3. The apparatus (160) of claim 1, further comprising:

an image rejector and digital-to-analog converter (DAC) compensator (250),
coupled to said direct digital synthesizers (DDS) modulator, for rejecting images and
for performing dligital-to-analog compensation.

4, The apparatus {160) of claim 1, wherein said interpolation filter is a 16:1
Interpolation filter.

5. The apparatus (160) of clalm 1, whereln sald Input signal Is a baseband signal.
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é. Method for up-converting an input signal to a desired frequency, sald method
comprising the steps of:

(a) applying a frequency shift and decimation to the input signal to generate at
least one frequency shifted signal;

5 (b) interpolating said at least one frequency shifted signal to produce at least
one interpolated signal; and

(c) applying a direct digital synthesizers (DDS) modulator, to up-convert said at
least one interpolated signal to the desired frequency.

10 7. The method of claim 6, further comprising the step of:

(b’) Inserting a pllot signal onto sald at least one Interpolated signal prior to said
applying step (c).

8. The method of claim 6, further comprising the step of:

15 (d) rejecting Images and performing digital-to-analog compensation on sald at
least one up-converted signal from step (c).

Q. A computer-readable medium (206) having stored thereon a plurailty of
Instructlons, the plurality of Instructions including instructions which, when executed
20 by a processor, cause the processor to perform the steps comprising of:

(a) applying a frequency shift and decimation to the input signal to generate at
least one frequency shifted signal;

(b) interpolating sald at least one frequency shifted signal to produce at least
one interpolated signal; and

25 (c) applying a direct digital synthesizers (DDS) modulator, to up-convért sald at
least one Interpolated signal to the desired frequency.
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10. A transmitter (100) for transmitting an Input signal, said transmitter

comprising:

a data randomizer (110) for randomizing said input signal to generate a
randomized input signal;

a first encoder (120), coupled to sald data randomizer, for applying block
coding to said randomized Input signal to generate a block coded input signal;

a data interleaver (130), coupled to sald first encoder, for interieaving sald
block coded Input signal to generate an interleaved input signal;

a second encoder (140), coupled to said data Interieaver, for applying
convolutional coding to sald interleaved Input signal to generate a convolutional coded

input signal;

a multdplexer (150), coupled to said second encoder, for multiplexing sald
convolutional coded input signal with at least one sync signal to generate a multiplexed
input signal;

a modulator (160), coupled to sald multipiexer, said modulator comprising:

a shifter (210), for applying a frequency shift and decimation to the
multiplexed Input signal to generate at least one frequency shifted signal;

an interpolation filter (220), coupled to said shifter, for interpolating
sald at least one frequency shifted signal to produce at least one interpolated

signal; and

a direct digital synthesizers (DDS) modulator (240), coupled to sald
interpolation fliter, for up-converting said at least one interpolated signal to the
desired frequency to generate a modulated signal; and

a up-converter {170}, coupled to said modulator, for up-converting said modulated
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Deacription

The present invention is directed to digital signal processing, and specitically 10 a device and method for modulating
a digital television {DTV) signal as a vestigial sideband (VSB) signal occupying a siandard television channel.

VSB modulation is proposed for the U. S. A. siandard for future broadcast of DTV. it is proposed of a particular type
of VSB modulation, known as 8-VSB, which mape 3-bil groupe of coded digiial data onto ong of eight amplitude levels
for transmission.

Ona of the problems encountered in V8B modulation is sideband suppression. Various VSB modulation methods
have been proposed which use analog fiters (e.g., SAW fiters) for sideband suppression. However, analog fiters
require more bandwidth than is dasirable.

The present invention uses digital signal processing to achieve paerfect sideband suppreesion without analog filters.
The processing is characterized by requiring minimal bandwicith in the ghaping filler, a characteristic which provides
cascaded improvements. For axample, a DTV dighal signal can be rapresented over a wider bandwidth for a given sam-
pling rate, which provides the advaniage of allowing adaptive corrections in the digital domain to compensate for iinear
and nonknear characteristics of high power television transmitters. Further, the present invention aliows the control of
out-ol-band splatter and epectral eiielobas from the television transmitier, thareby reducing interference with adjacem
channels. By way of further example, it is known that third order irtermodulation praducts must be included in the signal
for predistortion, and the digital processing method and device herein controls the representation of such products
within three times the main epecinal lobe width of the television signal.

Analog devices are typically manually adjusted, do not track time-varying tmnemitter dislortions, and cannot take
advantage of adaptive features allowed by the digital system herein.

The device and method of vestigial sideband modulation herein may include the provision of an input digital signal
{nct limited 1o a DTV signal) at a rate 1/T to a multiplier which downconverts the input signal by multiplying it by ¢
IRNATY The downconveried signal may thereafter be provided to a symmetrical shaping fiter which Nyquist fiters the
downconverted signal and has an impulsa response of hy(t), and the fitered signal may than be upconverted so that il
is centered on a carrier frequency. ay. in the vestigial sideband of the input signal by muliiplying the fitared signal by

,IIM. + {mMaTIN

to provide a vestigial sideband modulated output signal.

An cbject of the presant invention is to provide a device and method for VSB modulating a digital signal which uses
digital signal processing to avoid tha use of analog filters, and to provide a digital device and digital eignal processing
method for VSB modulation in which a digital eignal is provided to a baseband shaping fitter which provides a baseband
signal with real and imaginary portions Re{Spq(KT)) and Im(Sy,(kT)), where

8 wlkT) = (0, + b){cos( G -jsin{ D) hol(k-)T)
[

and in which the real and imaginary portions are imerpolated 5o that a vestigial sideband modulated output signal
includes third order intermodulation distortion products of the signal.
Another object is to provide a baseband fiter for VSB modulation of a DTV signal which has,

a multiplier for muitiplying an amriving television signal by {cos(T1i/2)- sin(1i/2) ),

a transversal filler for providing separate sums of even and odd coeflicient terms,

an adder for adding a DC offéet term o the sum of even coefficient terms, and

a muitiplexer for multiplaxing the sum of odd coefficient terms with the sum of even cosflicent terms plus the DC
offeet term fo provide a baseband signal with real and imaginery portions.

A further object is to provide a device and method for VSB modulation of a digital signal in a DTV exciter which
includes an intarpolator for interpolating real and imaginary portions of a signal from a digital bagshand fiter so that a
vestigial sideband modulated output signal includes third order intermodulation distortion products of the digital signal.

The present invention includes a method of vesiigial sideband modulation for a digital signal, the method compris-
ing the steps of:

(a) multiplying a digital signal with data symbols d; input at rate R = 1/T , imes (cos{1i/2)-sin(Mif2) ):

[ L]
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(b) providing the product io a transversal filter with impulge response hy which provides separate sums of even and l

odd transversal fiter coefficient terms;
(c) muiltiplaxing the sums of even and odd coefficient tarms 10 provide a baseband signal with reat and imaginary
portions Re(Sy,(kT)) and Im{Sy,,(kT)). in which

Sto(KT) = T(d s+ b)( cost G -jsin(y ) hg{(k-0 )
i

The invention also includes a filter for vestigial sideband modulation of a digital signal, cormprising:

a muitiplier for muliplying signal data symbols d; input at rate R = 1/T, by (cos(Tnl/2)-sin{Ni/2) );

a transversal fiter with impulse response hy, for receiving an oulput from said rmultiplier and for providing separate
sums of even and odd transversal filter coeflicient terms;

an adder for adding a DC offeet term, (cos{Ni/2)-sin{T1i/2))h 4(0)b . to the sum of even coefficient terms; and

a mutiplexer for multiplaxing the sum of odd cosefficient terms with the aum of even coefficient terms plus the DC
offsst term to provide a baseband signal with real and imaginary poriions Re({S8u,(kT)) and Im{8;,(kT)). where

S (k1) = T d, + b){cou(D-jein( 31) holtk-0T)

and, an interpolator for interpalating Re{S,,(KT)) and Im{Sy.[kT}) so that a vaestigial sideband modulatad output signal
includes third order intermodulation distortion products of the signal.
Tha invention will now be described, by way of example, with reference to tha accompanying drawings in which:

Figure 1 is a block diagram of an embodiment of the present invention.

Figure 2 is a graph depicting the frequency response Hg{o) of a symmetrical lowpass shaping filer.

Figure 3 is block diagram of & further embodiment of the presant nvention.

Figure 4 is block diagram of & further embodiment of the present invention with ROMs instead of multipliers.
Figure 5 is a biock diagram illustrating apphication of the present invention in a digital television exciter.

Figure 8 is partial biock and partial circuit diagram showing complex signal fiow in a filter for digital VSB modulation.
Figure 7 is a simplified block diagram of an embodimant of a baseband filler.

Figure 8 is a simplified block diagram of a further baseband fiter.

Figure 1 depicts an embodiment of a vestigial sideband modulator that includes a baseband Hiter 10 which has a
multiplier 12 for multiplying an input digital signal d; arriving &t rate R = 1/T by (cos(Ni/2)-sin(ITi2) ), a transversal filter
14 with impulse response hg, for raceiving an output from multiplier 12 and for providing separate sums of even and odd
fiter coefficient terms, an adder 16 for adding a DG offset term to the sum of even coefficlent terms, and a mudtiplexer
18 for muitiplexing the sum of odd coaficient terms with the sum of even coefficlent lerms pius the DC offset term to

provide a baseband signal with real and imaginary portions Re{Sy,{kT)) and Im{Sy,,{kT)), where

8wk = T(d, + b){coa( ) -jaint D) roltk-NT) )
i

The preferred impuilse responss of transversal fitter 14 is

helt) = S{Holw)),

where 3 is the Fourier Transform, and Hg{w) is the frequency response of transversal filter 14 centerad on zero fre-
quency. The frequency response Hy(w) of a syrmmetrical lowpass shaping fiter, such as may be used for traneversal
filter 14 is seen in Figure 2.

The DC offset term added &t adder 16 may be (cos(i/2)-6in{Ni2))h 4{0}b . where b is a DC level ackded to the data

BNODOGID- <EP _ DBEDMMC0A2 | »
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for the purpose of inserting some of the carrier frequency ay, into the VEB signal as a pilot canier to support easy carrier
recovery in A VSB receiver.

Figure 3 shows which numerical designations of faatures similar to those of Figure 1 have been retainad. In trans-
versal filter 14 pairs of data symbois which are to be weighted by a common coafficient have been combined in adders
20 before weighting by the common coefficient in muitipliers 22. The registers 24 ol transversal fiter 14 have been
“oided™ about the cemmal tap weight 26 around which the coefficient values are symmetrically disposad. This ermange-
ment makes it aasier to draw the symbal paire which are (0 receive agual waight into their respective registens becausa
of the transversal filter's even function impulse responga.

Figure 4 depicis an altarnative ambodiment multinfers 22 replaced by read only memories (ROMs) 28. Multipliers
may be repiaced with ROMs as the inputs thereto are the sums of two n-bit (for 2"-VSB) data symbois which can be
dafined by a (n + 1)-bit address which may be used to access from the ROM the result of mulliplying the sum by the
appropriate transversal filter coefficient. By using ROMs, the use of high speed multipliers or expensive DSP filter chipe
is avoided, theraby allowing high sampling rates. In an alternative embodiment, multiple adkiresses may be provided o
a single ROM which provides the output previously provided by the sum of multiple ROMs.

The presant invention finds application in an exciter for a digital television tranemitter as ilustrated in Figure 5. The
baseband fiter 30 i the embodiment of Figura 1, 3 or 4 for providing the real and imaginary signais 32. The frequency
comternt of basebarxi filter 30 is out to a cutolf frequency of RM4 (R = 1/T } such as shown in Figure 2. The rate R imag-
inary signals represent the signal out o R/2 reasonably well. A further objact of the invention is to repreasnt the third
order intermodulaion products as well as the eignal (for preciistortion, and buikdfing digital linear and nonfinear comec-
torg), three times the bandwidth of the signal is desirably represented. For the signal content of Figure 2, the signal must
be reprecented out 1 a bandwidth of 3{R/4). To this and, an intarpolator 34 for intarpolating by two may ba added o
increase the sampling rate from R to 2R. Since the output rate is 2R, the signal is well represented out to & bandwidth
of R, which it more than sufficient to represent the third order intermadulation products. The output from interpolator 34
may be provided 1o corractor 36 for linaar and nonlinsar corection which companeates for distortions downsiream from
the exciter. The signial from comrector 38 may than be provicied 1o a further interpolator 38 which intarpoiates by two
agmin and provides digital quadrature modulation onto an intermediate frequency (IF) carier of frequancy R. The output
af imerpolator 38 has a sampling rate of 4R. Interpolator 34 may be conventional {g.0.. a Harrie Corporation (C known
as a Haif Band Filter, HSP43216, operating in the interpolate-by-two mode). as may interpolator 38 which may be a sim-
ilar halt band fittar which operates in a quadrature-to-real corversion mode.

The present invention provides numerous advantages, including an all digital implementation (no anaiog fiters for
sidaband suppreesion), Guitability for low-cost application specific intagrated circult (ASIC) implementation, use of
stanclard ROMS in the embociment of Figure 4 to allow high speed sampling, and support for high ancugh sampliing
rates to allow signal representation over thres times the nominal signal bandwidth to thereby allow digital correction of
third arder intermodulation products. The present invention provides an output which is digitally cormactable eo that tme-
varying transmitter distortions can be tacked and adaptively corrected.

The following discussion starts with a complex signal representation for digital VSB modulation, as shown in Figure
6, and ends with the smbodiment of Figure 1.

Figure 6 chows a DC offset b is added to incoming 8-evel mpuises. The DC offset is added to the data for the pur-
pose of ingerting some of the carrier fraquency ay into the VSB signal as a pilot carrier to support aasy CArTier recovery
in the VSB receiver. The complex signal representation of the output VSB signal in Figure 6 is:

ﬂ%: ‘
i) [(Z(d; + b)ﬁ(f-lﬂ]‘(e 4 ho(f”]&’m. @

i

where @ represents convolution,
hol(t} = F{H(w),
% is the Fourier Transform, &(t) is the Dirac dalta function or impulse function accuring &t t = 0, and Hy{a) is the fre-

quency responee of the shaping filter centerad on zero frequency, such as shown in Figure 2. The facthor
accounts for the shaping fiter's offset from the canier by one-lourth the symbol rate of the modulator, and the factor

el
represants the translation of the baseband specirum to the vesiigial sidaband carier frequency ey, which is also the
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\99

pilot frequency. S }9‘8/

As the exponential function is distributive across the convolution sign, equation 2 may be rewritten as:

c;,-u] Hugr 3t

Sll) = [{Z(d, +b)B(+-Me on,(r)]e (3)

Equation 3 indicates that the DG offset input data signal (shown as the input in Figure 6) is to be downconverted
by one-fourth the symbol rate by muttiplying by /Y™, and passed through the lowpass fiter of Figure 2 which has
impuise response holf). The entira resultant baseband filtered signal (shown inside the brackets in equation 3) is upcon-
vertad and centerad on a carrier frequency which ig one-fourth symbol rate higher than the pilot fraquency. The upcon-
version Is represantad by the exponential multiplier shown outskia the brackets of aquation 3. The convolution of
equation 3 may then be simpified as shown In equation 4 below,
in which the las! step is achieved by using the silting property of the delta function which sifts out the value of the inte-
grand at T = t4T.

i HgPt-e
"“ﬁl)on,m].t[z(d,--m)u(r-:-mel“ “ ’)ho(t)dt (@)
[}

[[;(dﬁ-b)ﬂ“-fne

1EhT

- (E(d,-l-b))e ho(t-iT)
i

Substituting equation 4 imo equation 3 and simplifying yields:

n

H o+ gy
e

-z}
Sywlf) = [Z(dr"b)e ho("m]
i
Jlwg + %}l

=[zw,+m[mgn-mgn]n.,u-m]e
[

The baseband complex VSB eignal Is the portion of equation 5 within the outer brackets, which is the desired result
(it is the same as equation 1.)

SwkT) = X (0, + b){cos( ) -is(Zi)) hllk-) T) (®)
i

The signal of equations 1 and 6 may be provided by using a baseband filter such as shown in Figure 7. This filler
may be simplified by noiing that the real transversal filler 40 ouliput depends only on odd numbered data symbols while
the imaginary tmnsversal fiter 42 output depends only on even numbered daia symbols. Further, itis noted that the real
oulput altemates betwesn a weighting of the even numbsred coefficients of the transversal fiter and a weighting of the
odd numbered coefficients of the filter, and that the weighting of the imaginary oulput is opposite in sequenca. Thus,
the amplemeniation of Figure 7 can be simplified to that of Figure 8.

The implementation of Figure 8 may ba simpiified to that of Figure 1 by changing the handling of the DC offset. The
contribution of the DC ofiset o the eum of odd coeflicients is zero for a filter with an odd number of taps, and that the
contribution of DC offset to the sum of even coeflicients is a sign-fluctuating constant which is proportional to the DC
offeet b ard 1o the center tap of the even function transversal fitier. Tha DC ofiget tarm added to tha sum of even coef-
ficiant terms thus may be (cos{Mi/2)-sin{Mi/2))h 5(0)b .

A digital sipnal proceesing device and method for vestigial sideband {VSB) madulation of a digital signal. A binary
digital signal d: is provided to a basaeband shaping fiter which samples the eignal to provide a baseband signat which
has real and imaginary porions Re{Su,(kT)) and Im{Sy,(kT)), where }

BENSDOCID <EP  OBEJMDDAZ | >
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SuwfkT) = Z(e; + ) contz0 -ain(3 )l 7)

The V8B signal is provided with perfact sideband suppression without using analog flters.
Claims

. A method of vestigial sideband modulation for a digital signal, the method compriging the steps of:

{a) multiplying a digital signal with data symbols d, input at rate R = 1/T, times ( cos(ITV2)-sin(11i2} );

(b) providing the product to a transversal filter with impulse responsa hg which provides separate sums of even
and odd tfransversal fiter coefficient terms;

(c) multiplexing the sums of even and okl coefficient terms o provide a baseband signal with real and imagi-
nary portions Re({Su,(kT)) and Im{Sy,{kT)), in which '

S ww(kT) = (!, +b){coa(D 1-jsint I noltk-2T)
i

A mathod as claimed in Claim 1 including the step of interpalating Re({Sy,,(kT)) and Im{S,;(kT)) to provicie a cam-
pling rate of gt least 2R so that a vestigial sideband modulated output signal includes third order intermodulation
distortion products of the digital signal, and the step of adding a DC affset term, (cos(IMi2)-gin({Mi/2))h ,(0)b . 1o the
sum of even coeflicient terms, balore the multiplaxing step.

A methad as claimed in Claim 1 or 2 including the steps, in the transvereal filter, of combining paire of input data
symbols which are to be weighted with a common fiter coeflicient, and thereafier weighting the combined pairs with
their common fiiter coefficient, in which the step of weighiing the combined pairs comprises the step of adkiressing
read only mamories which contain addressable products of fitter coefficients times input data symbol values.

A method as claimed in Claim 3 including the stap of providing an armay of regisiers for the input data symbols, the
registers extanding in rows from a ceniral tap so that regicters for pairs which are to be combined are adjacent.

. A method as claimed in any one of Claims 1 10 4 wherein the digital signal is a television signal.
. A method of vestigial sideband modulation for a digital signal, the method comprising the steps of:

(&) providing an input digital signal at a rata 1/T;

(b) downconverting the input digital signal by multiplying it by el2rWT:;

{c) providing the downconvarted digital signal 1o a symmetrical shaping filter which Nyquilst filters the downcon-
varted digital signal and has an impulse response af he{f): and

(d) upcorverting the filtered digital signal so that it is cantered on a carrier frequency, «y, in the vestigial side-
band of the input digital signal by multiplying the fitered digital signal by

emn. + (AT

7. A method as claimed in Claim 8 including the step of separaiing the upconvarted signal with real and imaginary

portions Ra{8,(kT)) and Im(S;,(kT)), wherein

Sa(kT) = T(d; + b){cos(irjsin(3 n)holtk-nT)
i

BNBDOCID <EP  OBE30GAR 1 »
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and, the step of interpolating Re{S,,,(kT)} and Im{S,(kT)} to provide a vestigial sideband modulated output signal z
which includes third order intarmodulation distortion products of the digital signal, with the fiter providing separate
sums of even and odd coefliciant terme.

i
o

A method as claimad in Claims 6 or 7 wherein the steps of adding a DC offset term to the sum of even coeflicient
terms, and muitiplexing the sum of odd coeflicient terms with the sum of even coefficient tarms plus the DC offset
term to provide Re(Sup(kT)) and Im({S,.(kT)}, and in the transversal fiter, of addressing read only memories which
contain addressable products of fiter coafficients times input values, in which the digital signal is a television signal.

10 8. Afiter for vesiigial sideband modulation of a digital signal, comprising:
a multiplier for muitiplying signal data symbols d; input at rate R = 1/T, by (cos{l11¥2)-sin(111/2) ):

a tansversal filter with impulse response hy for recaiving an output from sald multiplier and for providing sep-
arate sums of even and odd transversal fiter coefficlent terms:;

15 an adder for adding a DC offset term, (cos{ni2)-sin{Mi/2))h 4(0)b , to the sum of even coefficient terms; and
. a multiplexer for multiplexing the sum of odd coeflicient tarms with the sum of even coefficient terms plus the
DC offset term to provide a baseband signal with real and imaginary portions Re{Sy,(KT)) and im{Sus(T)).
where
20

Sp(kT) = T(d, + b){cos(Z-jsin(5 ) holik-NT)
i

25 and, an interpolator for interpolating Ra{Sy,,{kT)) and Im([Sy,{KT)) 60 that a vestigial sidabanct modulatad out-
put sipnal includes third order intermodulation distortion products of the signal.
10. A filter as claimed in Claim 9 wherain &aid transversal filter comprises plural adders for combining pairs of input
data symbols which are to be weighted with a common filter coefficient, in which said transversal filter comprises
30 read only memoaries which contain addressable products of filter coefliciants times an input values.
11. A filter as claimed in Claim 10 wherein said transversal fiter comprises an amay of plural registers for providing

input data symbols 1o eaid adders, said registers extencling symmetrically from a central tap so that pairs of ones
of aaid registers which hoid input data symbols which are to ba combined are adjacent.

R ’ P



DC OFFSET EFFECT

10\ 14
SUM OF EVEN
9 COEFFICIENTS
g he
SUM OF 0DD
COSCEi) -5 () COEFFICIENTS
FiIG. 1
' 1} Hole) , 707
;i s
_1 1
AT 0 ‘i
FIG. 2
0 3 34 3 38
: R( c R : R L F 10
: o[ LNEAR |Re [INTERPOLATE
i) pe. [ NTEREOLATORT =1 anp [ BY 2 anD o) D/A
1,30R4|im Y |im,] NONLNEAR fim |70 REAL
-}' ) CORRECTIONS CONVERT
MRAIER AT RATE R L oML
RATE 4R
(IF CARRIER
FREQ = R)

FIG. 5




DC OFFSET EFFECT=(C0S(31)-~ SN (71)) ho (0)b

LA Re(Spo (K1)
SUM OF EVEN COEFFICIENT TERMS +Teef MUX]
2 22 16 ~18
eve ho(21)—{X}22 ho(0T)—{X]
+
[
-y 42
DATA SYMBOLS % % - o)1~
d.
.. Lo —paep
y y
cos(i)- SN(ZD) L—F 20 +
oo [XJe—ho3) 22 ho(17)
y 2 Im{Spp (kT))
SUM OF ODD COEFFICIENT TERMS 4! MUX -
T
18

FIG. 3

v 60rese 0d3



<1 TWECYETEO  d3> CIDOUSNE

(13

DC OFFSET EFFECT={ COS(71)- SN (3:1)) b (0) b

L Ro{Suo 7))
SUM OF EVEN COEFFICIENT TERMS MU f———
T —3 J
ho(2T) ROM % ho(0T) ROM
+ 20
(AP w—— +2 E'q——
d !(o)l
i;l—---——al -3~
) 4
cos(i)- SNG) —F Zofl_’;_l
*+* | ho(3T) ROM {—28 —1ho(1T) ROM
t ! ! Im(Spu (KT))
SUM OF ODD COEFFICIENT TERMS MUX >

FIG. 4

oV 60F £58 0 43



8-LEVEL DATA
IMPULSES WITH
DC OFFSET, b

EP 0 853 409 A2

=l

COMPLEX 8-VSB

*i A SIGNAL WITH PILOT
S Ay Y— - CARRIER
0.707 R f Svsb (f)

2 (6 #9)3(-1) -

di+b

-—?—4 TRANSVERSAL FILTER, ho |
¢

0S(F1)=1,0-1,0,++

é—— TRANSVERSAL FILTER, h,

1
0 1/ 1

BASEBAND SHAPING FILTER ¢!

FIG. 6

.00'

— Re(Spu (k)

SIN (1) =0,~1,0,1,-+

40

— Im{Spp (kT))

Tz

FIG. 7

SUM EVEN COEFFICIENT TERMS |

MUX [—=Re(Spp(kT))

di +b

T
»| TRANSVERSAL FILTER, ho

COS()-SIN(i) _SUM 00D COEFFICENT TERNS

NUX — Im(S.,b(kT))

=41,~1,-1,41,00

BNSDOCID <EP | 0853408A2 | »

FiG. 8

11



. 2
_— _g)) oo A

- European Patent Office
Office aurapéen des brevets (1) EP 0 853 409 A3
(12) EUROPEAN PATENT APPLICATION | 20{
(88) Date of publication A3: (51) it ci.”: HO4L 27/04

07.022001 Bulletin 200108

{43) Date of publication A2:
15.07.1988 Bulletin 1958/29

(21) Appiication number: 973106857.8

(22) Date of filing: 30.12.1997

{84) Designated Contracting States: (72) Inventors:
ATBECHDEDKESFIFRGBGRIEITLILUMC * Davis, Robert C.
NL PT SE indilalantic, Fiorida 32603 (US)
Designated Extansion States: « Twitchell, Edwin R.
AL LT LV MK RO 8l Quincy, Ilinols 82301 {US)
(30) Priority: 10.01.1897 US 781629 « | (74) Represeniative:
van Berlyn, Ronald Glibert
{71) Applicant: HARRIS CORPORATION 23, Centre Heights
Melboume. FL 32818 (US) London NW3 6JG (GB)

(54) Device and method for digital vestigial sideband modulation

(57) A digital signal processing davice and method for vestigial sideband (VEB) modulation of a digltal signal. A
binary digital signal d, is provided to a baseband ahaping filter which samples the signal to provide a baseband signal
which has raal and imaginary portlons Re{Syp{kT)) and Im({Syy(kT)), where

SN =Y (d, + b)(coc(gl)-jaln(gl))hoﬂk-l)T)
)

The VSB signal is provided with perfect sideband suppression without using analog filters.

EP 0 853 409 A3

Sywtent by Meron {UK) Bussrwaa Servcan
21n/ (HR3VIS

BNSDOCID <EP  OBS308A) 1 =



EP 0 853 409 A3

Europsan Petent Application Numbar
ROP PORT
omce EUROPEAN SEARCH RE EP 97 31 8657

DOCUMENTS CONSIDERED TO BE RELEVANT

Categary]  Citation of document with indication, where sppropnate, Relevart | CLASSEICATION OF THE
of relevant passagea weam | APPUCATION (m.OLS)

Y US 3 611 143 A (GERWEN PETRUS JOSEPHUS 1,3,5 He4L27/04
VAN) 5 October 1971 (1971-18-65)
* ¢colum 5, line 13 - lipe 25 *
* column 8, line 36 - 1ine 46 *
* colum 9, line 5 - 1ine 20 *
A * figures 6,9 * 6.9
Y US 4 623 926 A (SAKAMOTO YDICKI) 1,3,5
18 November 1986 (1986-11-1B)

* colum 17, line 15 - Vine 34 *
* figure 18 *

A GB 1 210 742 A (PHILIPS NV) 1,6,9

28 October 1976 (1976-10-28)

;ynge 2, left-hand colum, line 15 - line

* page 2, right-hand column, line 106 -

page 3, left-hand colum, line 8 *

;apage 3, left-hand colum, line 23 - line
| ]

* figure 1 * mmm

A US 4 863 682 A (SNIJDERS WILFRED ANDRE 1,6,9 He4L

MARIA ET AL) 11 January 1977 (1977-81-11)

* colum 3, line 63 - colum 4, line 3 *

* colum 6, 1ine 18 - 1ine 25 *

* flgure 1 *

A US 4 973 977 A (HAWKINS JOSEPK D ET AL) |[1,6,9
27 November 1990 (1996-11-27)

* colum 2, line 25 - line 27 *
* colum 3, line 11 - line 16 *
* figure 1 *

The presarni sasrch report has basn drann up for all cume

- PE of gawon Dl of Abayagacn of g WaREH ("
2 BERLIN 8 December 2800 Farese, L
GATEGDRY OF CITED DOCUMENTS T : hatey or principle e Invaniion

: E:-h:-llunlr-l. putiissned On. or

X : pastcuiely relovars  talkan aloas ;e he
8 Y : panicuiarly relpvant J cambinen with ancther D : socumens cied in the spplcaton
a docusment of Ihe S8TE CRIDgRIY L : cocumaent ate Kr other ressdans
E A - mchnologesl backgraund s 2 e mt x n v

O : non-wraien ceticnre & : mirriags 0 1o saT0 petent iy, comeapondng
e P : slurrdiniy docusnes o
-

2



Qod
p: . 4

EP 0853409 A3

ANNEX TO THE EUROPEAN SEARCH REPORT

ON EUROPEAN PATENT APPLICATION NO. EP 97 31 8657

This annex lists the patars family members patert documents ciied in ™e above-menboned European search report.
'l'r-m“nmnudnuuﬁlw lI-lOIIﬂEDPﬂlm
The Evrcpean Patert Ofice & i no wey fable for thess perticulars which sre mersly given for the purpose of informaion.

88-12-2000
Pasent documen Publication Patent tamily Publcazion
ciled in asarch repant date mambar(s) date
US 3611143 A 05-168-1971 NL 6809768 A 13-61-1970
AT 3008896 B 15-87-1972
BE 735775 A 07-61-1976
CA 923562 A 27-03-1973
CH 502729 A 31-01-1971
DE 1934296 A 12-62-1970
DK 141746 B 82-66-1980
FR 2012681 A 26-83-1978
6B 1278693 A 21-66-1972
NO 136252 B 29-07-1974
SE 349212 8 18-69-1972
US 4623926 A 18-11-1986 JP 1545304 c 28-62-1992
JP 3005710 B 28-01-1991
JP 66007273 A 16-01-1985
JP 1645365 C 28-02-1992
JP 3005711 B 28-01-1991
JP 60007274 A 16-01-1985
JP 1642874 C 28-62-1992
JP 3905709 B 28-61-1991
JP 595089081 A 23-05-1584
JP 1031835 B 28-06-1989
JP 1548504 € 69-03-1990
JP 59101982 A 12-06-1984
JP 1031836 B 28-06-1989
JP 1548509 C 09-083-1990
JP 59114988 A 03-07-1984
DE 3341430 A 19-07-1984
&B 2133239 A B 18-67-1984
GB 1210742 A 28 16-1970 NL 6705736 A 14-11-1968
NL 6713667 A 09-04-1969
AT 281114 B 25-85-1978
BE 715100 A 13-11-1968
CH 488350 A 31-63-1970
CH 562031 A 15-61-1971
DE 1762122 A 19-63-1976
DK 136900 B 28-04-1975
FR 1573143 A 04-07-1969
68 1210445 A 28-10-1970
JP 48621163 B 27-06-1973
JP 49645684 B 85-12-1974
NO 124406 B 10-64-1972
SE 339029 B 27-089-1971
g us 3793588 A 19-02-1974
E us 3737778 A 085-66-1973
g

For mome datads about this annax : see Official Joumal of the Eurcpean Patont Ohce, No. 1282




EP 0853 409 A3

ANNEX TO THE EUROPEAN SEARCH REPORT

ON EUROPEAN PATENT APPLICATION NO. EP 97 31 @657

Thes anngx iisss the patent tamily members 1o the patent documents cied in the shove-mentionad Europesn search repont.

The members are as contamed mn the Othce EDP file on
The Europsan Patent Olfice in n no way for these particulars which sre mersly given for the purpose o irormation.
08-12-2660
Paters document Publicasion Padent temily Pubficasion

cated in agarch report date masmbar{s) dute

GB 1216742 A AT 289197 B 15-02-1971
BE 721970 A 08-64-1969
DE 1762918 A 23-12-1970
FR 95978 E 19-65-1972
JP 495039282 B 24-10-1974
NO 128974 B 04-82-1974
SE 347624 B 07-88-1972
us 3590384 A 29-66-1971

US 4003082 A 11-01-1977 NL 7412095 A 16-03-1976
AU 496789 B 26-16-1978
Al 8466775 A 17-63-1977
BE 833281 A 10-03-1976
CA 1663178 A 25-09-1979
DE 2540473 A 081-64-1976
FR 2285032 A 09-04-1976
IT 1042394 B 36-01-1980
JP 1014386 C 25-09-1980
JP 51053444 A 11-85-1976
JP 55005942 B 12-62-1980
SE 464118 B 18-69-1978
SE 7589996 A 15-03-1976

uUs 49731977 A 27=-11-19%96 AU 618433 B 19-12-1991
AU 4634589 A 26-06-1999
CA 1323164 A 12-16-1993
EP 6446239 A 18-89-1991
JP 4506132 T 22-10-19%2
W0 9686631 A 14-06-1990

:
g

BNSDOCID <EP*  OB53M0BA3 | >

For more datasls about this armen : sae Official Journal of the European Patere Office, No. 12782




. United States Patent [

Nossek

e g 295

(111 Patent Number:
[451 Date of Patent:

4,617,537
Oct. 14, 1986

[54) METHOD FOR DIGITAL QUADRATURE
AMPLITUDE MODULATION

[75] Inventor: Josef A. Nossek, Iffeldorf, Fed. Rep.
of Germany

{73] Assignee: Siemens Aktlengesellschaft, Berlin
and Munich, Fed. Rep. of Germany

[21] Appl. No.: 595517
[22] Filed: Mar. 30, 1934
[30) Foreipn Application Priority Data
Apr. 22, 1983 [DE] Fed. Rep. of Germany ....... 3314603

OTHER PUBLICATIONS

Ringelhaan et al., “Linear Modulation of Digital Sig-
nals with an Applied Example for Analog Equipment”,
NTG-Fachberichte, vol. 70, 1980, pp. 81-38.
Gockler, “Principles and Possible Applications of Digi-
tal Filters In Telecommunications Technology™. in
Frequenz 35(1981) 3/4, Section 3, pp. 71-73.

Primary Examiner—Eugene R. LaRoche

Assistant Examiner—Robert J. Pascal

Attorney. Ageni, or Firm—Hill, Van Santen, Steadman &
Simpson

(571 ABSTRACT

[CTV D 7T o L HO03C 1/00; HO3D 1/00
[52] Us.Q 232/48; 332/9 R;  Spectrum-converting digital filters are employed for
332731 R quadrature smplitude modulation. Given the method of
[58] Field of Search ................ 33279 R, 1R, 41,42, the invention, the frequency of the two carrier oscills-
332/48; Y75/41, 43; 455/108, 109 lionsfn:liling at 90" refative to one another amounts to
one-fourth the pampling frequency and, in addition,
[56) Reforeaces Clted their phase positions relative 1o the sampling tmes is
U.S. PATENT DOCUMENTS selected such that every second sample of both carrier
4003002 1/1977 Snijters et al. v 33220 OSCillations is alternately zero.
4,086,538 471978 Acker .....cuiomunninesiesnennens 4557109
4433310 2/1984 Bicet al. —ocviiricen—. 332741 X 1 Claim, 6 Drawing Figures
fs Pulse  2fs Inter%olator Lfg
| | / le) 1,0,-1,0--_

IF-Sample
Sequence with

BNSDOCID <US _ 4817537A1 | >



U.S. Patent Oct. 14, 1986 Sheet10f2 4,617,537

Digital/Analog
Converter Equallzg& w
| I-Channel s',.j it ﬂnpm
i mEV -
L 1 s | ¥
:‘l:;l....l Band P
! }N A | F=V(-i ?‘qter ass
'I 0-C hannel fs TN uf;'t""Tt Modulator
B 58:;?,’;’5{,‘,‘."‘ f fﬂml Pulse Shaper
fs pulse s Interpolator kis FiG2a
{" Shaper . T by | 1.0-1.0--
0-—=fFiwi=\G -[ ] _J\l IF-Sample
| 5 ! ' Sequence with
I . T ] ’A ll's
i 01,0,
Modulator FIG2b Demodulator

Ja_ 1 R L

Yrl-®7 ] m‘_ﬂm Ol
Interpo'latorJ _L:';;TETT glllll:;er

l m 'Comersim' L 1]

Sign b 1 ¢
S%:];:r ngr“r| I Cinterpolator

BNSDOCID: <US.  4817E37A1 | >



= | lvIEEZlEr  8N> QIDOGENE

FIG 3a | iFglw)l

"——Perlodlclty Interval ———=

saNVacs

wy

FIG3b ' flsnn,nlw!l

Periodicity Interval

TBA‘ \ToB 0

JdB Oblique Po;',ition

9861 ‘v1 ¥O JUANeRd ‘SN

CJo TRys

LESLIOY



4,617,537

1

METHOD FOR DIGITAL QUADRATURE
AMPFLITUDE MODULATION

BACKGROUND OF THE INVENTION 5

1. Field of the Invention

The present invention relates 10 a method of digital
quadrature amplitude modulation using spectrum-shap-
ing digital filters wherein sampling sequences consisting
of two carrier oscillations residing at 90° relative to one 10
anather are available.

2. Decription of the Prior Art

In terms of basic concept, methods for qQuadrature
smplitude modulation (QAM) have been disclosed in
the publicstion NTG Fachberichte (1980), pp. 81-85. 19
Digital, spectrum-covering low-pass filters are also
employed in this reference. The digital/analog conver-
sion subsequently occurs and the quadrature amplitude
madulation occurs on an analog basis. This also applies,
scalogously, to the receiving path

It should be further taken inio consideraticn tha:
circuits that meet the so-called Nyquist condition are
required for the resolution of a number of telecommuni-
cations transmission problems. This condition s defined
per se in that appenaining circuits ane required when, 23
for example, it is a matter of tramamitting pulses, with-
out intersymbol noise (i.e. pulses without crossialk) or,
respectively, of converting video ﬁ'eqnmcy bands,
whereby the frequency zero and a sidebamd
must also be trangmitted. Possibilities for the synthesis 30
of Nyquist filters are specified for processing analog
aignals, for example, in the periodical “Frequenz™, 1973,
Val, 22, pp. 2-6. In terms of bazic these circuits
amount to the fact that realiring so-called strict diplex-
ers wherein filters having a so-called self-reciprocal 35
charseteristic function are employed. In the meantime,
so-called digital technology is also employed in tele-
communicstions transmipgion systems and, therelore,
the problem slso arises of creating sclection devices
therefore. Le. circuits and networks for which the term 40
digital filters has become standard. Pomibilities for the
realization of such digital filters, for example, are set
forth in mther general terms in the book by Temes and
Mitra, entitled “Modern Filter Theory and Design”,
Jolm Wiley & Sons, 1973, particolarly on Pages 45
505-557. So-called wave digital filters comprise a spe-
cial species of these filters. Such civcuits are disclosed,
for example, in the German Letters Par. No. 2,027,303
o1, mespectively, in the periodical “AEU”, Vol 25
(1971), pp. 79-89. Wave digital fliters have the advan- 50
tage that analog reference filters can be directly digi-
tally simulated.

As slresdy mentioned above, the quadrature ampli-
tude modulation in the initially-mentioned article (NTG
Fachberichte, pp, 81-88) is carried out on an analog 35
beris.

SUMMARY OF THE INVENTION

The object of the present invention is to provide
specific pomibilities with which all further method steps 60
nnbedmnﬂyumumdupmlhemofwmm
verting digital fileers.

Given methods of the type mentioned sbove, this
object is achieved, according to the present investion,
in such a rystem which is characterized in that the fre- 65
queacy of two carrier oscillstions which are at 90° rela-
tive to one another is one-fourth of the sampling fre-
quency and their phase positions relative to the sam-
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2
pling times is selected such that every second ssmple of
both carrier oscillations is alternately zero in such a
manner that respectively one of the two carrier oscilla-
tions is zero at every clock time.

BRIEF DESCRIPTION OF THE DRAWINGS

Other objects, features and advantages of the imven-
tion, its organization, construction and operation will be
best understood from the following detailed descrip-
gon, taken in conjunction with the accompanying
drawings, on which:

FIG. 1 is 8 schematic representation of s known sys-
tem which is provided for a better understanding of the
present invention;

FIG. 1a is a schematic representation of s QAM mod-
ulator, having a pulse shaper, for carrying out the pres-
ot invention:

F1G. 2b is a schematic representation of s QAM mod-
vistor snd demodulator in which an interpolstor or,

0 respectively, a decimator are combined;

FIQ. 3 iz a graphic illustration of wave forms with
respect to frequency o, wherein further;

FI1G. 3a illustrates the bascband spectrum following
the pulse shaper;

F1G. 3b illustrates the bascband spectrum following
an interpolation filter; and

FIG. 3¢ illustrates the intermediate frequency spec-
tuum (IF spectrum) following a multiplier and the fun-
damental attenuation curve of an IF after-filter for the
correction of the sinx/x distortion of the digital/analog
converter and for the suppression of the periodic con-
tinuation of the spectrum.

DESCRIPTION OF THE PREFERRED
EMBODIMENTS

Referring to FIG. 1, a bit frequency fais impmt into 8
serial/paralic]l converter 1. A pair of channels I and Q
are geoerated in which respective stages 1-N are indi-
cated. The digital/analog converters 2 and 2, respec-
tively, fallow in the chennel I and in the channel Q and
the so-called symbol frequency {5 can be subsequently
seen, whereby the relationship fgm{p/2N bolds true and
2a-level signals are present in the channe] | and in the
channet Q. Identical circuits for the Nyquist pulse shap-
ing follow, these being provided with reference charac-
ters 3 and 3', respectively, and having the transfer func-
tmnFnﬂG_Themvxequﬂlmllnd"fdbwn
that hold distortions of the digital/analog converter can
be intercepted. The Nyquist pulse shaping occurs at
30% of the pulsc in the modulator and these modulators
sre referenced 5 in the channel I and 5 in the channel Q
sad the 90° phase shift of these two channels is achieved
by way of multiplication factors cos wnrT or, respec-
by way of multiplication factors cos er-T or, respective-
Iy, sin wr-T. The quadratore modulators 5 and §' are
therefore multipliers and the channels I and Q ure
recombined iz an adder 6 and supplied to a following
intermediate frequency bandpass filter 7. This [F band-
pass filter then filters out undesired modulation prod-
ucts. Given a resolation of N bits, the digital/analog
converters 2 and 7', respectively, must have s consider-
ably-higher accuracy, in particular M =N +4-(4...6) bits,
whereby M signifies the accoracy. The conversion rate
is thereby equal to the sample frequency .

Given the traditional quadrature modulator baving
pulse shaping according to FIG. 1, the serial bit stream
s first converted into two mulli-level symbol streams in
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a serial/paralie]l convener 1 and is subsequently digita)-
/amalog converted (2.2°). Given a 16 QAM method. the
resolution of these digital/analog converiers amounis,
for example. to 2 bits in each quadrature channel. The
accuracy of these converters, however, must be consid-
ernbly higher than the resolution (estimated at about 4 .
.. 6 bis, i.e. higher by the factor 16.. . 64). The follow-
ing genenally applics.

A 28 QAM method is based on 2M-level signals in
the guadmture channels 1,2 and on an N-bit resolution
and an M=(N-+(4 . . . §)) bit accuracy of the digital-
/enalog converter. The pulse shaping at the transmit-
ting side subsequenily occurs, this together with the
pulse shaping to be identically provided at the receiving
side (demodulator), meeting the Nyquint condition type
1 and the intersymbol noise thus disappearing. This
identical division to modulator and demodulator is opti-
wum in view of the adjacent-channel influence. Fur-
thermaore, & sin x/x equalization 4, 4' is co-incorparated
into the pulse shaper at the transmitting side in order 10
cqualize the hald distortions of the digital/ansiog con-

verjers.

The following requirement is made of the carrier
frequency e at the following modulation (multiplica-
tion 5,57):

wredufri(l+ DA/, fr=Un

where { is the known roll-off factor and f;is the Nyquist
frequency of the pulse shaper.

In the trepsition to a digital concept, it is necessary
for rensons of realizability that the intermediate fre-
quency (IF) carrier be selected as low as possible upon
comsideration of equation (1).

The IF selection (bandpass filier 7) occurs afier the
combination of the two quadrature channels I and Q in
order to suppress undesired, higher modulation prod-
ucts and interference lines.

The demodulstor proceeds directly from the modula-
tor by way of reversing the direction of signal flow. The
sin a/x equalizer in the pulse shaper is then omitted.
Added thereto is the carrier reacquisition and the clock
reacquisition that are of importance m the coherent
demodulation and in the regeneration of the characters.
No fixed relationship between carrier and clock is usu-
ally provided given the conventional principle of con-
struction.

Here, also, there is a significant difference in the tran-
sition of the digital design. The sampling frequency at

n

the input of the modulator (multiplier) must be a whole 50

multiple of both the character frequency fs and of the
carrier frequency 7.

Ja=Kr/g=KpfrKy Kyl

Only the case of bandband pulse shaping has been con-
sidered, since it leads to the lowest operating speed
given s digital solution.

FIGS. 22 snd 2b include circuit elements thei have
already been expliined with refereace to FIQ. 1. The
channels Q and 1 may again be seen, along with a so-
called interpolating pulse shaper 32 or ¥¢ which i
followed in F1Q. 1a by an interpolator having the trans-
fer function H(w). These interpolators are indicated
with the reference characiers 8 and 8’ and are illustrated
a5 delany elements T followed by swiiches. A multiplier
9 is connected to the interpolator 8 in the channel Q and
s multiplier 9" is connected by way of a respective
switch to the interpolator 8’ in the channel I. The inter-

@
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45

b3

4
polator 9 muliiplies the signal sequence by the numeri-
cal sequence 1,0, - 1.0, ... when the muhtiplier % in the
channel 1 multiplies the signal sequence by the numeri-
cal sequence 0, 1, 0, —1.

The symbol frequency fs or, respectively, 2fs or,
respectively. 4fs is also identified in FIG. 2a with bro-
ken linex. i.e. at those locstions at which the interpols-
tion takes effect.

Interpolator and decimator are combined in FIG. 2b
and the arrangement is indicated for the modulator and
demodulator sides. As likewise symbolically illustraled,
the reference characters 11 and 11°, respectively, indi-
cate digital circuits that carry a reversal of operational
sign. A likewise indicated by broken lines, the digital-
/anslog and, respectively, analog/digitsl conversions

undertaken

and other conversions can be between the
modulator and the demodulator.
The bascband afier the pulse shaper is

shown in FIG. 32 as a function of the frequency o, a5 is
tlleth;:blndlpeumm:ﬂﬂ'theinlﬂ'pohﬁmfdurin
FIG.

The periodicity intervals are likewise indicated and
forther designations shall be explained below. The IF
spectrum after the multiplier is illustrated in FIG. 3¢, a8
is a basic attennation curve of an IF subsequent filter for
the correction of the sin x/x distortion of the digital-
/smalog converter and for the suppression of the peri-
odic continuation of the spectrum.

It is advantageous when the spectrum-shaping filters
preceding the moduolators 9, 9 are interpolating or,
respectively, decimating bridge wave digita! filtery ful-
filling the Nyquist condition that simultaneously exe-
cute the reversal of the operational sign of every second
sarople. Such bridge wave digital filters are disclosed in

s copending application Ser. No. 395,400, filed Mar. 30,

1984

For the purpose of a furthery, general explanation of
FIGS. 1a and 2b or, respectively, FIG. 3, the following
should also be noted in comparison to FIG. 1.

Basic significance is accorded to the selection of the
constants Ky and K1 according to equation (2) upon
consideration of equation (1). In addition, it is advants-
geous when the samples of the sinusoids] carty oscilla-
tion only sssume the values + 1, Oand —1. This is the
casc when the constant K; assumes the values

Kym2 ), doré

Of these four posibilities, K2=4 is an excellent value,
carrier oscillations

o en’: 10,-1010-1,...
tic wmT:010-1410,...

with T=1/1, {4=4T
and exhibits only-a sampling valee differing from zero
(+4-or—) at every sampling time and the combination of
the 1wo quadrature channels I snd Q therefore becomes
particularly simple. This means that the quadrature
mduhmnumpluhedbywayofmpl:.dw
ing bl-.nkm; of every second mple and ﬂlron;h-em
nection or, respectively, inversion of the remnining
values in the quadratare channels, and the combination
is accomplished by way of interleaving the two sam-
pling sequences.

In order to observe equation (1) for all {90,1]
it suffices 1o select

_iou

- @T
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i.e. Ki=K2=4 and equation (2) is likewise fulfilled.

For example, sampling sequences having [;=4fs
must be supplied to the modulators (multipliers). This 3
means that the pulse-shaping filters must interpolate, i.e.
must increate the sampling rate by the factor 4. This
interpolation should advantageously be executed in two
stages by, respectively, the factor 2. In the following,
the spectrum or, respectively, pulse shaping is thereby 10
completely shifted into the first part of the sampling rate
incresse (or, respectively, reduction, ie. decimation in
the demodulator).

The second pant of the sampling rate change there-
fore relates to a sequence whose spectrum has already
experienced a 50% Nyquist shaping and should accom-
plish the sampling rate 4 {5 required for the modulation
with the least expense possible. As shown below, this
can be executed in a particularly efficient fashion withs o
type of vestigial sideband madulation for both quadrs-
ture channeis.

According to F1G. 2a. an interpolation filter 8, ¥
having the tranafer fanction

Ma)m | +e—rTm h-ﬁ'{- eu--;- o

is employed. Then, deriving for the baseband spectrum
at the multiplier input in the channel 1, as a consequence 30
of a symbol is

Sappe) = 22 con B Ffu) “
kL)

The corresponding case applies 1o the channel Q.
Deriving for the IF spectra before the combination is

Szefu) = 4~ (Sape — =) + Samie + w) ? w

Szrgie) = 3= (Sargle — mp) — Sergie + W)

. Using the periodicity of F,g (), equation (4) s in- **
serted in equation (5) and produces

FipleymFiole-+ 1nm,), mZ &
For the IF spectra L
Szrpm Fiu—w) 0]

)]
)
(4]
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Szm-jl"”"mrrmu--ﬂ.
and the following applies

Szpw)wSzriu)+Szrgle)e = Flu—wg)
iA=Ly cgy). ™

The result shows that the IF spectrum arises by way
of simple shifting of the spectrum at the pulse shaped
ountput (and potential phase rotation) and that the inter-
polation filter causes no distortions, even though it has
a cosine-shaped frequency response. This is 10 be attrib-
uted to a type of vestigial sideband modulation as illus-
trated in FIG. 3 with reference to the spectra

FIQ. 3c mdditionally shows the fimdamental fre-
quency response of a time-continuous snalog IF filter
that equoslizes the sin x/x distortions of the digital-
/analog converter in its pass band and suppresaes the
periodic continvation of the spectrum in its stop band.
The sin x/z compensation couki poteatially be under-
taken in the digital part as well.
by full amslogy to the demodulator, including the
decimator.

Although | have described my invention by reference
10 particular illustrative embodiments thereof, many
changes and modifications of the invention may become
spparent to those skilled in the art without departing
from the spirit and scope of the invention. 1 therefore
intend to include within the patent warranted hereon all
such changes and modifications as may ressonably and
properly be included within the scope of my contribu-
tioa to the art.

1 claim:

1. A method for clocked digital amplitude moduls-
tion, wherein sigoa! mmpling sequences are availsble
from two carrier oscillations which are at 90° phase
potitions relative 1o one another and at a predetermined
sampling frequency, comprising the steps of:

praducing the carrier oscillations at one-fourth of the

predetermined sampling frequency;

setting the phase positions relative to the sampling

times such that every second sample of both carrier
oscillations is alicrnately zero so that respectively
one of the two carrier ascillations is zero at every
clock time;

reversing the operational sign of every second sample

to provide two sampling sequences at half the aam-
pling frequency; and

interieaving the two sampling sequences to provide

quadrature amplitude modulation offset by one
sampling.
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571 ABSTRACT

A sampling method. denoted continuously variable IF am-
pling (CVIFS), implemented in digital transmission snd
reception components is characterized by sampling a band-
pass sigaal which is ceatered at an Incamediaic frequency
{1y that is related to both the data tansmission symbal rate
{R,) md sampie rate (NR,) by intcger ratios. Morcover, the
CVIFS method it characterized in that the sample rate NR,
is constrainod to be four times the IFf cester frequency, and
both the sanpie mate NR, aad the IF conter frequeacy e
constrained to be within a range of a factar of 1.5 of their
maximum valiies. To maintain this high sample rate as the
data symbal mie is lowered. a “gear shifting™ technique is
utilized wherebyy the integer sumbear of samples-per-symbol,
N. iz increased as the symbol rate decreases. Mareover, the
sampie raie NR, ks slways between 3.0 to 4.5 times the
maximumm data symbol rate (R..). and the IF cenler
frequency is always between V4 w 98 thmes (R )
irrespective of the acmal data rate R,.

6 Claims, 8 Drawing Sheets
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CONTINUOUSLY VARIABLE IF SAMPLING
METHOD FOR DIGITAL DATA
TRANSMISSION

BACKGROUND OF THE INVENTION

1. Field of the Invention

The present invention relates generally to modulation and
d:mndulmofdnllﬁnnrhblemlnfanlﬂnnm
mission systems. Mare specifically. the present menm

ylﬂungmmmunmdmmmA
general demodulation mrocess includes several steps. The
recelver may recelve. at its anienna. an infarmation signal

There are fu

the minimum integer-multiple basehand sempie rate that can
be used in each parallel 1 and Q channel is 2R, or two
mmples-per-symbod (e/s).

Wih IF sampling. the bandpass signal is sampled directly.
0 anly a siagle IVA or A/D converter and attendant band-
puss filter are needed, gs {llustrated in FIGS. 2A and 2B. The
digital IF samples are typically transisted to baschand for
Mnklﬂwﬂmmuqdﬁmh
the digital domain so there is no cmier frequeacy phase
imbalance, hence, no IAQ crosstalk. For example. with the IF
centered at R, and sampled st 4 o/s, the quadranye ransls-
tion can be implemented throngh multiplicstion by cosines
and sines wivose sample values are (+1, 0. ~1. 0) and (0, +1.
0. =I). respectively. Furthermore, because of the digital
transistion there arc o DC affscts or amplitude balance
impalmments.

It will be noted that the systexn must be responsive to a
varishle rate signal. Thus, the IF bandwidth maost be broad
encugh to process the highest expected data rate. although at
any point in tire the receiver may be detecting a lower rate
and thus & narrower hand signal.

hmﬂhlhohmgnwdm:ﬁemmﬁmma

2

D/A’s and A/D's must typically be higher than the 2R,
sampling rat: required a2 baseband to avoid alissing of the
IF spectnm. It most be apprecisted that ln baschand
sampling, the partllc] sample mte of the [ and Q
channels is actually $R,. Thus, the only major dissdvantage
with IF sampling is that the D/A asd A/D converters must
run faster.

US. Pat. No. 5.130.802 reiates to a television receiving
section, and discloses 2 mapner of haldiag the IF to an
integral muitiple of the sample clock frequency of the A/D
converter (o thereby avold unwanted sigual folding or
aliasing. wheseln the intermediate frequency and the sample
clock frequeacy are fixed depending on bouadary condi-
tions-

U.S. PaL No. 4.859.960 discloses 2 method of demodu-
Inting & signal including a high frequency cmmier sigmal
having at least ope parumeter modulated by a low frequency
modulating signal. The method includes translating the
signal © a low inermediste frequency and digitizing the
transisted intermediate freguency signal at & conespond-
ingly Jow sampling rate. On the other band, U.S. Pat. No.
4.896.336 achieves symbaol synchronization independent of
the carvier phase or frequency.

SUMMARY OF THB INVENTION

The principal purpose of the present inveotion {s to
provide a simple and cfficicnt mesps of pexforming ioter-
mediate frequency (IF) smmpling in modulators and
demodulntons for digial data tamamisslon over a broad
wdmmmmmmwdu
invention, the effective range is limited anly by the resolu-
tion and speed of the VA and A/D convertess,

An object of the of the presest invention is to provide a
digital transmission and reception system accommodating
vagisble symbol rates wherein oaly a ainglde low pass filter
having a fixed bandwidth can be used at each cod of the
tranemisxion path. According to one aspect of the Invention,
anly » single analog low pass fixed bandwidth repileaticn-
removal filter is provided in the transmission signal peth of
the transmitter. According to another aspect of the invention,
only a single anplog Jow pass fixed bandwidth mnti-alinsing
fliter is provided i the recelver.

These and other objects, features and advantages accord-
img to the present investion are provided by a sampling
method, denoted coptinuously variahie IF sampling
(CVIFS). implemented in digital transmission and reception
composenis. Advastagoously, the method can be imple-
mented to achieve these objoctives without any hardware
changes. Le., the sampling mic of operation is established
simpily by programming the associated digital hardware. The
use of the CVIFS method allows sampling of a bandpass
signal which is centered at an intcrmediate frequency 1, that
is related to both the data transmission symbol rate (R,) and
sample mato (NR,) by imtcger satios. In this manner, the
implementationally cumbersome problem of sample intes-
polation is svolded.

These and ather objects, festires and advantapes sccord-
ing to the present investion are provided by a CVIFS method
characterized in thet the sumpie rate NR, Is cosstrainaed to be
four times tha IF center frequency, and both the sample mate
NR, and the IF conter frequency arc constrained to be within
a range of a factor of 1.5 of thelr maximam values. To
maintain this high sample rate as the data symbal raie Iy
lowered, a “geay shifting” technique Is utilized whereby the
Integer numbey of samples-per-symbol. N. is roughly pro-

susocinied with IF sampling is that the ssmpie mic at the  portionally increased. Moreover. the mmple mte NR, iv

BNSDOCIDr <LiS  G80E708A1 | >
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slways borween 1.0 to 4.5 times the maximum data symbol
rate (R}, and the IF center frequency is always between
/4 w %8 umes (R,..). irespective of the actual data rate

These and other objeets. features and advantages of the
invention wre disclosed in ar apparemt from the fallowing
deseription of preferred embodiments.

BRIEF DESCRIPTION OF THE DRAWINGS

‘The preferred embodiments are described with reference
o the drawings in which like clements are denoted by like
o similar sumbers and in which:

FIGS. 1A and 1B are high-level block diagrams of a
bascband sampled modolator and baseband sampled
demodulator, respectively, nsing conventionsl tranarmirters
and rocelvers;

FIGS. 2A and 2B are high-level block diagrams of inter-
meodiate frequency (IF) sampled modulator and demodulator
systeras for respective transmitter and receiver compaoncnis;

FIGS. 3A through 3F are illusirative waveforms which are
uscful in explaining the operation of continuously variable
IF sampling in a transmitter accarding to the present inven-
tion;

FIG. 4 is a high-leve] block diagram of 2 continuous
varishle IF sampling modulator far a trapsmnitter according
to the presest invention:

FIGS. SA through 5F are lllustrative waveforms which oe
useful in understanding the operation of a receiver Imple-
menting continnously variable information IF sampling
according 1o the present invention: and

FIG. 6 is a high-level block diagram of a continnous
varisble IF sampling demodulator ased in a recciver accard-
ing to the prescat invention,

DESCRIPTION OF THE PREFERRED
EMBODIMENTS

When & single-rate. fixed bandwidth spalog signal is tobe
JF sampled and processed digitally, sumerous well-known
techaiques could be spplied. which techniques do pot
address the mare gescral probiem of digitally processing a
continmously vazishie rate sigoal in an efficient manner. For
caample, as described above, a hardware cfficlent IF sam-
pling technique for processing a fixed rate sigmal iy to set the
IF frequency equal 1o the data symbol rate and sample at
four samples per symbol. or eqoivaleatly four times the IF
carrier frequency. This technique greatly simplifics the sub-
sequent processing, as conversion of the samples from IF 1o

by

pling rate can immediately be decimated by s factor-of-two
in both the cosine and sine quadrature channels. However,
when the data raie is varishle over & relatively broad range,
the IF frequeacy will change. and the analog filters required
on the transmit side for sample dock replication removal
(RR) as well ay the yeceive side for anti-aliasing (AA) must
be modlfied. ¢.g.. scaled. It will be apprecisted that single
fixed bandwidth RR and AA filiers e desirable.

The digital processing required for data transmission on
both the ranamit apd recejves sides can be
geatly simplified when an integer number of /s is used,
wh:md&:mmﬂumﬂ:neuﬂnmtwlﬂl
the daia detection and transition points. With mon-integer
numbers of /s, interpolating filrers are needed to comvert 1o
inmteger /5. Mareover. not only are these fillers very hard-
ware intensive but they also substagtially increase the com-
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plexity of the sample processing. As discussed above, pro-
cessing can be further simplified if the data sample rate is
foar times the IF center frequency. which is advaptageously
an integer ratio multiple of the data symbel rate, It will be
appreciated that an integer relationship between the dam
symbol rate, sample e, and the IF center frequency is
desirsble,

The CVIFS technique avoids all of the disadvantages
associsted with previous baseband and IF sampling methods
with the single exception of increasing the maximum rate at
which the D/A and A/D converters must operate. A better
understanding of the CVIFS technique can be had by
cxamining the maximum and miaimum symbol rate
extremes & different nnmbers of samples-per-symbol. N. far
buﬂlﬂmmhl.llu'lnddﬂmdulln thereby demonstrating
contaucusly variable rate . Preferahly. there will
dwny:bemmlewvnlnadeiﬂﬁnendmﬂvedR,.
that is, N={4.6): (8.12); (16.24): . . .; for cetaves 1.2.3. .
quueofmﬂhadnmdk,wﬂl
hereafter be referred to ss “gear shifting”. A baseband
sampling version of this gear shifilng scheme was discussed
in a paper by the instant inventor eatitied “Programmabie
Digitaf Modem™. prescated at the NASA Space Communi-
cations Technology in November, 1991. which is incarpo-
rated herein for all purposes.

A conceptual diagram of the desired modulated signal
spectral range is given in FIGS. 3A and 3B. As shown in
these fipures, R, bas been set to 10 Msymbol/s for the
purpose of illustration. k will be apprecistod that a fixed RR
low pass filter outline is situated between —20 and 420 MHz.
Prederably. this fiker bas a ided bandwidth of 1.6
R_.... and a 30 dB shape factor of 1.25: The sin(x)/(x) rolloff
envelope of the DVA convater is also indicated by the
dashed lines in FIGS. 3A and 3B. Advastageously. all of the
frames reflect modulated bandwidth spectral occupancies of
1.4 R,, although it should be noted that thiy is not a
restriction. The subject IF sampling scheme should perform
well over the entire range of Nyquist fitered mpectral
occupancics. R, to 2R,

FIG. 3A comresponds to the desired IF cutput when the
sample rate. NR . is 4R, __, and the IF center frequency, £y
is R, As will soos become spparent, the ratio of these
two quantities will alwzys be 4. h will be apprecisted that
the main spectral lobe of the minimum symbol rate is easily
contained within the RR filter's bandwidth, and the repli-
cated spectra centered at integer multiples of the sample
clock are readily attesusted. The minimumm symbal rate to be
used with 4 o5 is 7.5Msymbols/s as shown in FIG 3B.
Again, it will be apprecisted that the IF center froquency has
alid down and the RR filter is just able to reject the first
replicated lobe. These exemplary cases rcpresent the
exiremes of operation at N=4 g/s.

For the range of 5.0<R,<7.SMsymbols/s, N Is sct equal to
6 o/s. as shown with respect to FIGS. 3C and 3D, whereia
operation al the extremes of this range are depicied. It shonld
be apprecisted from inspection of these figures that RR
filtering becomes progessively less critical in texms of
passing the main lobe and rejocting the replications as R, is
continually lowered. Moreover, the IF center frequescy and
sample rate advantageously are equal to NR, /4 and NR, for
all rates of operation. Preferably, these values are always
bounded by (1.I25 R &f,»>0.75 R_...) and (45
Roea&NR53.0 R,..), respectively.

The relationships between N, R,, fir, and NR, are Qlus-
trated in Table 1, below, far R,,,~10Msymbol/s. While
only 3 octaves of R, mc listed in Table 1. the pattern for
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subsequent octaves is casily extrapolated from the informa-
tion provided.

TABLE 1

Mokders Gear Shifion . = 10 Mavmbol

Symbol Rate IFCones Frog  Sempls Raw
(Msymbuisty) Qi) (hiaplass)

10 BRg>75 10Efp>7S AENR>N
ISE R;> 50 NBEfp>7S 45E NR,>30
J0E Rg>»2175 10X >TSS DENR, >N
ITBER>25 NS L>7S HENR,>
LIER>I1SN WEp>73 4LOENR >
ISTSER> 1 UNBEL>TS SENR>

From Table 1 it can be scco that in order not to restrict the
maximum sample processing rate, the IF frequency must
remain relatively low. Conscquestly. a second frequency
transiation will typlcally be neaded. However. the lower the
IF center frequency. the more difficult it is to separate the
image band resulting from the second mixing process,

The advantage of keeping the IF frequency In a bounded
mange in the upper mgion of the RR filter's pass band
becomes readily apparent by inspecting FIGS. 38 and 3F |k
is clear from these Sigure that both the image and the local
oscilistar (LO) feodiiwough can easily be sepamaied with a
bandpass filter at the worst case extremes of operation
shown, provided that the filter characteristic is sufficiently
narow. In an exemplary case, the ratio of ssop band band-
width to center frequency In s practical crystal filkker can be
a3 Jow as 0.2% =t ceater frequancies from 10 kHz to 100
MEBx. Advantageoosly. the maxizunn symbol tate can be &
small a5 the RF cenkey frequency divided by 5x107 (fpe=l0
MHz, R =20 KHz).

FIG. 4 is a high level biock diagram of an cxemplery
digital data trammission modulstor 108 implenentstion
with IF sampling accanding to the CVIFS technique acoord-
ing to the preseat invention. Modularor 100 advantageously
includes a0 intcger-multiple sample rute cdock syathesizer
162. connected to both a baschand spectra shaping Jookmp
tahle 184 and normalAnverting circuits 106, 168, the cutputs
of which are provided to digital-to-analog (DVA) convester
112 via multiplexer 118. Advantagecusly, the ootput of VA
convesier 112 is provided to RR Jowpass filter 114

I will be apprecisted that ap integer multiple sanpic rate
clock must be synthexized from the incoming dats clock
Moreover. In ordex o gooerste arhitrary bandpasy signal
spectra, two quadvature baschapd modulating channels are
peccssary, designated I and Q. For simplicity. the incoming
data is mapped into equivalapt I and Q bascband samples.
The baseband samples are transkated up to the IF frequency
by multiplication with cosine snd sine sampies x the IF
frequency. Bocauise the sample mie is always 4 £, the
cozine and sine sumples are (+1, 0, ~1. 0) and (0. +1. 0. -1
p3 jvcdly. Hence, the I and Q channcls need only be
sampied at haif the TF sample rate for all possihle deta rates
of opcaation. The +1 mubiplication can be realized with
dmpic parmalfiavert gating circuits 1006, 148 with cne's
complement or sigm and magnitude arithmetic.
Advantageonaly. because of the staggered muitiplicstion by
2e10, the modulated suruples can simply be makiplexed
together into a single IF stream, maing multiplexer 110,
mther than being surmned. The IVA converter 112 converts
the samples into the analog domain and imperts a sin(x)Ax)
envelope on their spectra due to iis Inberent sample-and-
hold cifect. Fimally. a single replication-removal low pass
filier 113 advanmgeously can be used to eliminate spectral

BNSDOCID <US  5804700A1 | »
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replications at multiples of the sample dock frequency. thos
and the resulting IF output is centered at NR A,

A conceptual diagram of the demodulated signal specta
is shown in FIGS. SA-SF. From inspection of these figures.
as well as FIG. & & will be appreciaied that the sample-
and-hold (S&H) apertare in the receive A/D 204, which is
described in grester detail below. advantageously can be
typically nsrrow encugh that its sin(x)Ax) rolioff effects can
be ignored. it will also be apprecinted that the sample clock
replicsted spectra are not significantly sitepuated. The AA
filter 282 has the same bandwidth and shape factor s the RR
filter 114 used on the moduiator 100, However, its stop band
stteoustion preferably is increased to about 40 dB. as the
sample and hold cffect doesn't provide much residual
altennstion.

k will be appreciated that the image problem depicted in
FIG. 5A {s subgtantially identical %0 FIG. 3B regarding
modolator 108 snd that the same image reject filter could be
used. Morcover, It should be noted that all of the pertinent
sampling parameters (N, R,. NR,. and f) scale in exactly
the samc way for demodulator 208 as they did for modalstor
100, For example. the axmple rate is always four times the
IF cester frequency. the sample rate and IP frequency are
constrained to be within a ramge of 1.5. and each octave of
operatina is broken up into two regions with different jsteger
oumbers of o/s. An sdditiona] advaniage which can be
attrdbuted to the CVEFS technique is the commouality of the
transmit and recelver IF frequencies, their image, RR. snd
AA filters, thelr maximum sample mies. as well as their
sampic rate gear shifting,

‘The high level block diagram for demodulstor 200 in FIG.
& has mwch of the same functionality as that of modulator
100, albelt in reverse order. In addition. however, the
demodulator data must be filtered and detected; the incom-
ing signal's amplitude, carder and symbol timing phssc
must be recavered and tracked.

Advantageonsly, tehmgaulqd.nlwlllhem—
teved at an IF frequescy of NR M and, in an
wmuumw-wpmmmnm
by an A/D converter 304, which Is ssopled st NR,. It will
be sppreciated that the sampic mie is desmitiplexed into I
and Q channels by demultipicxer 206 and decimated by a
factor-of-two prior to bascband translation. Because of the
+1 multiplication, only simple normal/invert gating circuliry
208. 216 s required. With the samples now 2t baseband. the
CVIFS technigue can be used in conjmaction with US. Pat.
Nos. 3052027 and 5.216.656. which patents wrc ipoorpo-
rated herein by refarence for all purposes, which disclose a
pre-averaging technique used to reduce the sample mte for
subsequent processing to 1 8/s.

In general. carrier frequency transistion in the tramsmis-
sion link will result in an IF frequency offuet, thereby
causing a beat note in the I and Q chenncls. The beat note
is caslly ramoved with a cayier phase rotator 316, which
perfarma a 22 matrhx multiplicstion of the baseband 1 and
Q channcls with cosines snd sines of the camrler phase
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It will ba sppreciated that the ahove described modulator
and desnodulstor can be provided by an IF sampling mecha-
aitm accommodating a continnously variahle rate operation
by software changes; thus the preferred embodiments of the
modulstor and demodulator can be obtained without any
hardware changes. Mareover, itunnbemwdlhuthe
gear shifting permits maximuam image squrninn of the
modulstor and demodulator carrler IF . which
Mmlmmmmeemﬂmydﬁemnho-
tion filtex. Additionally, the use of gear shifting permits
maintesance of the sampie rate at a factor of four times the
IF froquency over the eatire mnge of symbol rates to be
processed.

Other modifications and varistions to the invention will be
sppmrent to those skilled In the art from the foregoing

In an exempiary case repwesenting yet another embodi-
mest of the CVIFS techaique. the overall szmple rate would
be doubled., ie.. sarppling at 8 #/s for the highest symabal rate
dmﬁﬂcanuiuﬂ:ll’ﬂeqwum,
Advantageously, this has the effect of permilting easier
image rejection. albeit st the cxpense of reducing the maxd-
mum raic of operstion by balf,

I will be spprecisted that RR and AA filers 114 and 202,
respectively, with clightly different characteristics can
advaptageously be used, e.g., the filters could be aliernating
current (AC) coupled which, ft will be readily noted. would
render the RR and AA filters bandpass filters.

Advantageously, the CVIFS approach permits an
extremely broad data rate range of operation using sample
apslog RR and AA filtering without additional costly or
complex hardware changes, permits elimination of the inter-
polating filters oftcn associated with other systems. while
climinsting quadmature armplitude and phase balance as well
& the DC affsct adjustments commonly associated with
IF-t0-bascbaad conversioa in apalog front-ands with base-
band sampling. Additionally. oaly a single D/A and A/D
converter and analog filter are required on the tranamit and
receive sides. respectively.

& will also be sppreciated that regandicss of the dats rate
of operstion. the conversion between the bascband and IF
samples is always carried out at the same 4 samples-por-TF
cariey cycle. which advantageonsly can be

¥ continnously sampling the intermediate

8
hetein, it will be spparent that numerous modifications may
be made thereio withoit departing from the spirit and scope
of the inveation.
What is claimed is:

5 L An intermediate frequency (IF) sampling method for
continuously sampling the intermediate frequency associ-
mted with digital data transmizsion in a communications
channe], said method comprising the steps of:

sampling a signal centered on an imermediste frequency

10 £, whichis relsted to both data transmission rate (Ry)

and sample mtc (NR,;) by an integer ratio; and
varying an integer number N of samples per symbol

isverscly with respect to & change is data symbol rate

while maintaining said sampling rate at Jeast equal to s

1. The intermediate frequeacy (IF) sampling method as
rechted in claim 1. further comprising the steps of constraio-
ing sabd mmple rate NR, to be four times an IF oomter
frequency and constraining both said sample rate NR, and

15 Nyquist rate.

2 said IF center frequency 1o be within a range berween 1.5

times and foor times respective maxingun values of said
szmpie mte NR, and said IF center freqouency.

3. The imcrmediate frequency (IF) sampling method 2
recited in clxim 1. Axther comprising the steps of constrain-

3 {ag aaid sampie rate NR, to be within a range of 3.0 to 4.5

times a mmimum data symbol rate R,y and constraining
Mmmumﬁqmmhdwmhmm
4. An intermedinte frequency (IF) sampling apparatus for
tnqnmcynnu—
ated with digital data trangmission in a commmmications
chauncl, sald apparatus comprising:
means for sampling a signal centered on an intermediate
frequency £, which is related to both daia transmission

¥ rate ®,) and sample e (NR,) by an integer ratio; and

mesns for varylsg an imleger number N of samples per
symbol inversely with respect o a chamge is dats
fynbol raic while maintsining said samplisg rate af
least equal to & Nyquist rate.

means for constraining said sammple rate NI, to be four
times im TP center frequency; and

wsing simple and obust normalfisvert and mmitiplexing 45  means for constraining both said sampie rate NR, and

circuitry or software equivalents. Preferably. the sample rate
is also decimated by a factor-of -two immediately prior 1o the
IVA and itnmedistely sfter the A/D conversion for all of the
mbsoquent processing. Using the CVIFS technique, lhe
ﬁdbmuhduﬁudhndudim.ehndnmﬁn-
tained as far apmxt a8 postible. The CVIFS techalque also
permits the spectral occupancy of the IF sampled aignal to
be spresd over the entire Nyquist band. R, 10 2R,

Other modifications and varistions to the invention will be
spparent to those skilled in the art from the foregoing
disclosure and teachings. Thus, while only certain embodi-
ments of the invention have been specifically dascribed

said IF center frequency 1o be within a range between

1.5 times and four times respective maximun values of

said samplc ratc NR; and said IF center frequency.
6. The intexmodiate frequency (IF) sampling appacatus as

- 3o recited in claim 4, farther comprising:

means for constraining sald ssmple mtc NR; (o be within
amnge af 3.0 t0 4.5 times a maximum data symbol rate
Reuacays and

mecans for constraining both sald IF center frequency to be

L] alwzys be between 3/4 and 9/8 times said maxirmaom

data symbol oate Ryur-

24
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(57) Abstract

An encoder-modularor (12, 13, 15) for coupling a digital baseband television signal o a VSB dipital television receiver (24) that
includes filters (26), equalization circuitry (30) and forward error comrection clrcuitry (31) for comecting signal impairments that are below a
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VSB ENCODER AND RF MODULATOR FOR DIGITAL TELEVISION RECEIVER

Background of the Invention and Prior Art

This invention relates generally to digital VSB (vestigial side band) television
receivers and specifically to a simple low cost system for coupling a digital VSB
signal from any of a plurality of sources of MPEG (Motion Picture Experts Group)
digital signal 10 a digital VSB television receiver. While the description is directed to
a VSB digital format, it should be understood that the invention in its broader aspects
is not limited to a particular digital format.

The recently adopted Digital Television Standard specifies 8 VSB subsystem
having a terrestrial broadcast mode (§VSB) and a high data rate mode (16 VSB).
There are other VSB modes available, namely 2 VSB, 4 VSB and 8 VSB (non
terrestrial). The 8 VSB terrestrial mode has the data carrying capability of 4 VSB.
(The Trellis coding that is added for the terrestrial environment creates the additional
modulation levels.) The digital data signal is MPEG and Dolby AC-3 processed and
must be subjected to decompression before application to conventional viaeo and
audio circuitry. For terrestrial broadcasting, the data signal is: randomized; subjected
to Reed-Solomon (R/S) type encoding for error correction; interleaved; Trellis
encoded; multiplexed with segment sync and field sync; supplied with a DC pilot;
subject to pre-equalization filtering; modulated; and RF upconverted for transmission.
The digital television receiver includes a tuner and a VSB demodulator for developing
the baseband signal, which is in compressed form. The demodulated signal is applied
to an equalizer for equalizing the received signal. The baseband signat is applied to a
transport demultiplexer which directs the data to an appropriate MPEG decoder and a
Dolby decoder for recovering the video and audio in proper form for application to
video and audio processing circuitry. Digital signals from other sources. such as DVD
(digital video disk) players. VCRs (video cassette recorders). PCs (personal

computers), digital cable boxes, satellite receivers and the like will be supplied to
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digital 1elevision receivers, as is the case for present analog television receivers.

In an analog system, it is well known that coupling the signal from a VCR or
other video source to a baseband input of a television receiver {if one is available)
vields superior results than those achieved by modulating the signal to RF channel 3
or channel 4 and supplving it to the tuner input of the television receiver. This is notL
however, necessarily true in a digital environment in which case the distance between
the baseband signal source and the television receiver must be kept relatively short.

In accordance with the invention, a compressed baseband digital signal is
encoded in a given format for digital transmission and modulated on an RF carmrier for
direct application via a cable network or wireless link to the RF input of a digital
television receiver.- The RF signal, which is at a low power level and has a less-than-
nominal bandpass, takes advantage of the front-end signal processing that is built into
the digital television receiver. Signal impairments, due to the less-than-nominal
bandpass characteristic and noise introduced during transmission, that are below a
given threshold are corrected by the correction circuitry in the digital television
receiver front end. The low signal power, the corrective circuitry for the digital signal
and the benign environment of the communications link, enable components and
circunits of much lower tolerance (and cost) to be used in the encoding and modulating
process. The result is an encoder-modulator that is very low cost and very effective in
coupling a digital baseband signal to a digitsl television receiver over an RF channel,
Objects of the invention

A principal object of the invention is to provide a nove! digital signal
translation system.

Another object of the invention is to provide a digital encoder-modulator for
coupling a baseband digital signal to a VSB digital television receiver.

A further object of the invention is to provide a low cost digital signal coupling
system for a VSB digital television receiver.

Brief Description of the Drawings
These and other objects and advantages of the invention will be apparent upon

reading the following description in conjunction with the drawing, in which:
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FIG 1 is a simplified block diagram of a VSB digital signal encoder—modul;uor
constructed in accordance with the invention:

FIG 2 is a simplified block diagram of another form of a digital signal encoder-
modaulator constructed in accordance with the invention: and

FIG 3 are curves illustrating the bandpass characteristics of the encoder
modulator of the invention.
Description of the Preferred Embodiment

Referring to FIG 1, a source of digital MPEG encoded signal 10 derived from
any of a number of different source types, is shown. For example, the source may
comprise a satellite receiver, a VCR, a DVD, a digital cable box, a PC, eic. The
ontput of source 10 is an' MPEG (and Dolby AC-3) encoded digital signal at baseband
froquency. This baseband signal may be applied directly to a baseband input of a
digital television receiver 24. However, in accordance with the invention, the
baseband signal is applied to an ATSC encoder 12 where the signal is subjected to
interleaving, randomizing, R/S error encoding and Trellis encoding. Fieid and
segment syncs are added, and while not indicated, a pilot is inserted and equalization
filtering is employed. (See ATSC Standard A/53, ATSC Digital Television Standard
for a detailed description of these operations.) The signal is then supplied to a digital
to analog (D/A) converter 14. D/A 14 supplies the analog signal to a pair of
multipliers 13 and 15 that in tum supply signals to a pair of SAW (surface acoustic
wave) filters 16 and 18. Multipliers 13 and 15 are each supplied with a frequency F1i
and F2, respectively for producing two different outputs. The SAW filters are
selectively controlied by a switch 20, with one of the SAWs being used for one
selected channel RF output and the other being used for another selected channel RF
output. The particular RF channel selected is dependent upon the environment in
which the encoder-modulator is used. in particular the availability and type of RF
channels in the receiving area. The SAW filters are relatively low cost devices and are
extensively used in television receivers.

Those skilled in the art will recognize that highly accurate modulators generate

1 and Q signals with the signals being combined to cancel one of the sidebands and
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generate a vestigial sideband signal. Such modulators are quite complex and very

expensive. In one form of the invention. that arrangement is replaced with a multiplier
(13. 15)and a SAW filter (16, 18). The output of the multiplier is a double sideband
suppressed carrier signal. The following SAW filter removes most of one sideband
(preferably, although not necessarily, the lower sideband) to produce a VSB signal and
also approximates the nominal Nyquist slope of the channel bandpass. As a result of
the less than nominal bandpass characteristic, the transmitted signal will be
characterized by a degree of impairment in the form of intersymbol interference (ISI).

The SAW filters shape the edges of the signal bandpass to approximate the
Nyquist siopes, nominally called for at the band edges in the ATSC standard. (The
Nyquist slopes may be'seen by reference to the solid line curve of FIG 3.) The SAW
filter characteristics also provides for adjacent channel rejection. The filtered signal
from the selected one of the SAWs is applied to an RF upconverter 22, which
upconverts the signal to any desired RF channel, channels 3 or 4 being the ones
normally used.

The encoded and modulated VSB s-igna.l is supplied over a cable network 23,
which may comprise a single coaxial cable or a relatively complex home cable
network, to an RF chamnel input of a uner 26 of a VSB digital television receiver 24.
The signal may aiso be amplified by a low power RF amplifier 25 (shown in dotted
line in FIG. 1) and transmitted wireleasly to the digital television receiver in an
assigned RF broadcast television channel. The received signal is supplied through a
companion SAW filter to a VSB demodulator 28 where the baseband digital signal is
recovered. The demodulated signal is applied to an equalizer 30 that operates to adjust
the response of the receiver to very closely match the solid line Nyquist response (FIG
3) thereby correcting any signal impairments, including any intersymbol interference
introduced in the transmitter and any linear distortions introduced in the
communications link (i.e. the cable network or wireless link) that collectively are
below a given threshold level that is dependent upon the nature of the equalizer. The
signal from equalizer 30 is processed by a forward error correction subsystem 31 to

correct any residual errors due to intersymbo! interference and errors due 10 noise,
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both white and impulse. introduced by the cable network or wireless link. The
performance of equalizer 30 and error correction subsystem 31 sets the limit on the
amount of intersymbol interference and linear distortion which can be introduced by
the transmitter and communications channe] before the system suffers serious
degradation.

The corrected signal (in MPEG encoded form) is supplied to a transport
demultiplexer 32 that has separate outputs for the video and audio portions of the
signal. The video portion is applied to an MPEG decoder 34 for decompression and
decoding and the audio portion is applied to a Dolby AC-3 decoder 36 for
complementary processing. The resultant video and audio signals are applied to a
video processor 38 and an audio processor 40, respectively.

It will be appreciated by those skilled in the art that the RF signal is not as
distance sensitive as a bascband signal and the coaxial cable environment further
minimizes errors or impairments being introduced in transmission. However, even if
some signal impairments are introduced, they may be compensated for by the
corrective circuitry built into the VSB digital television receiver, in particular the
equalization circuitry. The result is a gignal translation arrangement that results in
excellent transfer of signal from source 10 to VSB digital television receiver 24, since
the signai is VSB encoded and any errors or signal impairments below a given
threshold are correctable in the televigion receiver.

In contrast, any bascband digital signals that are supplied to television receiver
24 are introduced after equalizer 30 and error correction subsystem 31 and are
consequently not subject to the corrective effects of the circuitry in the VSB digital
television receiver. Such signals are also distance limited and subject to uncorrectable
erTors or impairments, which makes the method of the invention far superior.

In further accordance with the invention, where the digital television receiver
has provision for receiving both a digital and an analog NTSC signal. in establishing
priority of the RF channel output of upconverter 22. the first choice is to supply the
signal on a vacant RF channel in the service area of the television receiver and the

second choice is 10 supply it on the digital one of a pair of digital and analog NTSC
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RF channets in the service area of the television receiver. In this way. any NTSC

interference into the digital channel can be minimized by the'circuitr_v in the digital
channel of the television receiver.

The invention resides in the concept of introducing a given level of
impairments in the encoded digital baseband signal and taking advantage of the signal
correction circuitry that is built into the front end of the digital television receiver to
compensate for such impairments. The cost is kept minimal since in the application of
the invention. transmission power is very low, distance is limited. the coaxial cable is
a low noise environment and the channel shape (Nyquist slope) need not be as
rigorously defined for adjacent channel rejection, signal radistion, etc. This translates
into low cost filtering to create a less-than-nominal Nyquist slope. While this will
clearly cause some intersymbol interference, a mentioned above, ail such signal
impairments that are below a predetermined threshold, may be compensated for in the
digital receiver by the cooperative action of complementary filtering, the equalization
circuitry, and the forward error correction circuitry.

The encoder-modulator of FIG 2 is a different version of the invention. Here
the low cost SAW filters of FIG 1 have been replaced by digital filters 50, indicated as
being FIR (finite impulse response) filters. A digital modulator 52 is supplied with the
output of a first local oscillator 56 and converts the filtered input signal to a first IF
signal having a frequency, for example, of about 12 MHz. This signal is applied to
D/A 14 and thence to an RF upconverter 54 that is supplied with the output of a
second local oscillator 58. Local oscillator 58 is controlied by a switch 60 1o develop
an RF output from upconverter 54 at either of a pair of RF channel frequencies, as in
the muner of FIG 1. The output signal is transmitted to the television receiver over
coaxial cable 23. This version of the invention appears to be a more stable system.
Since both systems will involve integrated circuitry, it remains to be seen whether the
cost of the SAWs in the FIG 1 version will be less than the cost of the additional chip
area required in the integrated circuit implementation of the FIG 2 version.

In FIG 3 the solid line curve indicates the ideal Nyquist slope channel

bandpass response characteristic of the transmitted signal. The dashed line curve

SUBSTITUTE SHEET (RULE 28)

BNSDOCID «<WD  $MO0721A1 { >



WO 99/40721 PCT/US99/00130 /
g " "j

7
indicates the less-than-nominal Nyquist slope that results from using the low cost

SAWs 16 and 18 in FIG 1 and the dotted line curve represents the response for the
FIG 2 implementation using the FIR filters 50. The curves should be recognized as
being representative only and their actual shapes are dependent upon the precision and
the number of the filtering elements used. As mentioned. because of the less-than-
nominal bandpass characteristic produced by either the SAW or the FIR filter
embodiment of the invention. a cenain level of intersymbol interference will be
introduced into the ransmitted signal. However, as discussed above, the amount of
any such intersymbol interference, together with any noise introduced into the signal
over the communications link, can be substantially corrected in the television receiver
to provide near perfect signal translation and reception. In this manner the invention
permits a low cost, high performance encoder-remodulator by deliberately selecting
lesser tolerance components and applying the signal to a digital receiver that has the
capability of compensating for signal impairments below a given threshold.

What has been described is a novel method and apparatus for translating a
digital television signal from a digital sourte to a VSB digital television receiver. It is
recognized that numerous changes to the described embodiment of the invention will
be apparent to those skilled in the art without departing from its true spirit and scope.
The invention is to be limited only as defined in the claims
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What s Claimed Is:

1. A method of operating a digital signal system for supplving a digital
television receiver having correction circuitry capable of correcting impairments in a
received signal that are below a

predetermined threshold comprising:

developing a compressed baseband digital signal;

encoding the compressed baseband signal in a given format for digital
trangmission; and '

modulating the encoded compressed baseband digital signal on an RF
carrier for direct application to the RF input of the digital television receiver;

the modulating step resulting in a less-than-nominal bandpass which
produces impairments in the transmitted gignal that are less than the predetermined
threshold;

whereby the comrection circuitry is capable of correcting the impairments
introduced in the modulating step.

2. The method of claim 1, wherein the encoding step includes data
interleaving, data randomizing, error protection and the addition of VSB field and
segment syncs, and further comprising:

performing the modulating step at a low power level.
3. The method of claim 1, firther comprising:
mpplying the encoded compressed baseband digital signal through a first
filter having a response designed to cooperate with a second filter in the digital
television receiver for producing a less-than-nominal Nyquist siope.

4. The method of claim 1, further comprising:

supplying the encoded compressed baseband digital signal through a first
filter having a response designed to cooperate with the equalization circuitry and a
second filter in the digital television receiver for generating 2 nominal Nyquist slope
and providing adjacent channel rejection at each end of the signal bandpass.

5. The method of claim 1, wherein the television receiver comprises a digital

signal processing system and an analog NTSC signal processing system and further
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comprising generating the modulated RF digital signal for application to the digital-
processing system of the television receiver.

6. The method of claim 1, wherein the RF carrier is applied to the RF input of
the digital 1elevision receiver by a coaxial cable network.

7. The method of claim 1, wherein said modulating step comprises:

multiplying the baseband signal by a predetermined carrier frequency to
generate a double sideband suppressed carrier signal; and

using a filter to remove one of the sidebands to develop a VSB signal and
provide the less-than-nominal bandpass. _

8. The method of claim 7, wherein the filter is 8 SAW and wherein the
bandpass has a less-than-nominal Nyquist slope.

9. The method of claim 1, wherein the correction circuitry comprises
equalization and forward error correction circuitry.

10. The method of claim 1, wherein the RF carrier is applied wirelessly to the
RF input of the digital television receiver over a broadcast television channel.

11. A system for supplying a compressed digital baseband signal to a digital
television receiver that includes correction circuitry capable of correcting impairments
in a received signal that are below a predetermined threshold, comprising:

a source of compressed baseband signal;

an encoder for encoding said baseband signal in a given digital format;

a modulator for modulating said encoded baseband signal on an RF
caxrier,

said modulator having a less-than-nominal bandpass that produces
impairments in the translated signal that are below said predetermined threshold; and

means for directly applying said modulated signal to an RF input of said
digital television recciver, whereby said correction circuitry is capable of correcting
said impairments introduced by said modulator.

12. The system of claim 11, wherein said encoder and said digital television
receiver each include a filter, and wherein said filters cooperate to generate a less-

than-nominal Nvquist slope.
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13. The system of claim 12, wherein said filters and said equalization

circuitry cooperate to generate a nominal Nyquist slope and provide adjacent channel
rejection at each end of the signal bandpass.

14. The system of claim 11, wherein said given digital format is VSB, said
compressed digital signal is in MPEG form, said encoder includes a data randomizer,
a data interleavor, error protection circuitry and means for adding VSB frame and field
syncs and wherein said modulator operates at low power.

15. The system of claim 11, wherein said RF carrier is applied to the RF input
of the digital television receiver by a coaxial cable network.

16. The system of claim 11, wherein said digital television receiver comprises
a digital signal processing system and an analog NTSC signal processing system and
wherein said modulated RF digital signal is generated for application to the digital
processing system of the television receiver.

17. The system of claim 11, further comprising:

muitiplying means in said modulator for developing a double sideband
suppressed carrier signal from said baseband signal; and

filter means coupled to said multiplying means for substantially
removing one of said sidebands to develop a VSB signal and for producing said less-
than-nominal bandpass.

18. The system of claim 17, wherein said filter means comprises a SAW filter
and wherein said bandpass includes a iess-than-nominal Nyquist slope.

19. The system of claim 11, wherein the correction circuitry comprises
equalization and forward error correction circuitry.

20. The system of claim 11, wherein the RF carrier is applied wirelessly to

the RF input of the digital television receiver over a broadcast television channel.
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& An arrangement for generating an SSB signal.

@) An SSB generator in which a digitised analogue

signal is processed in accordance with Weaver's
w=method. The baseband ! and Q signais are interpo-

lated at a sampling frequency f; in respective first
Lo interpolators (30, 32). The interpolated signals are
P frequency up-converted to an oulput 85B carriar
D fraquency Ni; by applying said signals to respective
¢v) sacond interpolators (38, 40) in which the signals are
€N\ sampled at 4Nf,. The samples al the outputs of the
€2 sacond imterpolators (38, 40) are applied to a muk
S tiplaxer (42} which provides a digitised version of the
n_SSB signal which is convertad to an analogue signal
g1 and filterad.
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AN ARRANGEMENT FOR GENERATING AN 3SB SIGNAL

The present invention relales to an arange-
ment !cr genorating an SSB signal and has applica-
tions n both the analogue and conventional digital
implementaions single sideband modulators con-
structed 1n accordance with what is termed
Weaver's method. Such modulators are used in
SSB generation in speach and data transmission
fcr mokbie radios.

Weaver's method is disclosed in Procesdings
of the IRE "A Third Method of Generation and
Dewcticn of Single-Sideband Signals™ Donald K.
Weaver, Jr., pages 1703 to 1705. Figure 1 of the
accompenying drawings illusiraies a medulator
made in accordance with Weaver's method. An
analogue input signal at an input 10 is band limited
in a8 bandpass filter 12 and then Is applied to
balanced mixars 14, 18 wheore it is mixed with
quadratire related Carrier signals cos (wet) and sin
(ugl), ‘#here wpl is @ carrier frequency correspond-
ing to the cantre of the passband of the signal fram
the filtar 12 As a result of these mixing operations
quadrature related signals { and Q are produced
which have single sideband components at base
band and unwantad componants at high frequen-
cies. The wantad comnponents of the | and Q sig-
nals are solected by low pass filters 18, 20 and
then frequency up-converied (o thelr camier fre-
quency fat) in balanced mixers 22, 24. The signals
from these mixers are combined in a summing
circult 25 to provide an output on a lerminal 28.

in data transmission a similar arrangemaent t0
that ehown in Figure 1 is used to frequency up-
convert the bassband | and Q modulated signals
comasponding to the data. Weaver's method may
alzo be used 1o ganarate constant enveiope signals
suitatie fcr mobile radio digial transmission.

A drawback to Weaver's method is that It ls
difficuit to mplement the frequency up-converting
or AF section as an integrated circull. Reasons for
this difiiculty include the fact that maiching of the
misers 22, 24 (Figure 1) Is complcated and It may
be necessary to run the mbeers at a high power
level to achieve the desired performance, Alsc It is
necessary to make a pair of quadarature local
oscillators capable of genemting a wids range of
frequencies. Any mismatch in the mixers or any
imperfection in the quadrature RF signal generation
mey cause ths unwanted signal leveis to increase.

Mismatch problems mentioned above can be
overcome by generating digital samples of the RF
local oscillstora and using digital multipliers instead
of the RF mixars. Thig is shown in Figure 2 of the
accompanying drawings which illustrate a conven-
tional digital implementation of Weaver's method.

BNSOOCID- «<EF  0Z2387541 ) >

in Figure 2 the output of the bandpass filter 12 is
digitised in an analogue-to-digital converter 28
which is sampled at a clock frequency f};. The
digittsed signals are applied to mixera 14, 18 which
respectively receive digltised local oscillator signals
cos [(2xf-.(mAy)] and sin (2xh.mviy). The | and Q
signals from the mixers ara low pass filtered in
digital filtters 18, 20 which are clocked at the fre=

- quency f, which satisfies the Nyquist sampling

rata. The output signals which have been sampled
at £y, are applied to respective interpolators 30, 32
operating at a sampling frequancy Ni,. The outputs
of the interpolators 30, 32 are frequency up-con-
varted in digital multipiiers 34, 38 to which are
supplied quadrature camler signals cos [2xf..-
{rvNfy)] and sin [2xf..(rvNI)]. respectively. The oul-
puts from the digital mullipliers 34, 38 are com-
bined in the summing circuit 25 and the R.F. output
appears on the terminal 28. This digital Implemen-
tation of Weaver's method enables a performance
improvement to be achieved at the expense of
increassd power consumption as digital muitipliers
require more powar than the equivaient analogue
mixera. Tha generation of RF quadrature signal
samples raises another problem for radio transmit-
ter Integration when constant frequency sampling Is
required at AF. The sine and cosine samples can
be genarated by using either look-up tables or on~
ina proceasing but nslther method is attractive for
integration.

An gbjact of the prasent Invention is o provide
an Integratable SSB generator which ls economical
on hs use of power.

According to a first aspect of the present in-
vention there ls provided an SSB generator com-
prising means for providing quadrature reiated
digitised first and second Input signais at bassband
frequencies, Interpolating means for frequency up-
converting sald first and second signals, and mul
tiplexing means coupled to the interpolating means
for multiplexing the frequency up-converted first
and second input signals to provide a digitised
S8B signal having a desired camier frequsncy.

The interpolating means may comprisa first
and second Interpolating means, the first interpolat-
ing means serving to sample respectively the firat
and second signals at a frequency {f,) greaisr than
the ciigitising frequency and ths second interpolat-
ing means serving to sample the signala from the
first interpolating means at a multiple of the first
mentioned sampling frequency. The muitiplexing
means may be arranged to multiplex the samples
at the sampliing frequency of the sacond interpolat-
ing means.

impiementing the interpolating means as first



and second intarpolabng means enables each to
be adapted lo the tesk required of k. The first
interpolating means operates as a digital flter and
serves {0 increase the repetition rate of the signal
from a digital low pass hiter to make It suitable for
linear interpolaton In the second interpolating
means. The second Interpolating means operates
as a linsar interpolator which iits the lrequency up
o RF.

in an embodiment of the prasent invention the
sampling frequency used In the second Interpola-
tion operaton is 4N times the sampiing frequency
{fy) used in the first interpoiation operation. that is
4Nf,. and the multiplaxing operation is caried out
at a clock freguency of 4Nf, to provide the SSB
signal at Ni,.

The multiplexed output may be interpolated for
a third ime in order to shift the sampling frequency
4N/, io a higher frequency outside the bandwidth of
a low pass filter connected to a digital to analogue
converter coupled ta the multiplaxing means.

The second Interpolation means may be adapt-
od o calculate the vaiues of all the sampies of the
frequency up-converted first and second digitised
gignals. Alternatively power can be saved by only
calculating the values of those sampiles which aiter
multiplexing will contribute to the final signal. In
order to do this only the odd-numbered samplaa in
one of the first and second interpolated signals are
calculated and only the even-numbered samples in
the other of the finst and second interpoisted sig-
nals are calculated.

The present invention will now be explained
and described, by way of exampls, with reference
o the accompanying drawings. wherein:

Figure 1 is a block achematic diagram of an
analegue modulator constructad in accordance with
Waaver's method,

Figure 2 Is a block schematic diagram of a
digitised modulator constructed in accordance with
Waaver's method,

Figure 3 Is a biock schematic diagram of an
embodiment of an S88 moduiator made In accor-
dance with the pragent invention,

Figure 4 shows the Impuise response of an
interpolating filter, )

Figure 5 shows the frequency responss of
an interpolating filter,

Figure 8 shows the Impulse response of an
interpolating fiter,

Figure 7 shows two sampies telosn from the
impulse response shown in Figure 8, which sam-
ples are saparated in ime by 14,

Figure B is a block schematic diagram of a
linsar Interpolation fitter,

Figure 9 is a block schematic dlagram of an
embadiment of a SSB modulator including the lin-
edr interpolation filter shown In Figure 8, and
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Figure 10 is a biock schemelic diagram of
another embodiment of an SSB modulator includ-
Ing an allernative linear interpolation filter to that
ghown in Fegures 8 and 9.

in the drawings. the same reference numerals
have been used o indicate corresponding features.

Refemring to Fgurs 3, the SSB modulator
shown i3 essantally the same as that shown in
Figure 2 as far as the Interpolators 30, 32 which
are operating at a sampiing frequency, f,, which Is
of the order of 30 times higher than the frequency
al the top end of the bandwidih of the low pass
fitars 18, 20. The outputs from the interpolators 30,
32 are appliad to second interpolators 38, 40 op-
erating at & higher sampling frequency, Nf,, than f,.
The outputs from the second interpolators 38, 40
are multiplexed in muiltiplexer 42 to provide an
output comprising the SSB signal centred on Nf/4
plus the sampling frequency component in the
output from the multiplexer, the output is applied to
a third imerpolator 44 which has a sampling fre-
quency which is an integer multiple of Nfs. A digital
to analogue converter 48 Is connected to tha third
intarpolator 44 and provides an output on the terml-
nal 28. By this technique the frequency band of the
§SB signal is maintainec¢ around I, whilst the Nf,
componant is frequency up-converted o & fre-
quency which lies outsida the pass bandwidth of a
fiter in the DAC 48. ¥ desired a superhet stage
may be conngcted to the culput 28 to increass the
frequancy of the SSB signal which in such a situ-
ation represants an IF gignal.

Figure 4 shows the impuise response of an
interpolating flitar which may comprisa the second
intarpolator 38 or 40. The ordinate repressnis am-
pltude and the abscisea time. The fiter's response
lasts two bit periods £ T, whare T, = 14, and has
a sin 2 type of transfer function. The response
shape is sampled at N times the sampling he-

" quency f,, that is at Nf,. As shown in Figure §, the

frequency responss of the imerpolaiing fitter has
ZOro crossings at each integer mulliple of f,, but
the signal at Nf, will not be attenuated.

Thus when the signal samples, sampled &t f,,
are applied o the interpolating filier, the filter as a
consequence will eliminate all the signals between
fa and Nf,. The oufpit produced comprises an
interpolated version of the input signal having a
new sampling frequency of Nf,.

A simplified way of reslising an nterpolating
fiiter will now be described with refarence o Fig-
ures 8, 7 and 8. The vaiue of N is detsrmined by
the highest required Integer number used to in-
creasa the sampling frequency f,. When using the
interpolating filter having an impuise response as
showm in Figure 8, the filter responss length is -T,
to T, which equals 2A,. Furthermore at any given
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time there will be only two samplas x: and xz in
the inerpolating filter which will appear at instances
separated by T; = 1.1,. Thereiore in realising the
interpolanng filter a3 a transversal filter only two
muiticliers &t 8 tme am required tingether with an
acddition circuit to sum the muitiplied signal sam-
ples. The resultant signal, y, appearing at the out-
put of the filter will be given by:

ysa +bx (1)

~hare a and b are the coefficients of the convalu-
tion cf the Aiter at the nth and (n+ N)}th taps. Since
the impuise response of the fiker as shown in
Figure 8 has a triangular shepe, the coefficients of
a and b we given by:

a=nN {2)

b=z=inN (3)

where N is the integer multiple usad to increase
the sampling frequancy.

Substihding equations (2} and (3) into equation
(1) laads fo:

Y = ar« = bxa = x3 + nixy - xzy/N.

Thig means that if the sampiing frequency f, is
to be ncreased by a factor of N. then one obiains
the difference between adjacent samples, x, and
x2. at the sampling frequency [, and divide the
result by the interpolation factor, N. The resulting
quotient is then taken as an increment and added
to the sample x2 at every instant n to produce the
intarpciated samples of the input signal at the new
sampfing frequency Ni,.

Figure 8 illustrates an embodiment of the incre-
menting filter realised to implement
¥ = a2 + n(x - xaVN.

The signal sampled &t I, is applied to a shift-
register or tapped delay iine 48. Samples x1 and x3
separated by 1.1, seconds are tapped off and ap-
plisd o a subtractor 50 which produces the dif-
ference or increment (xi1-x2) which is applied to a
divider 52 in which the increment ia divided by N.
The quotient from the divider is added to the
sampls xa in an accumulator 54 to produce the
interpolated samplos of the input signal at the new
sampling frequency Nf,.

Fgwe 0 is a block schamatic diagram of an
SSB8 modulator mede In accordance with the
present invention. The font end portion come-
sponds 1o that described with reference 1o and as
gshown in Figure 3 and in the intorests of brevity
will not be described again. The second interpola-
tors 38, 40 are basad on the circult as shown in
Figure 8 with some modifications. In the case of
the second interpolator 40. the circuit stages which
correspond to those used in the second interpolator
38 have been referenced using primed reference
numerals, that is 48", 50°, 52 and 54 . However the
differences are divided by 4N in the dividers 52
and 52" and the accumulators 54, 54’ are clocked
at 4Nf,. The effect aof doing this Is that the Incre-
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ment is obtained by dividing the diiference by 4N.
The increment is then accumulated on the delayed
sipnal sample x: at regular clocking points. The
accumulation starts overy time a new sample is
loaded into the shift register or tapped delay line
48, 48 and continues for 4N clock periods until a
new sample is loaded into the shift register g0 that
the process is repeated for a new value of x;.

The clock signal 4N, is derived from a master
clock 58 operating at a higher frequency than 4Nf,
and dvided down in a divider 58. This divided
down signal at 4Nf, Is divided by 4N in another
divider 80 to provide clock signals at f,, where f,
has a value of the order of 100KHz, to the inter-
polators 30. 32. The clock signal Iy, for the A lo D
convartar 28 and the digital low pass filters 18, 20
ia derived by dividing f, by m, whers m is of the
order of 8, in a divider 62,

Tha multiplexer 42 provides an SSB signal at a
nominal canier frequency Ni, sampled at 4Nf,. The
multiplexer 42 comprisas the electronic equivalent
of four pole swiich 84 operating at 4Nf,. Proceed-
ing from top to boltom in Figure 8, the first and
second poles are respectively connected to addi-
tion stages 66, 88 of the second interpoiators 38,
40 which stages provide digital values of the sam-
ples. The third and fourth poles provide invertad
forms of the signals on the first and second poles,
respectively. The output from the muitiplexer 42
comprises a digitised form of the SSB signal &t tha
nominal camier frequency Nf, and the unwanted
sampling frequency at 4Ni,. In order to efiminate
the unwanted sampiing frequency the multiplexer
output is epplled to the third Interpolator 44 in
which it is sampled at the clock frequency of the
master clock 56, which frequency is above the
bandwidth of a iow pass filter 68 connected to the
output of the D to A convertar 48. By this operation
the sampling frequency 4Nf, is siminated by inter-
poletion so0 that it is outside the bandwidth of the
low pass filter 88.

The operation of the circuit shown in Figure ©
will now bs summarised. in order to produce the
desirod S5B signal, the required quadrature osclila-
tor sampies will be 1,0, -1,0,1,0and 0, 1, 0, -1,
0.1 in the | and Q channels, respectively. in order
fo resliss the RF section, these | and Q signal
samplee appearing at the outputs of the base band
filters 18, 20 are interpolated o a sampling fre-
quency 4Nf, in the interpolators 30, 38 and 32. 40.
These sampies are multipied with the RF osclilator
samples (see above) so that the altemate products
of the multipleation In the | and Q channels be-
come equal to zero. The multiplexer 42 salects
samples altemately from the | and Q channeis,
which sampies after D to A conversion and fittering
form the SSB signal on the output 26.

in order for the SSB modulator © be able o
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yi = xa' + 2n ('x'V4N

operate at a range ol camier frequencies it is nec-
essary to vary the sampling frequencies used. In
order to do thia then for a certain carier fraquency
1., the SSB signal sampling frequency 4Mf, is se-

lected to be 4 imes higher than f.. The sampling.

frequency f, for the interpolators 30, 32 is chosen
by dividing 4NI, by 4N in the stage 80. The fre-
quency I, is produced by dividing f, by m in the
stage 82. The master clock fraquency is generated
using a phasa locked lbop. The local oscillator
frequency I is kept constant.

Two numerical axamples of how the frequen-
cies we caiculsted will now ba given. It will be
assumed that it is dasired to cover SSB generation
over ithe frequency range 0 to 10 MHz and in

consequence the bendwidth of the low pass filter

60 is 10 MHz.
in the first numerical example it will be as-
sumed that the SSB signal is to be tramsmitted at &

and yg = X% + (2n+1) {x:O-x;%N.

As a result of this modification the sacond |
and Q interpolators 38. 40 are operatoo at 2f, and
the signals are muitiplexed at 4Nf,.

An embodiment of the invention in which the
modified equations are implemented is shown in
Figure 10. In the interests of brevity only the differ-
encas baiwoen the embodiments of Figures B and
10 will be discussed. The mastar clock 58 Is con-
nacted to the divider 58 which produces an output
signal at 2NF,. The multiplexer 42 iw still clocked at
4NI,. The signal at 2Nf, is supplied firstly to the
divider B0 whoere it in divided down by 2N to
provide the clock signal f, 1o the interpaiatars 30,
32 and secondly to increment a courtsr 70 two
steps ‘at a time. The counter 70 is reset at the
instants when data is loaded into the shift registers
48, 48 . The output of the counter 70 is applied to
2 multipller 54 and to an adder 74 in which it is

frequency ap
Ni, = 5MHz added 0 +1 provided by a stage 72. The sum
4N, = 20MHz 2n+1 is supplied to the multiplier 54. in the muilti-
f, should be of the order 100kHz and therafore plier 54 the numbar obtained from the divider ia
N = 5000/100 = 50 {(and 4N = 200). muitiplied by 2n+1 to produce the increments for
Itm = @ then f,; = 12.5KHz 25 the | channel, Similarly jn the muliplier 54 the
An ANI, = 20 MHz is outside the bandwidth of output of the divider 52 is muitiplled by 2n o
the low pass filter 88 it will be atisnuated to an ‘praduce the increments for the Q channel.
acceptable lgvel. In this situstion there iz no need The SSB modulators shown in Figures 9 and
to use the third Interpolator 44. 10 ere capable of being fabricated as integraied
In the second ‘numaerical example it will be ° 3 circuits. it desired a signal processor may be used
assumed that the SSB is to be tranamited &t a to realise the base band mixers 14, 18 and the
frequency interpolators 30,32, 38 and 40.
Nf, = 1MHz
20 that 4N, = 4MH2, {, Is maintained at 100 kHz
and therelore 35 Claims
N = 1000/100 = 10 {and 4N = 40). The vales of
m and f,, are maintained at 8 and 12.5kHz, respec- 1. An SSB generator comprising means for
tively. providing quadrature related digitised first and sec-
As 4Nf, = 4 MHz which is within the 10 MH2 ond input signals at baseband frequencies, inter-
bandwidth of the low pass filter 68, the interpolation <  polafing means for frequency up-converting seld
factor and the sampling frequency of the third first and second signais, and multiplexing means
interpolator 44 are set to 3 and 12 MHz, respec- coupled to the Intarpolating means for multiplexing
tively. Thus ths divider 58 divides the 12 MHz by 3 the frequency up-converied first and second input
to obtein the desired 4Ni,. signais to provide a digitised SS8 signal having a
it a new camrier frequency is chosen then the «  dasired camrier frequency.
cakculgtions are repeated and the master ciock 2. An SSB generator 28 claimed in Claim 1,
frequency and the respective divisors are deter- charactarised in that the interpolating means com-
mined accordingly. prises first and second imerpolating means, the
By opersting the multiplexer ‘42 at 4NJ, odd firgt interpolating means serving to sample respec-
numbered samplas are selected from say the | &  tively the first end second signals al a frequency
channgl and even numbered samples are selected (f) greater than the digitiasing frequency and the
from the other, Q channel. A3 a result the non- second interpoleting means serving to sample the
selected samples are not usad. Consaequently there signals from the first interpolaiing means at a mul-
Is no need to caiculate the even numbered sam-. tiple of the first memniioned sampling frequency. and
ples in the | channel and the odd numbered sam- s5 in that the multiplsxing means |s arranged to mulk-
ples in the Q channel. Thus the Interpolation equa- tiplex the samples at the sampling fraquency of the
tion given in the deacription of Figure 8 can be socond interpolating means.
mcdified to form equations for y, and yq where
5
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3. An SSB8 generator as claimed In Claim 2,
characterised in that the sacond intarpolating
means samples the signais at the output of the first
inerpolating means st a frequency 4N times the
first mentioned sampling frequency, that Is at 4Nf,,
and in that the multiplexing means is operated at
4Nis to provide an output signal at Ni,.

4. An SSB generator as claimed in Claim 2 or
3. characterised in that a digital to analogue con-
varier (DAC) ig coupled to the muliiplexing means
and a low pass fliter connected to the output of the
DAC,
5. An SSB generator as claimed in Claim 4,
characterisad in that a third interpolating means Is
connacted to an autput of the mulliplening meana,
the third interpolating means being operated at a
sampling frequency greater than the sampling fre-
quancy of the second intarpolating means in order
to place the intarpoiated latter sampling frequency
outmide the bandwidih of the low pass fliter.

8. An SSB generator as claimed in any one of
Claims 2 to 5, characierised in that the second
intepclating means comprises means for imple-
menting the equation
y = ax- + bxp m x3 + n {x: - xayN where x1 and
x: are samples separsted in time by 1A, of the
impuiga response of a filtar, (x: - x3) I8 the dif-
ference in amplitude of the two samples and N is
the multiple of the sampling frequency (f,) of the
first interpolating means to obtain the SSB signal.

7. An SSB generator as claimad in any one of
Claimgs 2 tn 5. characterised in that the second
interpolatng means is arranged to operate on odd

numbered semplea of ona of the quadreture ralated’

signais recsived from the first interpolating means
and an sven numbearad sampies of the other of the
quadrature related signals racsived from the first
interpclating means,

8. An S8B gensrator as claimed in Claim 7,
charactersed in that the second interpolating
means comprises means for implementing the in-
terpolation equations
o= Xa' + 2n (xexa'VaN
and yo = 02 + 2n+1) (u%xY4N where y, and
Yo are the quadrature related signals produced by
the sacond interpolsting means, x:! x2' and x:9,
X292 are samples separatad In time by 11, of the
impulse response of the filter, (x:“x2") and (x; %x29)
are the differences in amplitude between the re-
spective pairs of samples and N s the muliiple of
the sampling fraquancy (f,) of the first intarpolating
means to obtain the SSB signal.

8. An SSB gaenemator as claimed in Claim 8, 7
or 8, characterised in that the sacond intarpolating
means comprises, for each of the quadrature re-
Inted signaie. shilt’register means, means for sam-
pling the amplitude of the bits storad, differencing
means fcr obtaining the differsnce betwesn the

BNBDOCID: <EP 032387541 | »

amplitudea of two bits separated in time by 17,
and meana for adding the ditferencs obiained
tne ampiftuda of the second sample.

10. An SSB generator as claimed in any one of
Claims 2 to @, characterised in that the muitiplexing
means comprises means for providing the samples
at the higher sampling frequency of the respective
quadrature related signals and the invertad vaiues
of said respective quadrature relatsd signals and
means for scanning sald sample and eald inverted
velues.
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European Patent
Office

EUROPEAN SEARCH REPORT

Applicatish Number * [

EP 88 20 3015

DOCUMENTS CONSIDERED TO BE RELEVANT h .
- Catepory Ciation of ue:mn: with indicatien, where appropriate, :a::la:t %{':T]%.‘\I‘%\?&gm
w'-!; [.1
A |US-A-4 086 536 (ACKER) 1-10
* Figure 11; column 8, 1ines 7-35; HO3C 1/60
column 10, lines 51-58, column 13,
1ines 65-69; column 17, l1ines 23-26;
column 18, Tine 4 - column 20, 1ine 27
|
A |US-A-3 997 773 (VAN ESSEN et al.) 1-3,5-9
* Figure 1; abstract *
A |IEEE TRANSACTIONS ON COMMUNICATIONS, 1-3,5-9 .
vol. COM-30, no. 7, part 1, July 1982, - "
( pages 1629-1641, New York, US; A.G. S
CONSTANTINIDES et al.: "An efficfent -
and modular transmultiplexer design"
* Figure 3; page 1631, lines 21-24 *
TECHNICAL FIELDS
SEARCHED (st C14)
HO3C
HO3D
HO3 H
H 048
HO4 L
The presast search report has been dravm op for all clalms .
“Piacs of tarch BRI TIiT % =
i THE HAGUE 08-03-1989 PEETERS M.M.G.
E CATEGORY OF CITED DOCLUMENTS E:mmﬂ_-" up:hﬂ'mw
B ¥ian Felovams If combined with zacther n:mﬂﬁfmw ’
- of the mme catepory L : document clud fer azhey reasons
’ E Aomw . & : mensber of the sime family, corresponding )
-l P : intermediate docment - 2 " documsent pet sl
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SERINGERLD, IN-LINGIS,
APOSTHLLIS
APOSTILLE

(Convention de La Haye du 5 Octobre 1961)

Country: United States of America
This public document
has been signed by DONNA B MORGAN
acting in the capacity of NOTARY PUBLIC, WILL COUNTY
bears the seal/stamp of STATE OF ILLINOIS
Certified

Chicago, Illinois

JANUARY 27, 2003
by the Secretary of State, State of Illing;
No. 7833

Seal/Stamp: 10. Signatu

JESSE WHITE
SECRETARY OF STATE
STATE OF ILLINOIS



- SCHIFF HARDIN & WAITE Chicago 9_32,

A Partoership Inciuding Professional Corporations Washington
* New York
8800 Sears Towsr, Chicaga, Hlinols 60806-8473 Morrivile
Telephone (312) 258-5500 Facsimile (312) 258-5700 Lake Forest
Susen Collins (312) 256-4969 ;2;{
January 27, 2003

Secretary of State of Illinois

Index Department

17 N. State Street, Suite 1137

Chicago, IL 60602

I, Susan Collins, do state that this is a true copy of the original Assignment of Patent Application
U.S. Serial No. 09/632/545 filed August 4, 2000 from Thomas P. Horwitz to Zenith Electronics

Corporation for use in Colombia.

Date: SM &R 7.03  Signature: ‘%J &‘&«_fa
ame: Susan Collins

Title: Patent Paralegal

State of Illinois)
188
County of Cook)

Swom to and scribed before me, a Notary Public, this m day of éﬁ. . ,2003.

otary Public

QFFICIAL SEALS
DONI\-&‘ N l.:.}= ‘A
NOTARY O~ . X . 2%
CHI_DOCS2\ §75131.1 MY CORMISSN: SXPIRES £-Sis




JU-28-2001 14118 ZEN1TH ELECTRONICS CORP 8473518083  P.2203
"’ . ﬂa
R : %ﬂ;_s '

In Conslideration of One Dollar and other good and valuable
consideration, the receipt of which is hembWedgcd. I

THOMAS P. HORWITZ of ELGIN, ILLINOIS

sell and assign to ZENITH ELECTRONICS CORPORATION, a corporation of
Delaware whose principal place of business is located at 1000 Milwaukee
Avenue, Glenview, lllincia 680025, United States of America, its successors and
assigns, all right, tite, and interest in the United States and throughout the world
in and to the improvements in "LOW COST VSB ENCODER AND RF
MODULATOR FOR SUPPLYING A SUBSTANTIALLY 8 MHZ VSB SIGNAL TO
DIGITAL TELEVISION RECEIVER® inventsd by me, and the application for
United States Letiers Patent therefor executed concurrently herewith, and any
corresponding applications filed snywhers in the world, and all patents which -
may be granted therefor, and all divisions, reissues, continuations and
exiansiona thereof, and authorize and raquest the Commissioner of Patents to
issue all patents on said Improvements or resuiting therafrom to sald Corporation
as assignes of the entire interest, and covenant that | have full right so to do, and
agree that | will communicate to aaid Corporation or its representatives any facts
known to us respecting said improvements and teatify in any legal proceedings.
sign all lawful papars, axecuts all dvisional, continuing and relssue applications,
make all rightful oaths, and generally do everything possible to aid said
Corporation, its succassors, assigns and nominees, to cbtain and snforce proper
patent protection for sald invention In all countries, and | authorize any of ocur
principal attomeys of record in said application to insert on this assignment the
filing date and serial number of said application, when known.

TESTIMONY WHEREOF, | have heraunto set my hand and ssal this
374 deyofA .

ASSIGNMENT

LS.

STATE of liinols
COUNTY of Cook

On this_g_dny of August, 2000, before me, a Notj
for the State and County aforesald, perscnally appeared Tho
me personally known as the individual who executad the foregt
and who acknowledged to me thaet he axecuted the samea of hf$ ¢

for the purposes thersin sat ? M ol l
‘ ‘2 by &
. y ¢4 0

. «
R

v Public In and
P. Horvittz to

(SaA)

The above assignment covers application Serial Ng., " 09/83a054 %
_ \?s»"%‘wy'

flled August 4, 2000

Aok (i

/ Jack Kail )
Bamistratian Ma 97 LAR
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Traduccién Oficial No. 2003/2598 de un documento escrito en inglés el cual para su
identificacion se sella con el selio del traductor al tiempo con la presente. Esta
traduccién ha sido preparada por Hilda Aguilera de Piedrahita, traductora oficial
debidamente reconocida por el Ministerio de Relaciones Exteriores y autorizada

por el Ministerio de Justicia y de! Derecho por Resolucién No. 323 de 1980.
CESION

En consideracién de Un Délar y ofras consideraciones buenas y valiosas, el recibo

e

vando y cedo a ZENITH ELECTRONICS CORPORATION, una sociedad de

de las cuales por el presente se reconoce, Yo:

THOMAS P. HORWITZ de ELGIN, ILLINOIS

Delaware con asiento principal de negocios localizado en 1000 Milwaukee
Avenue, Gienview, lllinois 60025, Estados Unidos de América, sus sucesores y
causahabientes, todos los derechos titulos y participacién en los Estados Unidos y
en todo el mundo, en y para las mejoras en “CODIFICADOR VSB Y
MODULADOR RF DE BAJO COSTO PARA SUMINISTRAR UNA SENAL VSB

inventado por mi, y la solicitud para Certificado de Patentes en los
para la misma suscrita concumentemente con la prasen?ﬂ/ i
solicitudes comespondientes presentadas en cualquier parte del Tyt
ias patentes que puedan ser otorgadas para la misma, y



P

soficitamos al Comisionado de Patentes para expedir todas las Patentes pam
dichas mejoras o !as que resultaren de las mismas a dicha sociedad como
Cesionaria de la participacion entera, y declaro que tengo pleno derecho para
hacerio, y acuerdo que comunicaré a dicha sociedad o a sus represeniantes
cualesquiera hechos conocidos por nosotros con respecto a dichas mejoras y a
testificar en cualquier proceso legal, firmar todos los papeles legales, suscribir
todas las solicitudes de division, continuacién y reexpedicién,, efectuar todos los
juramentos de acuerdo con la ley, y en general hacer todo lo posible para ayudar a
dicha sociedad, sus sucesores,. causahabientes y personas nombradas para
obtener y hacer cumplir la proteccién propia de la patente para dicha invencidén en
todos los pafses, y autorizo a cusiquiera de nuestros apoderados principales
registrados en dicha solicitud para insertar en esta cesion la fecha de presentacion

y nimero de serie de dicha solicitud, cuando se conozca.

EN TESTIMONIO DE LO CUAL, he puesto mi firma y sello este dia 3 de Agosto
de 2000.

(Firmado: llegible)

ESTADO de lilinois
CONDADQ de Cook

-
2 : 3'3
MADYCCION OFICIAL bo, —-12 s I

BIDA AGUILERA DE PIFTesmITA
{NTERPIETE ORIC-L
138 Be, 53 DEL BRI OF HuSINE



En este dia 3 de Agosto de 2000,, ante mi, un Notario Publico en y para el
Condado anteriormente nombrado, comparecié personaimente Thomas P.
Horwitz, a quien conozco personalmente como el individuo que suscribié la Cesién
precedente, y quien reconocié ante mi que 8! suscribié la misma como su acto

propio de voluntad libre y para [os propésitos alli sefialados.

(Firmado: Sharon Knoll)

Sello a tinta: Sello Oficial, Sharon Knoll, Notario Publico para el Estado de lilinois,
Mi comision expira el 19 de Noviembre de 2000.
(Sello)

La anterior cesién cubre la Solicitud con No. De Serie 09/832.545 presentada el 4

de Agosto de 2000.

(Firmado: llegible)
Jack Kail
Registro No. 27.566

SCHIFF HARDIN & WAITE

Una sociedad que incluye Sociedades profesionales
6800 Sears Tower, Chicago, lllinois 80608-86473
Teléfono: (312) 258'550_0 Fax (312) 258-5700

mnoussion o - - 20021280

ORDA &
INTE
NP Ce, MILbL .




Chicago, Washington, Nueva York, Marrillville, Dublin, Lake Forest.
Susan Collins (312) 258-4969

Enero 27,2003.

Secretario de Estado de lllinois
Departamento de Indices

17N. State Street, Suite 1137
Chicago, Hlinois 60602

Y ., Susan Collins, declaro que esta es una copia verdadera del original de la
cesion de la Solicitud de Patente con No. De Searie U.S. 08/832/545 presentada el
4 de Agosto de 2000 de Thomas P. Horwitz a Zenith Electronics Corporation para
uso en Colombia.

Fecha: Enero 27, 2003. Firma: (Firmado)
Nombre: Susan Collins

Cargo: Paralegal en P

Estado de lllinois )
: 88

Condado de Cook )

BADUES Wi $1- ek T
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. P

piore PAS



Juramentado y suscrito ante mi, un Notario Pablico, este dia 27 de Enero de 2003.

(Firmado: liegible)
Notario Publico

Sello a tinta: Sello Oficial , Donna B. Morgan, Notario Ptiblico del Estado de lilinois,
Mi comisién expira el 2-25-2003.

ESTADO DE ILLINOIS
SECRETARIA DE ESTADO
SPRINGFIELD, ILLINOIS
APOSTILLA

(Convencién de ia Haya de Octubre 5 de 1961)

1.  Pals: Estados Unidos de América
Este documento publico
2.  Hasido firmado por DONNA B. MORGAN
3. Actuando en calidad de Notario Pblico, Condado dg W
4. Lleva el sello/estampilla del Estado de Winois
CERTIFICADO

5.  En Chicago, llinois

6. Enero 27 de 2003.




7.  Por El Secretario de Estado , Estado de Illinois
8. Ndmero 7833
9. Sello (Sello Redondo en Relieve)
10.  Firma (Firmado)
JESSE WHITE
Secretario de Estado
Estado de lllinois

ES TRADUCCION FIEL Y COMPLETA de la cual se deja copia en los archivos de

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

Bogotd, Enero 30 de 2003.

i Tamh o ans e
INTeRPRETE ORGIAL
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REQUISITOS NECESARIOS PARA PRESENTACION Y AGILIZACION DEL

TRAMITE
USUARID  RADICADOR

PATENTE DE INVENCION MODELO DE _U11UDAD () ()
- Indicacién de que se solicita la concesién de una patente. Fb (1
= Datos de Identificacién del solicitante o de la persona que se presenta la solicliud. p. ( )

Descripcién de la Invencién. m’ ()

Dibujos de sor estos pertinentes. : ()
- Comprobanta de Pago de las tasas establecidas.
COMPLETA () INCOMPLETA ( ) {)
DISENO INDUSTRIAL ( )
- Indicacion de que se soficita el registro de Disefio Industrial () ()

- Datos de Identificacién del sollicitante o de lapersonaquepresenta ( ) ()
- lasolcitud.
- Representacién grifica y fotogrifica del Disefio Industrial o muestra del

Material que Incorpora el disefio. () ()
Comprobants de pago de Jas tasas establecidas () ()

COMPLETA () INCOMPLETA () ( )

ESQUEMADETRAZADO ( )

- Indicacién de que solicita el registro de un Esquema de trazago.

- Datos de kdentificacién del solcitante o de la persona que prebenta
La solicitud.
Representacion grifica del esquema de truzado
Comprobante de pago de ias tasas establecidas.

COMPLETA () INCOMPLETA
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t‘t - Industria yComeldo%’@

SUPERINTENDENCIA QJ-”

Bogots, D.C.,
Doctor: Oficio N* 07248
Dario Cardenas Navas
Apoderado
Zenith Elecironics Corporation
ASUNTO: Radicacion N° 03-7487
Solicitud intemacional PCTASD1/23211
Trémite o
“ Evento 37
¥ Actuacién 40
Folios 001

Como resultado det exarnan de forma, realizado con fundamento el el articulo 38 de la Decisidn 486 de la Comision
de la Comunidad Andina, articulo 27 del Tratado de Cooperacién en Materie de Palsntes (PCT), regla 51 bis del
Reglamento y Circutar Unica de la Superintendencia de Industria y Comerclo, 98 le comunica que:

0 Los dbujos adjuntos no son legibles o copiables para trimites posteriores de publicacién y tiulo.

En cumplimiento de lo dispuesto por el articulo 39 de la Decisién 486, ss le requiers para que dantro del t&rmino de
dos meses siguientes a la facha de nofificacién del presente oficio, complets los requisitos anteriorments enunciados.
En caso de no dar cumplimiento al presente requerimianto, ia solictud se consideraré abandonada y perderd su

“ Notifiquese el presente oficio conlorme a lo dispuesio en al numerel 5.2, iiteral e), del capfiulo quinto del tituio
primera de la Circular Unica N° 10 de 2001,

05 S 2

£l antsrior requerimiento fue nofificado por fijacién en fista de fecha,




