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digital encoder for generating the audio signals used in the broadcast of
5 st ereophonic television signals in the United States and in
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Assogi ation of 14 . Broadcasters and call ed t he Broadcast

Tel evi sion Systens Conmttee (BTSC) 15 system This well-known

stanplard is sBaekgroomd ef therlventioms Mul tichannel 16 Tel evi si on
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15 system. This well-known standard is sometimes referred to as Multichannel

16 Television Sound (MTS) and is described in the FCC document entitled,

17 MULTICHANNEL TELEVISION SOUND TRANSMISSION AND AUDIO

18 PROCESSING REQUIREMENTS FOR THE BTSC SYSTEM (OET Bulletin No.
19 60, Revision A, February 1986), as well as in the document published by the

20 . Electronic Industries Association entitted, MULTICHANNEL TELEVISION

21 SOUND BTSC SYSTEM RECOMMENDED PRACTICES (EIA Television

22 Systems Bulletin No. 5, July 1985). Television signals generated according to the
23 BTSC standard are referred to hereinafter as “BTSC signals”. '

24 The original monophonic television signals carried only a single channel of
25 audio. Due to the configuration of the monophonic television signal and the need
26 to maintain compatibility with existing television sets, the stereophonic '

27 information was necessarily located in a higher frequency region of the BTSC

28 signal making the stereophonic channel much noisier than the monophonic audio
29 channel. This resulted in an inherently higher noise floor for the stereo signal

30 than for the monophonic signal. The BTSC standard overcame this problem by
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18 of the BTSC encoding system can be used for other purposes besides television
19 broadcast, such as for improving audio recordings.
20 ' System 100 includes an input section 110, a sum channel processing
21 section 120, and a difference channel pfocessing section 130. Input section 110
22 ) receives the left and right channel audio input signals and generates therefrom a
23 sum signal (indicated in Figure 1 as “L+R”) and a difference signal (indicated in
24 Figure 1 as “L-R”). It is well known that for stereophonic signals, the sum
25 signal L.+R may be used by itself to provide monophonic audio reproduction and
26 it is this signal that is decoded by existing monophonic audio televisioxi sets to
27 reproduce sound. In stereophonic sets, the sum and difference signals can be
28 added to and subtracted from one another to recover the original two stereophonic
29 | signals (L) and (R). Input section 110 includes two signal adders 112, 114,
30 Adder 112 sums the left and right channel audio input signals to generate the sum
31 signal, and adder 114 subtracts the right channel audio input signal from the left
32 channel audio input signal to generate the difference signal. As described above,
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spem rum so that t Mmdqmndmlhrlﬁ the sum chamedpidceﬁsﬁﬁgtﬁecﬁbﬁrmb reédives dieor er

-to-noi se I‘atli) cause of the noisy nediu and reduced
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ra of sig | axi_num | evel
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chalﬁ1e| t he dgpplmlcto tEe input of filter thmlﬂmmMeﬂrom @h Sltput SIPAENGAES -
Acglgﬁ(redi ngly, the ference s sub| ected to additional

oSl Do ninroplied 16 e guoEbamier 124 The qusent sjenahpenerated by the

;
P 17 latter is then the conditioned sum signal.
18 The difference channel processing section 130 receives the difference
19 signal and generates therefrom the encoded difference signal. Section 130
20 : includes a fixed preemphasis filter 132 (shown implemented as a cascade of two
21 filters 132a and 132b), a variable gain amplifier 134 preferably in the form of a
22 . voltage-controlletl amplifier, a variable preemphasis/deemphasis filter (referred to
23 hereinafter as a "variable emphasis filter") 136, an overmodulation protector and
24 bandlimiter 138, a fixed gain amplifier 140, a bandpass filter 142, an RMS level
25 | detector 144, a fixed gain amplifier 146, a bandpass filter 148, an RMS level
26 detector 150, and a reciprocal generator 152.
27 The difference signal is applied to the input of fixed preemphasis filter 132
28  which generates therefrom an output signal that is applied via line 132d 0 an
29 input terminal of amplifier 134. An output signal generated by reciprocal
30 generator 152 is applied via line 152a to a gain control terminal of amplifier 134.
31 Amplifier 134 generates an output signal by amplifying the signal on line 132d
32 using a gain that is proportional to the value of the signal on line 152a. The
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16 146 is applied to the input of bandpass filter 148 which generates therefrom an

17 output signal that is applied to the input of RMS level detector 150. The latter
18 generates an output signal as a function of the RMS value of the input signal level
19 received from filter 148. The output signal of detector 150 is applied via line
20 150a to reciprocal generator 152, which generates a signal on line 152a that is
21 representative of the reciprocal of the value of the signal on line 150a. As stated
22 . above, the output signals generated by RMS level detector 144 and reciprocal

23 generator 152 are applied to filter 136 and amplifier 134, respectively.

24 As shown in Figure 1, the difference channel processing section 130 is
25 considerably more complex than the sum channel processing section 120. The
26 additional processing provided by the difference channel processing section 130,
27 in combination with complementary processing provided by a decoder (not

28 shown) receiving a BTSC signal, maintains the signal-to-noise ratio of the

29 difference channel at acceptable levels even in the presence of the higher noise
30 floor associated with the transmission and reception of the difference channel.

31 Difference channel processing section 130 essentially generates the encoded

32 difference signal by dynamically compressing, or reducing the dynamic range of
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23 average. The signal on line 152a controls the gain of amplifier 134, and since
24 - this gain is inversely proportional to a weighted average (i.e., weighted towards
25 lower audio frequencies) of the energy level of the encoded difference signal,
26 wide band compression unit 180 "compresses”, or reduces the dynamic range, of
27 . the signal on line 132a by amplifying sigﬁals having relatively low amplitudes and
28 attenuating signals having relatively large amplitudes.' |
29 The spectral compression unit 190 includes variable emphasis filter 1I36
30 and the components of the feedback path generating a control signal to the filter
31 136 and comprising amplifier 140, band pass filter 142 and RMS level detector

32 144, Unlike filter 148, band pass filter 142 has a relatively narrow pass band

5
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17 wideband compression provided by the variable gain amplifier 134 to effectively
18 cause more overall compression to take place at high frequencies relative to the
19 compression at lower frequencies. This is done because the difference signal

20 tends to be noisier in the higher frequency part of the spectrum. When the

21 encoded difference signal is decoded with a wideband expander and a spectral
22 . expander in a decoder (not shown), respectively in a complementary manner to
23 the wide band compression unit 180 and spectral compression unit 190 of the
24 encoder, the signal-to-noise ratio of the L-R signal applied to the difference

25 channel processing section 130 will be substantially preserved.

26 The BTSC standard rigorously defines the desired operation of the 75us
27 preemphasis filter 122, the fixed preemphasis filter 132, the variable emphasis
28 filter 136, and the bandpass filters 142, 148, in terms of idealized analog filters.
29 Specifically, the BTSC standard provides a transfer function for each of these
30 components and the transfer functions are described in terms of mathematical

31 representations of idealized analog filters. The BTSC standard also defines the
32 gain settings, Gain A and Gain B, of amplifiers 140 and 146, respectively, and
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By 16ic- aner gy BTSGoPhcoHerSulk feyit semewhey irpmy e shepretcal ieal, and the BTSC
17 standard defines maximum limits on the acceptable amounts of deviation. For
18 example, the BTSC standard states that a BTSC encoder must provide at least 30
19 db of separation from 100 Hz to 8,000 Hz where separation is a measure of how
20 much a signal applied to only one of the left or right channel’s inputs appears
21 erroneously in the other of the left or right channel’s outputs,
22 . The BTSC standard also defines a composite stereophonic baseband signal
23 (referred to hereinafter as the “composite signal”) that is used to generate the
24 audio portion of a BTSC signal. The composite signal is generated using the
25 conditioned sum signal, the encoded difference signal, and a tone signal,
26 commonly referred to as the “pilot tone” or Simply as the “pilot”, which is a sine
27 wave at a frequency fy where f;, is equal to 15,734 Hz. The presence of the pilot
28 in a received television signal indicates to the receiver that the television signal is
29 a BTSC signal rather than a monophonic or other non-BTSC signal. The
30 composite signal is generated by muitiplying the encoded difference signal by a
31 waveform that oscillates at twice the. pilot frequency according to the cosine
32 function cos(4xfy,t), where t is time, to generate an amplitude modulated, double-



14 encoded difference signal as determined by the filter 142.
The use of the spectral 15 conpression unit 190 thus provides
addi ti oWR978™¥Ral conpression towards the 16 yagyusyTobassquency
portions of the difference signal, which conbines with the 17

wi deband conpidebaridysuppressed edrrizy signal mat byhen @iding ®ld digel dS4 to

effectively 18, ., . --cause nore overall conpression to take place at
hi gfl f r equen€pRslitipnadsum, signa) andcthe pijot tone. conpression at | ower
freguenci es. This g b ' ' | . 2 .

tends to be noi si gr@}rggt é‘ﬁ?g’ﬁ??‘4%]‘3’55%‘?1@5&{;}9%?°‘3’#’g{i%es‘§‘b@ct¥“ﬁsuw%n t he
21 4 theespectiaichanid fof dnterest contajning the comentiefithei doditionkd SiANGgrix Pander
and. a a in a decoder (not shown),

spectral .22 ) ndey. [
resbect i vel y?‘?rrfhﬁ W‘@ﬂ%ﬁ%pﬁéﬁﬂﬁcﬂ'@ ap3L+R”, the two spersrahsidebdrdad
Corgr essi on \thi I ' the .24
en(r:v(;der ot he%s}?%‘r?g fé?g(hg_@ggt?ggﬁt g‘t%i fo ic% t’ﬁ?'@%ﬁ@é‘%‘éﬂﬂgﬁfgf‘ﬁeﬂgﬁ%Pﬁéhe
di fTerence Zdifference channel sigaal7}largeavhdndicatgd ag CL-RM, dmPhd pilot iéne is
substanti al | ﬁg&re‘%ﬁ{)v d. 26 - The BTSC standard rigorously
def? nes the af %ﬁl@raﬂ‘?‘ﬁﬁt Ereaveney fg s shownyin Figure 2, in thercompobisesi s
filger 122, gbgaifd heS gibrhdits , ' hgsis 28
fi Igt er 136, %ggalt%g%g%dr?gg?gga?iﬁ?fse! S ll‘ﬁgsehi 81,60%()?2‘?1;@%3@%%@@3 %ed anal og
filQers. 29 conditioned sumSsignalfis mséd 3t 50% of Hulbhaiudnidar dnd tie pil®ode iy ansf er

function for_each of,t 3 . conponents and the transfer

f uhtcti ons argseaeaéc&%(? ?‘?‘ﬁ“@%‘%f mat hemat i cal 31

.representati ons okgd ' fy . efi nes
194 Steréphbhieaele 3 RInOshs He'%\ﬁ 2{%&&5@&%}&8&% ?fe%?sﬁ\g é’?‘é&%lg

t he 32 gain settings, @Gin and
148 r espect havsl performéd admirably, however, virtually every BTSC encoder now in use

/ o
gdﬁ US97/ 094938 ‘\’Aég“%z‘“ﬁ%‘% analog CIrcyitey; tgchnqlagy. o These anglog BTG snceders, 134,

RM3 | evel deaCpartieulady the efalo@differente channel procekdifig Béctionl. S&® @kpr 152
The BTSC sta_ndafr,d al soﬁprovi deg;1 suggest ed uipdel [ nggs 3 ﬂfor t he

opkt at i on of insteasetheRmplEXity, hayeobesor slatively dificylti andtexpensdes tncortstmct. i i t er

17 Due to the variability of analog components, complex component selection and

18 extensive calibration have been required to produce acceptable analog difference
19 channel processing sections. Further, the tendency of analog compoﬁems to drift,
20 over time, away from their calibrated operating points has also made it difficult to
21 produce an analog difference channel processing section that consistently and

22 . repeatably performs within a given tolerance. A digital difference channel

23 processing section, if one could be built, would not suffer from these problems of
24 component selection, calibration, and performance drift, and could potentially

25 provide increased performance.

26 Further, the analog nature of existing BTSC encoders has made them

27 inconvenient to use with newly developed, increasingly popular, digital

28 equipment. For example, television programs can now be stored using digital

29 storage media such as a hard disk or digital tape, rather than the traditional

30 analog storage media, and in the future increasing use will be made of digital

31 storage media. Generating a BTSC signal from a digitally stored program now

32 requires converting the digital audio signals to analog signals and then applying



4 124. Specifically, bandlimter 124 and the bandlimter portion

of over | QN 5 protector and bandlimter 138 are descri bed
as | ow g@g’;ﬂ-@Hﬁers with cutoff 6 - frequenci es BET/USIHAMI3 and

t he overnodul ati on_protection portion_of 7 - over nodul ati on
protkct or and thapRAlogsigesls 1aan analeg BTG encasder.a A Wigieh BTSCencoder, if 8ne

thatplimts t | tud S | § ence,.si gnal ,to 100% of full
o 2 o, B ot i SHE AR fldio SRR REAY RoeBuihemioree
devidtion | evbt nhare ehfily integrated wiiv dthlendigi@! Equeipmegi. 0 subcarrier in a
tel evi sion signal. Si nce encoder 100 is defined in

terrs of mathemat | é&ﬁ“ﬁéé‘é&%mﬁ% epgodep would potentiallyRfferi several advantagest nay

be téought of ' ' r i er. .and 13 -
Dhochoud | o tite Rnd ShfIL ‘gpcé’rr“g@?ééfaté‘ o s lignf feliiologythatisi bl e to
.condfruct a lfunctionally equipdlpsti tocthe idealizetbéncoderof 0Pdded By ERAPFSE hat
exaq.ltly mat ches &h; g(srfor nce of 15 t heoreti ¢al encoder 100.
Therefore, . it SpRIAIY,dRG iy that the, BESGestandant definies 8 the critical BTSC
encggers wl | biitnfs SOIARNEAK t ; efscal ideal, and the BTSC 17
st a?&ar d defi (rzléevsﬁwr)ram méﬁn T m tséngﬁagtrh@aﬁc‘rc}gﬁsaéﬁ %ﬁé‘?ﬁ)ﬁﬁ%“ﬁ?&!ﬂ' GHONSn.  For

18 9 - Asdswel], krioven, BUISER & tisgererallys possitle tdaésigh B G55taf st
ovj de at least 3 db of separation frgglm 1%}aHzmtth§%%0 Hz

pr 19 . from

whelt separ at Fihfrite magpituds or the phase msponse of the digital filter piatphes tmppfiand t o

onlyq one of t rss kd B el s

er rlélneousl y iﬂ&tj %h?)t'? ’elF 'i%%%n‘éﬁf@?ﬁcgr d? ?‘%‘P%ﬁ'ﬁﬁgﬁ‘@ﬁé’lﬁﬁe@%

Thel2BTSC st anteapohses suthduf requiring iacgepamotnts of provesiipnéapabies Ehepdcskagal 23

(rﬁlferred to Q&gei na{tder as hh "conposite signal") that is used to

gerérate the sampled at very, §g§ g falss 05“%4‘3?5 sgpifigantlyrinsreasingabe t e

si adal i s gengsmblegity of Bt diBRal2 . Wi ; %gigkl hangl , the

encoded di ffereﬁh%e s*lgnal ,a%ﬁ?jl gh?ronghglloatngﬁ eﬁﬂ&dﬂﬁ%ﬁ%‘%ﬁgﬁwemy

refldrred to aer tediltasiarder, the emplituds iresponseaf 4 Wigitapfiltet ¢an nbrintdllyi 6nly bei ne

27 16 wave at_ a ffecluenc% f.H \Mgere f)g ifs e%al to 15,734 Hz. The

predence of tRAGIY Biore glosely match that of an analog, filterias the, expense of inceaasing

i ndizcat es to thBdlispaciey Bewebh dhe phie rEdpdHies 02 the hWO HiteksS aaa_ﬁi]ce Yggsa. a BTSC
e

signal rather_than a nonophonic or other non-BTSC signal.

coaﬁosi te si giaweyey, ginge saallerrors i eithes| apipiijudener pimse decreasef the ragmuat of gnal
by 31 X I |llates at twice the pilot, freguency
ac clgr ding to ﬁeﬁgrag}ég?bgéﬂé@ w Hrs® Sﬁchﬁﬁc #t gould (Fpetial P‘["é"r digital ﬂWﬁ@r et
|7 s20i e, to gsmcedér®© closelyhiatdhUbisth thelainplitide afl@'PRAR responses of an idealized

21 encoder of the type shown at 100 in Figure 1.

22 For a digital BTSC encoder to provide acceptable performance, it is

23 critical to preserve the characteristics of the analog filters of an idealized encoder
24 100. Various techniques exist for designing a digital filter to match the

25 performance of an analog filter; however, in general, none of these techniques
26 produce a digital filter (of the same order as the analog filter) having amplitude
27 and phase responses that exactly match the corresponding responses of the analog
28 filter. Ideal encoder 100 is defined in terms of analog transfer functions specified
29 in the frequency domain, or the s-plane, and to design a digital BTSC encoder,
30 these transfer functions must be transformed to the z-plane. Such a

31 transformation may be performed as a “many-to-one” mapping from the s-plane
32 to the z-plane which attempts to preserve time domain characteristics. However,
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have perfor ad abl however rtually every BTSC
encsoder now 9?1“%/% Sfr 8 Qe ﬁﬁ‘ﬂﬁﬁ%éﬁ%ﬁﬁt ééﬁedg‘ohh{ﬂ/lsdéodz thawe to y
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n} eased comttlmcomplm@ mnswel atively di Ffi cuI t and expenS| ve to

struct. 0 variabilit | o onents,
cggol ex corrponent ngﬁeelétt“gﬁﬁ’éﬁ& gfor overcomin &?g’@‘lg developingy e

ben requi r egl digitab BT®C encv@e£pt abl e anal og di fference channel
processi ng sections. Further, the tendency of anal og corrponents to drift,
20t3 over time, away fromtheir calibrated operating points has

alﬁo made |t0ié&¢8ym ISy produce an anal og difference
channel proces@rrrng&rvréh*gt consistently and 22 r epeat abl y

persornms wi t hi n altdis warobjevt of Ahe preséntcinGéritivn 16 subfiml a8 ovetcome
processing section, .if one could be built, would not sdffer fromthese

pr]&ol ems of Y& above-ldenuﬁedcpéwgmmf the: peier RB®n, calibration, and perfornmance
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0 Gﬁ R‘ﬁﬁﬁ@u 'rotﬁ_Lég? o? ?ﬁ  present mvennpﬁ? Vi froggf ﬁ(& pHi

anal 0g na ders
hal8 made t heweighing system.

19 Still another object of the present invention is to provide an adaptive

20 digital weighing system for encoding an electrical information signal of a

21 predetermined bandwidth so that the information signal -can be recorded on or

22 - transmitted through a dynamically-limited, frequency dependent channel having a
23 narrower dynamically-limited portion in a first spectral region than in at least one
24 other spectral region of the predetermined bandwidth. |

25 And another object of the present invention is to provide a digital BTSC
26 encoder.

27 Yet another object of the present invention is to provide a digital BTSC
28 encoder that prevents ticking, a problem that can arise with substantially zero

29 input signal levels. | _

30 And another object of the present invention is to provide a digital BTSC
31 encoder that uses a sampling frequency that is a multiple of a pilot tone signal
32 frequency of 15,734 Hz so as to prevent interference between the signal

10
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.mor eg easi |y i ghestertificludingfa QinhehardieD) io%bssﬁi%" kBB i iti
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t hatgt he BTSCimaiﬁéﬁfgicoiﬂﬁdmﬁarﬁFhasbf&rdﬁ iritb ¢ condftioned sum sig‘ﬂ%rponent s of
unct |

i deal i zed encoder 100 in terns of analog filter transfer ons. 9
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SO at 10 . ' | e or the phase response of the

di gli{]m fil teF‘en‘éﬂfgeﬁ%‘%cefc?]‘g@?%P&g‘%sﬁg%&M' analog filter, it is
exttzmely difficul tAridanttheriobjedt of the prasti inveltionisl «d prsvidel 2 digital BTSC
responses wthout re&l.lu ring |large anmpunts of_ processing capamgty or

pr o&éssi ng 13encoder 1 “d‘H&%ad‘S agiable: emphagisimif, theswmif inclpding e digital wi t hout
sigfgficant!ygl gasi ; : i £ the digital. filter.
Wtﬁout i ncr eé’?ﬁ%ﬂgﬁgﬁ g'?&t ee}'égar%ﬁe%%edf ?’ég(&}egﬁggféféxﬁ%‘m& trangtlegfut{c B¢ | ter

ordES, the anphd thedenit spiwerdncloding aldeviteoforfselething thercosfficiatts ¥t 62! varfaslel 6

made_to nore claogely match that, of an analog filter at the expense of
i ncf@e asing  coefficient transfer function as a function of the signal energy of the encoded
17

difference signal.

18 Yet another object of the present invention is to provide a digital BTSC

19 encoder including a composite modulator for generating a composite modulated
20 signal from the conditioned sum signal and the encoded difference signal.

21 Still another object of the present invention is to provide a digital BTSC

22 - encoder that may be implemented on a single integrated circuit.

23 '

24 Summary of the Invention |

25 These and other objects are provided by an improved BTSC encoder that

26 includes an input section, a sum channel processing séction. and a difference

27 channel processing section all of which are implemented using digital technology.

28 In one aspect, the input section includes high pass filters for preventing the BTSC
- 29 encoder from exhibiting “ticking”. In another aspect, the BTSC encoder uses a

30 sampling frequency that is equal to an integer multiple of the pilot frequency.

31 In yet another aspect, the sum channel processing section generates a

32 conditioned sum signal, and the difference channel processing section generates

11



17 the disparity between the phase responses of the two filters,
and vice versa. 18 However, since small errors in either ) i
anpl i t UYQ GH7 Hﬁase decrease the amount of 19 o ROFASATIOMNI pr ovi ded
by BTSC encoders, jt would be essential for a digital BTSC 20

enchder to cemé§aeadedudifferenes signak aaéqshq M@hm pmsssmge&epm incluges an

I deql i zed- 21 ﬁﬁg@%; e in Figure 1. 22
Fo?a di gi tafoxgmnésn{‘%der [ﬁ Q\P hé% %%%rgg‘fé&%\é&b@w "gtj % s 23
crizical to pmmpmsute fohany Iphasecéreorssihiroduced intbaheendoded Eiifl’ér@éc% siinaf By

| deal i zed encod 1Q0. Various techni ques exist for de5|gn|ng

a dtgital fi F}{ee‘f‘ffFanﬁﬁFB‘I‘P‘{ehBr%ssmg section.  performance of an anal og

2 dlgital 111 cer (roust &y B0Rel asplf e WVEROANNIAD an pdoptiye i o

27 6 weighingsystem fers grmoding amabcmﬂcqumﬂﬁbm blghhleoﬁ‘@ﬁfeﬁéﬁﬁﬂﬁka g
responses of_ the ter, ldeal encoder 100 is defined

inkterms of 4ndv s Oﬂ'@f g’r"‘ ’F‘fﬂ’ﬁ'ﬁ"&ﬂs“ €41 beFecorgled on or transmitted t he
freguency doffabigh @ldyhificnplififed, TAubity ARkt ngﬁﬂuxﬂbigﬂ il 2 gahver'S,

t hese transfer nct ons must be t RWH 31
tramsf or mat i dynmyalbelxpmeﬂcponmh #rs a firStnspectrdl aegion thaimm néast ogvthee S- pl ane

Ch}pr acteri stFR?guaf-&eSé}Z}b& e pre which attemnis to preserve tinme domain
9

11 WO Qﬁﬁﬂﬂél?ob ects and advanta f
PCT/ US97/ 09493 ) I'n such a tgre%r?s e senghnvt Htloq ‘r"él(lqllj)gcr?c domai n

responds ar madlljo Japparenthaﬂhpsesskl@ed in the art from the following hietailed @esdiption

i gnifigcantl ernat I the tr for on .be 3
;S)ia?f Ior I d asx’g el SEVerR Icﬁ% al? 3 f’ﬁ&éscﬂwﬁé“f‘ﬂytm'ewﬂ Bf ane that 4
conpr 93395 t ifsfRtiod 8f Wﬁlddatdf thé‘ﬁl\féﬂﬂlén CIASQ)Il?a% Eﬁfedz Entiddovever,

such a ession suffers fromthe |ar requency
war pi n@5 bet mpablh@faq&fcﬁgxd different embodiments, dnd)iits akveralodatailscare sapable

Prewar % Ng Cc&f o%xfe anoﬁ)Q/ Fndvgr?ou%or@pee%?taﬁ wﬂmu& Hepartmg from the invention.

17 | Accordingly, the drawings and description are to be regarded as illustrative in

18 ©  nature, and not in a restrictive or limiting sense, with the scope of the application
19 being indicated in the claims.

20

21 Brief Description of the Drawings

22 For a fuller understanding of the nature and objects of the present

23 invention, reference should be had to the following detailed description-taken in
24 connection with the accompanying drawings in which the same reference

25 numerals are used to indicate the same or similar parts wherein:

26 Figure 1 shows a block diagram of a prior art idealized BTSC encoder;
27 Figure 2 shows a graph of the spectrum of the composite signal generated
28 in accordance with the BTSC standards; '

29 Figure 3 shows a block diagram of one embodiment of a digital BTSC

30 encoder constructed according to the invention;

31 Figures 4A-C show block diagrams of low pass filters used in the digital

32 BTSC encoder shown in Figure 3;

12



7 frequency warping effect, however, prewarping does not

conpl et elwy elimnate the 8 deviations fromthe desired frequency
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wei ghi ng 6syst eie tariabisemphas fiterchsedtinithe spéciad EoMpreBion vaahoWn @ %ggre
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dependenty channel ' R . I nam.cal.ly-1Lim.ted
portion }sn a first Irg%derg??gﬁ stggi‘votr’\lo‘f%gﬁa %?%B %@IXF élgg%zgengg% s\éallmg that may; ey
spectral 9regi be uséd tdpreserve etsolutiorcahdodevivdsd ithe cRince of saturation in fixed Cp(g}gfj

anot her object of the present invention is to provide a digital BTS
encoder 1027  implementations of digital BTSfoenredersisoastructed acrording 3o the invention;on

Is to prqvide a di g . e revent | cking, a
pr obl eml'(tihat can aﬁlé'g%vm &? gﬁg?tglrlﬁq g% d;%r?%qﬁg tix@%%m%os:e "}oﬁB Ofsi gnal

| evel s. 130 shown in Figures 8B-Qdrghdanot her obj ect of the present invention is
to provide a digit encoder that uses a sanpling

| BTSC 31 , .
frequendy that is ‘gﬁthISpﬂ%’@Wéfa blopk dingram f opeiveferred embodiment off suse andicy

‘i{) 15,734 M2 gftrdiende i GibedsBing sbicH Gfiat My 56 hstd' fn SigHAPBTSC encoders

15 constructed according to the invention.

16 _

17 Detailed Description of the Drawings

18 Figure 3 is a block diagram of one embodiment of a digital BTSC encoder

19 200 constructed according to the invention. Digital encoder 200 is constructed to
20 provide performance that is functionally equivalent to the performance of
21 idealized encoder 100 (shown in Figure 1). As with idealized encoder 100,
-22 digital encoder 200 receives the left and right channel audio input signals and .
23 generates therefrom the conditioned sum signal and the encoded difference signal,
24 however, in digital encoder 200 these input and output signals are digitally
25 sampled signals rather than continuous analog signals.
26 | The choice of sampling frequency fs for the left and right channel andio
27 input signals significantly affects the design of digital encoder 200. In the
28 preferred embodiments, the sampling frequency f; is chosen to be an inieger

29 multiple of the pilot frequency fy, so that f;=Nf,; where N is an integer, and in

30 the most preferred embodiments, N is selected to be greater than or equal to
31 three. It is important for encoder 200 to insure that the conditioned sum and
32 encoded difference signals do not contain enough energy at the pilot frequency f;

13



WO 97/ 47102

PCT/ US97/ 09493 I nformati on of the encoded signal with the
pi l ot EA&74T ahar 2 Still anot her oBCIBISYUIINc
invention is to provi de gtr tal BTSC encoder for
generatli ng 30 a¥eidets Bithgh %H s‘PB?réFP“%B‘cﬁr‘r’eéﬁ%&?e‘%P@qsﬂersmb Asgwidl t hat

f requency ofbc ﬂi)&k/’g%% I-@%?qaétﬁh b}é]oOP iP is%ééef&g%reggang% Frgerr ftdg?sgg{)m%% t he

presenB i nvem filtersiin dlgltzp rencodte 200cto girdvide @il $kceptionally large degre®Bf 0der

I ncl uding a sum channel sin ectiop, for generating the conditioned
7 4 attenHation At e cﬁ%ﬂ gﬂé’ﬁéé"ﬁr‘@@%gfﬁ@nﬂb@! frequensy fgener ating

t he en(5odedsxm ifies the desi no@'sﬁét?ﬁﬁ&%e signal, the sum channel processing )
section including vrce% i nt roduci ng conpensatory phase
errorsbinto the dhgltaltemndct Zﬂ!’r)rmsluynahnnnput@ecuon 210, asuﬁpémﬂélate for any
phase e7rrors I nt r.oduced oded d| fference signal

t he di f'f er e REXFSEH I ﬁ%“'lnoﬁlr%be@gr "hﬂ anngp processing section 23% Rather anot her

obj ect gof t 1B |

encoder [ nclﬁﬁ‘agps' %r tailqltllll a{rhrea efégerr% asl s ﬁrog%sgin% %‘?%‘ﬁ%‘f’ﬁdr ng a
di gi ta® 14 digital technolwg}’,r albmreeaq:mm 210, 220;1230hm¢ anplefriecatd ditirély (Ringab! e
coef fici ent tra r func and the unit further |nclud|ng

a deville f thga“é plgey hteM flale individua} °‘E"HB°’¥F§FS| ipyligitalgencoder 200
coef f ijgi ent réspadtivety céﬁes?bhmo ﬁﬁhﬂdﬁé&%hifﬁﬂem i E&aﬁiém{coﬁélﬁw anot he

encoded 17 erence signal t her
obj ectl2of t igengsake shercomponants ofndigitak encpden20fchave diegn selectBd SC tHA their

encod i ncl udi CWelelays) osi,t e, mdul.a or for.generating a conpqsite
modul ded 2amplitine respo %ﬁ‘dﬂ%ﬁ‘y SEBRINS FBpIE Eﬁﬂ’ewgﬁ WEE t he
encodgq di fE@fr@diféﬂdﬁigMpon@ﬂts in encoder 100 Thls oftél teshit RPHBR b&ﬁ%%‘:t of the

pr esent invention is to fpl’ ovi d 3& enc er that
may bdSi npl &glativedy large gi &mgceebthcetg tmsecrqsmnscs of gorresponding Summary

of th 6 nvep T er. objects _are provided
by an |rrprov&lclr’8§t1é§)s eﬁ‘\gg dlng(}??nezﬁspect Jﬁﬁgp?egg’?tﬁgpwgg ap‘ﬁfﬂf’t section, a
sum chdnnel providessin digitalcericoder, 200nfbr Tothipkhsating €6r 8:7nulllg'mg these phasennel

processing section all of which are inplenented usin gital technol ogy.
28 i% diffqrencesc onphaAse errorh e Asipose skilled i the ary ‘Mﬂb@ﬂtc@ﬁepmﬂ@lwﬁiy ters

for prgvent gfglglltp?&ﬁsg’%&%ﬂ the difference chﬁﬁ‘fe‘? Pedeeldifd séckiBh 230! sy vk ' CKI NG"- 1N

another asp enco er use
20 compensated for by introducing sumlar phase errors in the sum channel

21 processing section 220, and implementing the sum channel processing section

22 using digital technology simplifies the introduction of such desired compensating
23 phase errors.

24 The input section 210 of encoder 200 includes two high pass filters 212,
25 214, and two signal adders 216, 218. The left channel digital audio input signal
26 L is applied to the input of high pass filter 212, the latter generating therefrom an
27 output signal that is applied to positive input terminals of adders 216, 218. The
28 right channel audio input signal R is applied to the input of high pass filter 214
29 which generates therefrom an output signal that is applied to a positive input |
30 terminal of adder 216 and to a negative input terminal of adder 218. Adder 216
31 generates a sum signal (indicated in Figure 3 as “L+R") by summing the output
32 signals generated by filters 212 and 214. Adder 218 generates a difference signal

14



30 sanpling frequency that is equal to an integer nultiple of

the pi.lot frequency. 31 In yet another aspect, the sum
channel MO¥EIN2g section generat es a 32 condi PCOIUSA/a9493 -
signal, and the difference channel processing section generates

11 1 (ingdicated/in Fige 3 as “L-R”™) by subtracting the output signal generated by

T SO o T 5P 2 o S F

i ntroducBng athefsfofe Shmilaf td fHpat bé&mﬁmw EheWe Gt Figliré Ilslikabve{:& tion 210
conpensate for any phase errors introduced into e encoded erence

signal b$ 4 additionally includes meftﬁ@rl@gb@asm&hmmar 81;45994& ggnemtes idigital sém

According to r ect, the invention provides an adaptive digital
6 s @Sﬁ&%&gﬂﬁ% for encodi ng an electrical information signal

of a preget erni nedHigh pass filters 212 bamw&éﬂab@qlatvaéhbéthlpfx&éﬂ%i fpGisasa!

can be recorded on or transmtted
dynani caVl y- | #ndl preerablysgmene D @er?@ﬁl]’@ﬁ@m& ifeom ehe ha\mxdgngmmm/audme

dynami ca ly-1 rtio ,on tha at | east one
ot her b it & ?gngs)‘gec safﬂ p%%' £s lﬁ%ﬁ“&ﬁ’ ‘if& Eﬁ We&"ﬁ%&ﬂﬂ&?‘ﬁ"

11 9 pxsmttk enéduef 200 feovh exhibitingdy behagsSrefirrdd'® £2"¢ » NgaRL i on
will becone readi |y apparent to those skilled in tfie art 1rom

the fol ABwi ngtbéé’PQM information; Gontest, of the lefiiand rightichannel aydiocinplit sigimisinfrent s

are sho I r at the
st b of PRETEIS BEdcd'R) Ye WiHEY fquency bardfberwelr 3§ HA fid 15,080 ,

is capatb2e oszI i'Emowhdf dDCf.@bmlbnmtbddemtmtcrﬁreimm&héﬁ‘éﬁﬁﬁissx@ﬁtoi'dlé? are
capabl e nodi fications jn var| ous res%ct s, all wthout

departi by f ro%f?fﬁb“ﬁoﬁ\f'é’ﬁppbﬁf the audio signals. Ailtess B 12¢2}4, therefares prefgeablingd
descripyjon afKelPolBef Eﬂ@}gbélﬁvﬂ 50 6 & ﬂ({lllgll’(&ﬁg?esfgxggl h%‘;étzh tgﬂ‘gt ure, and

not in a restrictive or il ng sense, l'i cation
19 bés ng i frequeacy delow l(h #Hzsothat they wilt not remove any audio information

16 contained in the audio input signals. Filters 212, 214 also preferably have a flat

17 magnitude response in their passband. In one preferred embodiment, filters 212,
18 214 are implemented as first order infinite impulse response (IIR) filters, each
19 having a transfer function H(z) given by the formula shown in the following

20 Equation (1).

—-1
21 Hy=1Z )

. 1+az"!

22 Referring again to Figure 3, the sum channel processing section 220
23 receives the sum signal and generates therefrom the conditioned sum signal. In

24 particular, the sum signal is applied to a 75 us preemphasis filter 222. The filter
25 222 in turn generates an output signal that is applied to a static phase
26 equalization filter 228. The filter 228 generates an output signal that is applied to

27 a low pass filter 224 of section 220 which in turn generates the conditioned sum
28 signal. .
29 The 75 ps preemphasis filter 222 provides signal processing that is

30 partially analogous to the filter 122 (shown in Figure 1) of idealized encoder 100.
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20 21 Brief Description of the Drawi ngs 22 For

. a fuller understanding of the nature and objects of the present: .23
i nvent iW@37/48P2r ence should be had to the foll owi ng det aireRiusizoe498pt i on
taken in 24 connection with the acconpanyi ng drawi ngs in which

the sanmd ref Theamplitude resitinse of filter222 lis preferablyesticcted todiloselye makch thane or
simlar_parts ereln: vy 2Q. i gure 1 shows_a bl ock di agram
of a prfor aff M}B’é?ﬁz&f eificpe gﬁ&ﬂ?f&‘? further befoﬁ, means are preferably, prayvidedsyows
a graphzof t{eqisfecdice eiamtiel pheceSARAP I8dtioh 2I00RR |coflpe - in
accordance wth the BTSC set andar ds; 29 cofifp ﬂaﬁbﬁqﬁ 3’6% gl@%%'hcg\s/vs a
bl ock d#agr ain the phase tasponsesrofi filtefs 222and 122. BT 96 preferre® @mbodimemoder
construct ed cordi ng. tqQ the invention; 31, . Fi gures 4A-C
Show bl Sck oltigy 2 RoimiepFTisd 3¥ & st ier IR, B hring o gransfer funconglie
?-ZI-SC ensos\g r gx?;‘ %ﬁﬁbﬂ Byt formula shown in the following Equation (2).

PCT/ US97/ 09493 1 boEbguFe 5 shows a detailed bl ock diagram of the
wi deband@ conpressi on udl@=2——used in the @)ital BTSC encoder shown in
Figure 3; 3 Fi gult¥®B shows a bl ock di agram of the spectral
conpression unit used in 4 the digital BTSC encoder shown in Figure 3; 5

6 2" Trf Vari abi o SERE AR baiBERICE R Y A8 b IO biFesping s B30 sl °

shown i 8 Fi ganalogbus to Gny &f the components-ingidestized AnCoded 100L(skhwwn G Fgure) .t hat

et 238 S S ke e s o ik 2 ™
11 used to introduce phase errors that compensate for phase errors introduced by
12 difference processing section 230. Briefly, static phase equalization filter 228 is
13 preferably an “all-pass” filter having a relatively flat amplitude response and a
14 selected phase response. In one preferred embodiment, filter 228 is implemented
15 as a first order IIR filter having a transfer function H(z) that is described by the
16 formula shown in the following Equation (3).

1

ay+z”
17 H@)=— ®)
1+az !
18 Low pass filter 224 provides processing that is partially analogous to

i9 bandiimiter 124 (shown in Figure 1) of encoder 100. Low pass filter 224

20 preferably provides a flat amplitude response in a pass band of zero to 15 kHz

21 and a relatively sharp cutoff above 15kHz. Filter 224 also preferably provides an
22 exceptionally large degree of attenuation at the frequency fy of the pilot tone (i.e.,

23 15,734 Hz). By providing this exceptionally large degree of attenuation, filter

24 224 insures that the conditioned sum signal does not include enough energy at the
25 pilot frequency fy to interfere with the pilot tone used in the composite signal.
26 As discussed above, selecting the sampling frequency f; to be equal to an integer

27 multiple of the pilot frequency fy simplifies the design of a filter that provides an
28 exceptionally large degree of attenuation at the pilot frequency and therefore
29 simplifies the design of filter 224. Filter 224 preferably has a null at the pilot

16



10 I mpl errent ations of digital BTSC encoders constructed according to the
l.nventi on; Figure 9 shows a detail ed bl ock diagram of the
conposmy%’dﬂll%ﬁ or 12 shown in Figures 8B-C, and 13  PCTUS97I0949X qur e
10 shows a bl ock di agram of one preferred enbodi nent of sumand 14

di ff erende chraauengy Gcabkprisierably provides hbleastehP & ofi stehuiationl |fgu alhl BTSC

Dosort pt i%on ofPERERES AR TR telilehd) £\ (MR AP e sifipl pate; cor am of
one enbod nent of Fighgi tmlxs B bisckediageed ilhBtrating 6k ﬁﬁ?&ié@&hﬁ‘éhxﬁa@ﬁpéﬂlow to

the inventi on. gltal encoder 200 i s constructed to 20 provid
1

per f or marfce t Pass filter 22t Ashomp iadtigues 40 filter 224 may bedmplementest b521

i deal i zed enc 0 d ali zed _.encoder 100,
22 di % tal %g%%gé%rﬁé%ﬁﬁ%scégpe@sgﬁ?%ﬁl aﬁ#*r%t P Preferzedyi o nput
signals &nd 2&mbodgﬂmraﬂtfbletﬂﬁwr€s‘ecm3w 3apdB14,03%] 338rSkegth2l and the
encoded iffenenfe si gnal , however, in digital encoder 200 these

i nput and out B emented & %F‘Ew&gd%r@%ﬂ IR Giter havmsn&mt@&rsfugnmns H(z) whichtdran
conti nuoys an%'eflg?b%h 8 foﬁ'?ula shown in the f&ﬂ%ﬁgﬁqﬁﬁ% 4§arrpl i ng frequency

flerr] for the rig hannel "aud ignals
significantly affects the depi gny afp digi tal encoder 200. In the 28
preferre® enbodi nents, tHE)s aﬂ;pu-ugir-equency f[err{4)is chosen to be an

i nt eger 29 mul tiple of thd+gjad e, Pequency flerr], so that
flerr]=Nf[err] where Nis an integer, and in 30 the nost preferred
enbodi ts, ected t e ual to 31 three. It
i's inportant 8rméﬁ H@’Ps%ﬁiﬁﬁgﬂ"ﬂ &'Lég‘t tﬁ'[}ﬁ"ei%‘gﬂ? pthprder HRfiliesg 32
enc ggggc13| f 1E oy ence Refaigagdthn #OFighRNb Al difteiale ERRNEYpratessihl RLddH 230
WO 97/ 44202 receives the difference signal and generates therefrom the encoded difference

PCT/ US9 71/30949:;’1gnal The difference signal is applied to a low pass filter 238a which generates

14 therefrom an output signal that is applied to a fixed preemphasis filter 232a. The

15 latter generates an output signal that is applied via line 239 to an input terminal of
16 a wideband compression unit 280, and the encoded difference signal is applied via
17 feedback line 240 to a detector terminal of wideband compression unit 280. The
18 latter generates an output signal that is applied via line 281 to an input terminal of
19 a spectral compression unit 290, and the encoded difference signal is also applied
20 via feedback line 240 to a detector terminal of unit 290. The latter generates an

21 output signal that is applied to a fixed preemphasis filter 232b which in turn
22 generates an output signal that is applied to a clipper 254. Clipper 254 generates
23 an output signal that is applied to a low pass filter 238b which in turn generates

24 the encoded difference signal.

25 Low pass filters 238a, 238b, together form a low pass filter 238 that
26 performs processing that is partially analogous to the bandlimiter portion of
27 overmodulation protector and bandlimiter 138 (shown in Figure 1) of idealized

28 encoder 100. Preferably, filter 238 is implemented so that it is substantially
29 identical to low pass filter 224, which is used in the sum channel processing

30 section 220. 'Any phase errors introduced into the encoded difference signal by

17



1 tointerfere with the pilot tone that is included in the conposite
signal. As wll 2 be discussed in greater detail below, it is therefore
desi r aV@OP/47108t | east some of 3 the filters in digi trdTresyensios 200 to
provi de an exceptionally |arge degree of 4 attenuation at the pilot

frequenty f[filteq 238 are thefeforehaingrensdted aywalzmng rpﬁﬁséeéﬁ&sftﬁﬂrirl imtroduced

sinplifies the g;amgn of such filters, gital encoder 200
i ncl ude$ an ¥ e conditioned sum signal by ﬁ“%!'nm Filter 23§rlbpﬁsnabb' splic inton 220
and a dgffer Ihan S|rrply
i npl errent i ngﬁtﬁ?ecgﬂa??Zgéeaﬁ%@%ﬁ#ﬂ@nﬁ%é&eﬁg?@ngﬂggﬁl% ssed R greater

digitaldtec hchlkxb@ylo“aldndtﬁiter&mcprefcm)lﬁhﬁs a ) at 2ROpiddtFréqieh@ BNt ed
enti rel%z usi ng 10 {gl al tech %g% &/Jg y.of the indivi dual” conmponent s
in digital encodeFiB%e arer'é'?ﬁ‘é g il W%%P@&rtmbadmbm of

conponegt s |@,c|rg§,}g :@@ﬁl@&cﬁ%"araﬂﬁ%sﬂ Agg?%w% "?ﬁ%‘?’@ﬁ %ﬁgﬁzgﬁ)onents of

di gital encoder have been ected so
respons®s cl mnplemenlnddiy dahmdmgﬂne& filter seeyibhg 1R 3145308 U8 a0¢ ideRBid) td4

corresp ndi n ts in.encod 0. . This often results in there being

a 15 reI al SEBFaﬂ&é SAFHigns Usk é“ b&ﬁv@% (shewn,inFigusectA) rand as shown

corr espgndi OFReR qﬁohﬂi t [ esent

i nvent P%n kil lii?ugerée Qgég\lﬂage | lﬁlﬂgl appencogﬁg tgﬁot'l%ed- gtb??ﬁensatl ng
for or1@ul | |3§2 rig6ttlletsarepﬂanmalltb the twiofxfemaéiﬁng?sectloﬂs pledsia filker@29. As those

skillef in the arg. w,l|l a reci te éfl%%el smal | phase errors in

the difterence ch H‘ﬁglprfﬁq ﬁée 1§ 2343 “bglgm)e 3) togsBwpéorsmaed f or
by int ypduci ﬁﬂe&b{ébh\?had?i‘ﬁﬁ@r 23 ab peifohdi€ piie Bl rﬁﬂmu adicRpes % N9

section 220, and enenting the s cessl
using W git aﬁltt:relﬁ'?htshggy igiFiguuef 1 )eof lﬂcﬂxzedltencmﬂac tloam 'Idfe ampiitudhamsp@dse

conpensgati ng hase_ er,r.ors t section 210 of
encode ‘? 200 ?fznfgllt?fd%?ofsvaf ferahly 58 1§§‘°$ it F@sglyﬂ‘zt‘:hf? amp] tgﬁaresaﬁ@et% si gnal
adder s1216, fifté 13Bheln 6hé emboainmint Jingipghdte fgptinked Gpﬁ&er%'ﬁaadnd%@z are L 1S
applied to the input of high pass filter 212, the latter generating

t her ef Hom arsigmificantly,differents pachas wilh be discussed|in geeater detail bélow, theput

term ngys of 6 put signal R
o appl] o 1 'sAlHEE Phackterrord e Ebfbplitared, ok BV RO S8 and 528 B bl 3, O

t her ef 1®m archanhglyiroséssing|settici 226, Hilgdri 232 is prefedB §plit SntotRié sedflons

term nial9 of adder 216 and tg a negative m@t termnal of adder 218. Adder

216 31 geHds 2848 25 shopm doryrrasons; they will bejdiseussedybelews Inso
sunm ngp the GHhdiiiined? filters §39M3%%9@5&{ ffpiteritbd bE Fiist DhEer MR ikds Adder

218 generat es rence si
21 °  having transfer functxons H(z) that are described by the formula shown in

22 Equation (2). So in this embodiment filter 232 is a second order IIR filter.

23 . In one preferred embodiment, the difference between the phase responses
24 of filters 232b and 132a closely matches the difference between the phase

25 responses of filters 222 and 122. Therefore, the phase error introduced into the

26 encoded difference signal by fixed preemphasis filter 232b is balanced by the

27 phase error introduced into the conditioned sum signal by 75 us preemphasis filter
28 222. Further, in this embodiment, the phase response of static phase equalization
29 filter 228 is selected to closely match the difference between the phase responses

30 of fixed preemphasis filter 232a and filter 132b, so that any phase error
31 introduced into the encoded difference signal by filter 232a is balanced by a

32 compensatory phase error in the conditioned sum signal that is introduced by

18



14 WO 97/ 47102

PCT/ US97/ 09493 1 (indicated in Figure 3 as "L-R') by subtracting the
out put sWhEHA®her ated by 2 filter 214 fromthe out puPCHYHAPIO3 -
generated by filter 212. | nput section 210 is 3 therefore simlar to
i nput sedk i on statis phase ggualization fillter 228however, section 210 4

additionag) ly inclu ' Jilger. 14. and geper at es
digital €ums5 %@P@%%?%ﬁ@ﬁ%@ﬁ%ﬁig& éi“_'e‘ i§ pg&‘?auyz?mﬂgaﬁs BLE i rers
212, 214 pref eyvelhydillatien provedtivnt portiby of deermdimlatioREORERS afd band@ffler
preferabl(% renove D.C. conponents fromthe left and rlght channel audio 8

i nput si ghal s.138(shewn ip Fignre d) qi1sed) in jdeglizeg: encodert Hi0. Boiefly, clippes 264 Gs
| X LOLL ' o f d .
e oking i Nplfinted 86 Wilesttibing EX Botbbsh the okl OF pligpef 258 S o°

.channel &udi o bendisdussedoimogreatef déchil belovat erest i s considered to be within a
frequency. band between 50 Hz and 15,000 12 Hz, renoval of D.C

conponent’s does not Widgbapd cpmpggssientunit 280and spesiralcompression gnit 290

i nformatign c di [ wabtlters, 212 214 her e e,

prefer ablg; 14%%2@\/@10 gés?ﬁgiﬂ.ﬂéﬁg@q@é’tﬁ%?/ pB‘EM(X/ a’:':%lqg??s é%émﬁﬂ% é‘nﬁ? i&é\?&%l y
have a cu of f 198, respettbalyssfyideslized ehboddz 190 (slwim i Bigusé |1?. ‘Bileflycove any
audi o information 16 contained in the audio input signals. Filters 212,

214 al solbr ef dyidebandigorepressionypnit 280 dypargicatly gempeessesiibe signal priline 239ssand.

| f ' bl . [ npl. d
ot ontder ©f A finEiae ot Bbveral ehfES 16ve in btk encoldd atfctede AT UhE Spdiiay
t r ansf er12f uncicompression wiit/290 fyrthidreofmpressésohigh dvequencyt portions b e dgri on

Equation (1). .. 21 Hz)=[err 1
q 13( ) line 281 as a-function of high freqlgen)cy e[nergy] in the encoded difference si(gngl.
14 Figure 5 shows a block diagram of a preferred embodiment of a digital
15 wideband compression unit 280. Unit 280 includes a digital signal multiplier

16 434, a digital signal multiplier 446,"a wideband digital bandpass filter 448, a
17 digital RMS level detector 450, and a digital reciprocal generator 458. These

18 components perform processing functions partially analogous to those performed
19 by amplifier 134, amplifier 146, bandpass filter 148, RMS level detector 150, and
20 reciprocal generator 152, respectively, of idealized encoder 100 (shown in Figure

21 1). The encoded difference signal is applied via feedback path 240 to an input of
.22 wideband digital bandpass filter 448 which generates therefrom an output signal
23 that is applied to RMS level detector 450. The latter generates an output signal
24 that is representative of the RMS value of the output signal generated by filter

25 448 and applies this output signal via line 450a to reciprocal generator 458. |
26 Reciprocal generator 458 then generates an output signal representative of the

27 reciprocal of the signal on line 450a and applies this output signal via line 458a to
28 multiplier 446. Digital signal multiplier 446 multiplies the signal on line 458a by
29 the value of the gain setting, Gain D, and thereby generates an ou'tput signal that
30 is representative of D times the reciprocal of the RMS value and that is applied
31 via line 446a to an input terminal of multiplier 434. The output signal generated

32 by fixed preemphasis filter 232a is applied via line 239 to another input terminal

- 19



22 Referring again to Figure 3, the sum channel processing

section 220 23 recei ves the sum signal and generates therefromthe, -
condi t i W34 signal . In 24 particular, the sum si greanusesagspl i ed to
a 75 [err]s preenphasis filter 222. The filter 25 222 in turn generates
an out pdt  si gﬂmultipﬁer 44. aMiiltiiﬁtﬂMManshipliéstlph@ml Bﬁ line 239(yedhe Zigriabn
filter 228. Th rqyf?iztggggnerates &%outﬁ S#‘ﬁg that is applied to 27
a | ow péss fPP Y §FneIatss of; Widgognd epmpressionunit 280

condi ti gned yhpRIR applied Qﬂﬂme 281 1o the lngut of ?I&?aﬂc%rr[dﬁésrsl &ﬁ?ﬁﬁ) hasi s
filter 222 provides 5|gna processi ng art y ‘@nal ogous to

the filder 122 (srwmbaml ﬁgyakMpaasfﬁlmebﬂ&mddsngmﬂ)Mavé% amplitude
15 WO 97/
PCT/ US9?/ 094§%“P°‘lse e that qinsely, matehes dhe pmpliide desponse of bandpass filter JA8f er abl y
sel ected to ¢dnowal th FRbf 1) h%e%referre@fch&ckg@fo é?e%t fifter %# Iso i Phe’ il €4
further bel ow, .nmeans are preferably provid d erence channel
pr ocessiing seq,uarodlfﬁmnqeobetwmnmmphmdefrospoaswauﬁ ﬁ!’atao'éﬁltes 148are in the
phase responses. of ers 2 n one ref L ent ,
Pliter 5551 Bifirate b 80 soPRaPR, 5 nhafe fiporRt e diter ¢ g 145 ares o
fE unCE .09 I(*( Zku&tantlally li¥ferefit, bR Sincd ask &itpﬁthﬁgﬁa]? oM RMY Wiel detbdiSr ?% | owi ng
uation = [erfr
q 10 is substannally insensitive to the phase of 1Its input signal, these phase differences

11 may be ignored. In one preferred embodiment, wideband bandpass filter 448 is
12 implemented as a second order iIR filter having a transfer function H(z) that is
13 described by the formula shown in Equation (4). |

14 RMS level detector 450 is designed to approximate the performance of
15 detector 150 which is used in idealized encoder 100 (shown in Figure 1).

16 Detector 450 includes a signal squaring device 452, a signal averaging device
17 454, and a square root device 456. Squaring device 452 squares the signal

18 ©~  generated by bandpass filter 448 and applies this squared signal via line 452a to
19 averaging device 454. The latter computes a time weighted average of the signal
20 on line 452a and applies the average via line 454a to square root device 456.

21 | Square root device 456 calculates the square root of the signal on line 454a and
22 thereby generates a signal on line 450a representative of the RMS value of the
23 output signal generated by wideband digital bandpass filter 448.

24 Averaging device 454 includes a digital signal multiplier 460, a digital
25 signal adder 462, a digital signal multiplier 464, and a delay register 465. The |
26 output signal generated by squaring device 452 is applied via line 452a to one
27 input of multiplier 460 which generates an output signal by scaling the signal on
28 line 452a by a constant ««. The scaled output signal generated by multipiier 460
29 | is applied to one input of adder 462 and an output signal generated by delay

30 register 465 is applied to the other input of adder 462. Adder 462 generates an
31 output signal by summing the signals present at its two inputs, and this summed

32 signal is the output signal of averaging device 454 and is applied to square root

20
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8 Static phase equalization filter 228 perforns processing that

I.s not directly 9 anal ogous to any of the conponents in idealized
encoder WOO7(@gt@2wn in Figure 1). 10 As wi || be di scusspdriusonésass er
detail below, static phase equalization filter 228 is 11 used to

| nt roduce phasievies sGovia lint 4Sa8D Tie bemied siEhaPR A5S MplicbAMUARH &y 12
di fference processing section 230. Briefly, static phase equali I on

filter 228 i s muitiplier ¢fdcwhichigeperates 2l outputssignal byt sealing: therspramed: kighalVisy y

flat anplg tud d | ed er on .In one
pref er ?25 elrjrbglé‘f rgr%%?ﬁﬁ?h ér%?%é%u‘ismmggﬁs muﬁi%ﬁ%”i&* isapplisdder 1 1R
filter havingan ihpuwtretf delay tepistérof6sH( Thosfef'sﬁllddsin(;kﬁé Gt WAMapprediae i "

formula shown in the follow ng Equation (3). 17
[err] 5 averager 434 is a recuisive filtgr3and imsplements a digital qvevagimgs farictibh ehat224

shown 119 Fi g1 Bk B th pike bl B v JpGipe aiion Bb o1 abl y

provides7a flat anplitude response in a pass band of zero to 15 kHz 21
and a relatively sharp cutoff above 15kHz. Filter 224 also preferably

provi des 8&n 22 excepiitlmox(y(l-apr-Begr ee of adhenuation at the
frequency f[err] of the pilot tone (i.e., 23 15,734 Hz). By providing
this excéptionally |arge degree of attenuation, filter 24 224 insures

t hat t hd0condin whichdy@)nepressmtd théansrenodigitalctansisie ©F ehto s ﬂﬂ%ﬂ%ua}g the 25
pilot fr ' wi th the pilot tone used in the Conposite

iquenc th&Alunt rferg \ d.1n

signal . e  averager 434,Qn lne 4883.cy(nsb) represenss thecprevions digital samplerafithé [ er r |

to be eqgal tQisam diths \i | Lheqency flerr

sinplifies t hgxgggls?%}kﬁdﬁ avefager 45K %%*‘H%?%ﬁ’ BB tresehiS e 8}5%?’&@_5\‘

| ar ge dddree simpletofrthesignal edtpttisy squating fdeeitea45Q)orelifie 455 €TR6& A8lled in
sinplifies the desi“gr] of filter 224. Filter 224 preferably has a null at

the pil (;?1 ~ the art will appreciate that averager 454 provides a digital approxixgation of the

15 analog averaging function defined in the BTSC standard and implemented by

16 RMS level detector 150 (shown in Figure 1) of idealized encoder 100. The

17 constant « is preferably chosen so that the time constant of RMS level detector

18 450 closely approximates the corresponding time constant specified in the BTSC

19 = standard for RMS level detector 150.

20 Digital square root device 456 and digital reciprocal generator 458 are
21 shown in Figure 5 as two separate components, however, those skilled in the art
‘22 will appreciate that these two components may be implemented using a single

23 device that generates an output signal representative of the reciprocal of the
24 square root of its input signal. Such a device may be implemented for example

25 ‘as a memory look up table (LUT), or alternatively may be implemented using

26 processing components that calculate a Taylor series polynomial approximation of
27 the inverse square root function. '

28 Figure 6 shows a block diagram of a preferred embodiment of sﬁectral

29 compression unit 290. Unit 290 includes a variable preemphasis/deemphasis unit
30 (hereinafter referred to as the "variable emphasis unit") 536, a signal multipiier
31 540, a spectral band pass filter 542, and an RMS level detector 544, and these

32 components provide processing which is partially analogous to that of variable

21



WO 97/ 47102

PCT/ US97/ 09493 1 frequency f[err] and preferably provides at |east
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232a. The 15 emp hhﬁ& LBt %nﬁhéttﬁéoﬁﬁ}up\kl\ingﬁé{bgaeﬁ LA mai BRdebasia @8&p}e§§cgvd.f | i ne

239 to an |nput term nal of ressi on uni hd t he
encodedQdi fféﬁansapplueghm line 28iptoi ainputiteiminal of eaill536k Thelatf0 to a

detector, term nal, l W deb%&g@resm on uni i!e$80. The 18  latter
generatlels an B‘I“B{?P ¥ Vg CY, BPPR¢ applieq to, thegignal ongling 28t

term nalp of d Riicti [ 5?,132 ed

di fference s?g%oél ’".g?"?oso e;a?)lolfgm)&gﬁﬁ di{]w a g%a a&@f %H ﬁ%ﬁ?g

det ect d3 t er fumesiongif the signzbenergy of ithe emodgbdﬁfmzem signa? tvithin theut put si gnal
that i applledto fixed e | ter. 23 ch in tyrn_ 2
genera’fles an TSGREREY agq se?ih L%)eé:%ﬁt)ﬁﬂdeﬁufghg 5??%‘ oufput signal of units 4

gener atids 23290, withOid!getératdominit 1535 aind isRPplicdtoltRe Tngue\¥F filter 238b
which in turn generat esg%24 t he encoded dpéfergnce sﬂg\re‘amg
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of i ded8 zed interest.

19 Spectral bandpass filter 542 is designed to have an amplitude response that
20 closely matches the amplitude response of bandpass filter 142 (shown in Figure 1)
21 of idealized encgder 100. As with filter 448 (shown in Figure 5), one preferred
22 choice is to select filter 542 so that the difference between its RMS amplitude
23 response and that of filter 142 are minimized. In one embodiment, the phase

24 response of filters 542 and 142 are substantiaily different, but since the RMS

25 output of RMS level detector 544 is substantially insensitive to the phase of the
26 input to the detector, these phase differences may be ignored. In one preferred
27 embodiment, spectral bandpass filter 542 is implemented as a cascade of three

28 second order IIR filter sections 542a, 542b, 542c (as shown in Figure 6)- each

29 having a transfer function H(z) that is described by the formula shown in

30 Equation (4).

31 RMS level detector 544 is designed to approximate the performance of
32 detector 144 which is used in idealized encoder 100 (shown in Figure 1).
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28 encoder 100. Preferably, filter 238 is inplenmented so that it is
substantially 29 Identical to |ow pass filter 224, which is used in the
sum chanwe sps7ea2essi ng 30 section 220. Any phase errorpcrtisynebdsed into
t he encoded di fference signal by

17 MO 9 Pe4dctf 544 includes a signal squaring device 552, a signal averaging device
PCT/ US97/ 09493 1 filter. 238 are therefore conpensated by Dal anci ng

phase eri12ors t934: and @ squaregaotdevice 556. Squaringdeviends2 squaees thasignabnal by

238D s honn SEDRaIEE 0, ECART st/ 2car hptes i SRR Sgnal Vi
bel ow, ang fils5es 1@ d¥eéragingidevive! 3540 aThe latet furtiohd Sinflidry! tof AvRFHSHRCYe Vit '] -
5 Fi gures Zgh% are_ bl ock_ di agrans illf)l ust r?{?ntg zf)‘%e pre?ee‘);léegd
enbodi met of 464 (showm in Figuse 8) which js| tzssg dn thypwidehand ewppression pit280n

CeEh one o, SRR ki, B A ABEARF B ERE O Be .,
E.eghlr gnig Sfe [ I%rﬁdgggﬁf gggf&&fﬁgngé g&rfnstgggug %SQWW tE g\rlatisogc(ts?ons
(0221

10 3B, 3mhenrRds sybsti | Tthe copstantB is prefrably gelectedifondevieed54 n

filter 224. 1 . | ' Ll gr 2a, 232b (shown in
Fi gure 3)%4t ogé’ﬁl&t wggug]leacoigﬁﬁ?%m%%ggh%ﬁt&tr’%fffw rAPPEOXIg rforns
processiymg t habrrespoddig tihk Lonstamtapetisied ®ylthe BTST Sthidard 38r RM® el N Figure -
1) of idealized encoder 100. The anplitude response 14 of filter 232 is

pref er ablly seldstecton k44 (shoyen iy, Figwe )+ fivesaging deviee 564 computesfatiBe  fi | ter

132. | ' filt. 232 132 16
Si ani 11t 1 y WRTEEY dberabe GBS gt SRR nd dprliB! el o siiaeE s
the 17 13 redevice 5g6pliatioe S54ar Sqaare oonevica586! cilolatey the Squarsrode of and

228 in the sum 18 . channel processing section 220. Filter 232 is
pref er abldy spisignal ap ding 9343 apd thereby) generates a signabop jing $44a 858 famstioncofsons

that wlfs be GSRNES SR obtpul Bignkl gehBiat&fby spectral bandpass filter 542.
16 The signal on line 544a is applied to the control terminal of variable
17 empbhasis unit 536. Variable emphasis unit 536 performs processing that is
18 partially analogous to filter 136 (shown in Figure 1) of idealized encoder 100. As
19 defined by the BTSC standard, filter 136 has amplitude and phase responses that
20 vary as a function of the output signal generated by RMS level detector 144. One
21 preferred way to implement unit 536 so that it has similar variable responses is to

©22 use a digital filter having variable coefficients that determine its transfer function

23 and to select the value of the coefficients during any given sample period, or
24 group of sample pefiods, based on the value of the signal on line 544a.
25 _ Figure 6 shows one embodiment of variable emphasis unit 536 which
26 includes a logarithmic generator 558, a variable emphasis filter 560, and a look
27 up table LUT 562. The output signal generated by RMS level detector 544 is
28 applied via line 544a to logarithmic generator 558. The latter generateé a signal
29 on line 558a that is representative of the logarithm of the signal on line 544a and
30 applies this signal to LUT 562. LUT 562 generates an output signal selected
31 from the LUT and representative of filter coefficients to be used by variable
32 emphasis filter 560. The coefficients thus generated by LUT 562 are applied via
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20 enbodi ment, filters 232a, 232b are each inplenented as first order
IR filters 21 havi ng transfer functions H(z) that are described by the
formul sye bosor N 22 Equat ion (2). So in this enbodi magirrddohoesws 232 is a
second order IIR fil ter In one preferred enbodi nent, the
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C i pper 254 0 I’OCGSSI ng that is to t
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Briefly, clipper 254 is I mpl enmented as_a_t hreshol di ng devi ce,
howevedl t healbwngtmd’ﬁ 2 t@|sek¢pteﬂ1e2\@hlwﬂ the cogfficients)during; intervalg basedyerat er

detal | hel Oy caluple perigd. As YHIf'BOABRBEIR Brcaled el Be10d 01 #1562 Gobes?

conpre per processing functions’

partiaify angleOgiues ¢fcthe Hiter ebeffiticnss st bynfilter 550, and ﬂaﬁngreaapmnpmel y, of
i deal i zed encoder 100 (shown in Figure 1). Brief w deband

|
co ][rpr eddi on periad, xgoduringanycselecied: grop ©f §é§1p{°rﬁ9f i nhpTo#z selectoagetof 11
h | d
2 Tuncion o)l s Riioh St e Sl e B 2 o

portiong of péeratof558 onrtine 558a. In one preferred embodiment, variable emphasis
17 filter 560 is implemented as a first order IIR filter having a transfer function H(z)

18 that is described by the formula shown in the following Equation (6).

bytbz !
19 H(z)———LT (6)
1+a,z”
20 in which the filter coefficients by, b;, and a, are variables that are selected by

21 LUT 562. Methods of selecting the values for the filter coefficients used by filter
22 560 as well as by the other filters of encoder 200 will be discussed below. -

23 In Figure 6, logarithmic generator 558 and square root device 556 are

24 shown, for convenience, as two separate components. However, those skilled in
25 the art will appreciate that these two components may be implemented using a
26 single device, such as a LUT, or alternatively using processing components that
27 calculate a Tayler series polynomial approximation of the logarithm of the signal
28 on line 554a and by then dividing this value by two. Similarly, in alternative
29 implementations, the functions performed by logarithmic generator 558, square
30 . root device 556, and LUT 562 may be incorporated into a single device.
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13 line 281 as a function of high frequency energy in the encoded
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generated by inputeis premain gilentahoweyssi ar encades connepted throyghla decaddri toe 450a
an out puf o1 glOSPaRr L Seititing ik B RS B JARSPORS tremisangigMis on
line 4509 ands@uid, irefertedite agll PEdk™s iveitieh suindwhi i ' iplier
446. Digital signal miltiplier 446§nu|ti|§|ies t“ﬁﬁgﬁ‘?gﬁs‘f’%n ti‘sn%aﬁié% by 29
t he val 39 of depengantor the; timg coustant of thg RMSHevel idptegton dn sheewidebamdit put
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filter 232a is_applied via line 239 to another input termn nal
19 - 13\\p 9offaet; present in the signal on line 239, wideband compression unit 280 tends to

PCT/ US97%/,0949 . f‘ngb | B i LLhpljer 434 multiplies the
si gnal éﬁ Iingehég llt-)lya?lt e s?égﬁ'igr%& %ar‘ll%{‘gl_t?#ek?%Ga and t hereby generates
the out it of w deiCumsidenther ease iwhereionly £ ffw level audio signal is present on line

16 239. In such a case, the output of RMS level detector 450 on line 450a becomes

17 very small, which in turn causes the gain of muitiplier 434 to become very large.
18 If such a low level audio signal on line 239 is constant in its amplitude, the

19 wideband compression unit 280 reaches a steady-state condition after some time
20 (determined by the time constant « applied to multiplier 460), because the

21 encoded difference signal is fed back on line 240 to the wideband compression

.22 unit 280. Because the feedback is arranged to be negative, when the audio signal

23 on line 239 increases in its amplitude, the signal on line 4502 increases, which in
24 turn causes the gain of multiplier 434 to decrease. When the audio signal on line
25 239 decreases in its amplitude, the signal on line 450a decreases, which in turn
26 causes the gain of multiplier 434 to increase. '

27 However, should there be a significant dc signal present on line 239 in

28 addition to a low level audio signal, the dc signal is blocked from the féedback
29 process by the action of wideband bandpass filter 448, which has zero responsé to
30 dc signals. In particular, any dc present in the encoded difference signal at line
31 240 is blocked by filter 448, and is not sensed by RMS level detector 450. Any
32 dc signal present on line 239 will be amplified by multiplier 434 along with any
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via |ing 452¢he! adid sigaal vanatlﬁﬁlﬂ:atcgfavéfﬁké t@iﬂe&fc Al WiisGh ieRaseAhes an
out put _signal, by scaling. the signal | ine 452a by a constant a. The
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sum"redas signal, is fhe OL{ Li iS%naI of averagi ng, device 454 and is

appl i ed®t o nggp@erxg@pdm signa can cause an incfeasé in the signal sensed by 9
20 detector 450, forcing the gain of multiplier 434 to decrease. In this fashion, the
21 negative feedback process is reversed, and the feedback becomes positive.
22 Such positive feedback will only persist so long as the modulated dc signal
23 at line 281 is sufficiently large compared to any audio signal present on line 281,
24 when weighted by the response of all the filters and signal modifiers between line

25 281 and the output of filter 448. Once the gain of multiplier 434 decreases
26 sufficiently such that the modulated dc signal in line 281 no longer provides a

27 significant input to detector 450, the feedback reverts to its normal negative

28 sense. In accordance with the time constant of detector 450, the system will re-
29 acquire an appropriate gain level based on the level of the audio signal in line
30 239. But, if sufficient dc remains in the signal in line 239, the cycle will repeat
31 itself once the gain of multiplier 434 increases sufficiently. During each such

32 period of positive feedback, a sharp change in the dc level of line 281 is
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kHz on line 239 will be amplified by multiplier 434 (shown in Figure 5) and

16 because such components will not be sensed by RMS level detector 450 since

17 such components are filtered out by the low pass filter following clipper 254

18 (shown in Figure 3). Since detector 450 increases the gain of multiplier 434

19 when it senses the absence of a signal, the gain of multiplier 434 can become

20 relatively large when the signal on line 239 consists of little audio signal (under

21 15kHz) information, but significant high-frequency (over 15kHz) information.

.22 Multiplier 434 then amplifies the high-frequency information, which can generate

23 large signals that are likely to be clipped by components in processing section

24 230. This clipping can produce harmonics which may alias to low frequencies

25 that will be sensed by RMS level detector 450 causing the system to tick as

26 described previously. Alternatively, if filter 238b were eliminated and the entire

27 filter 238 were located before fixed preemphasis filter 232a (i.e., in the location

28 of filter 238a) then high frequency artifacts generated by clipper 254 would be

29 included in the encoded difference signal and could interfere with the pilot tone in
30 the composite signal. Therefore, splitting filter 238 as shown provides an optimal
31 arrangement whereby filter 238a prevents ticking in compression unit 280 and

32 filter 238D filters high frequency artifacts that may be generated by clipper 254.
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25 as a nenory | ook up table (LUT), or alternatively may be inplenented
using 26 processi ng conponents that calculate a Tayl or series .

pol ynorwele7ampe oxi mati on of 27 the inverse square rootpdnabiosios 28
Figure 6 shows a bl ock diagram of a preferred enbodi nent of spectral
conpressgion unit 38Qed | a5| S
unit 30 (hereinaft eirsnr? g?‘&?}%gu}tﬁtgg}gﬁ ﬁg&ﬁi\:/ég?:fig@ gﬁ gg’;ﬁsﬁ%n?t 536,

si gnal Rl ti @82kas 3hown in Figure 3. sFiter 232 tmmll)pmxrbs I'd:lmvdyllhrgagainan RVS

| evel ect and these 32 t | roce ichis
partial r3y %f%bﬁ'ﬁgu%mfhﬁst lsds‘pe W %%@?ﬁﬁe s%an%rard/ Ed lgmg on SQng e

21 V\D 3dctibhliddmplement filter 232 increases the likelihood of filter 232 ausing

PCT/ U897/09493 1 enphasis filter 136, anplifier 140,.bandpass filter
142, and Rvsclippiog. dédsadvantageous tolapply semeef thevgdin of dilter aaalunz:hel imputoder

{oadbac i nBE A bt SRERRaLRR 250 il piF 0 a R RpBRBE T V' °

f eedbac ly,fpmag, of the

gener at evs an gaif eifiltéd 232bn he Gltpht iy of widdbane esﬁaﬁéisléhfuhﬁrm&wﬂi filtg °
by the flxedzgal n setting value of Gain C. The anplified output signa

generat &d 6 232b)ySiicy r\@lt 2% norpally compuesses i priput signal, distsibutinig lhargdpass

evel ot ect 8 tih 25 patoul e compRisiohiatd B iy 28] geckeaffnaf e, °,

appl i edigvi a HikBRhduidhat thedzadP of filter D32 Wi @huse| an/S¥drABWeCoRdition. erfphaS' S uni t
536, and the output signal generated by w deband conpressor unit 10 280

is appliled via | i ko mm@ %me,l PAWAT QOBEYMPHAN, #nd cabt, epomier 2AG is arqubm

(D

dynami ly yar ) |ne 281
13" o afRpleRhddusth F SEY ofefPAREA AORAIRY chib. BRcdtep 30 4 pperl 00
bei ng @313 sudcessfiliy Iimpfentehfedaismpbnemtw}we]f kihdwen Meroftts DEH 56002“06
signal within the 14 frequency band passed by spectral band pass filter

542. Thé out digital signal processiig chips (this implementation shall be referred to hereinafter
15 as the “DSP Embodiment™). The Motorola DSP 56002 is a fixed point twenty-

16 four bit chip, however, other types of processing chips, such as floating point

17 chips, or fixed point chips having other word lengths, could of course be used.
18 The DSP Embodiment of encoder 200, uses a sampling frequency f; that is equal
19 to three times the pilot frequency fy (i.e., fy = 47202 Hz). The following Table
20 1 lists all of the filter coefficients used in the DSP Embodiment of encoder 200
21 except those used in variable emphasis filter 560.

22 TABLE 1

23 Low Pass Filter (Section #1) 310 Low Pass Filter (Section #2) 312

24 (Equation 4) {Equation 4)
25 b,=0.18783270 by,=0.44892888
26 b, =0.36310206 b, =0.70268024

27 b,=0.18783270
28 a,=-0.388832539
29 a,=0.12709286

b,=0.44892888
a,=0.12638618
2,=0.47415181

30
31

Low Pass Filter (Section #3) 314
(Equation 4)

Low Pass Filter (Section #4) 316
(Equation 4)
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f.i xed .16

232b, ist

hus dynam cal |y conpressed a

290, which is generated by unit 536 and is applied to the input of
reenphasis filter

gr eat er Mﬁﬂf’“’% the 17 hi gh frequency portions of t hePETHISANOMIBN i n

29

t he remai nder of the spectrumof 18 i nterest. Spectr al
bandpass {iltdry 342706740231 gned to have anbagwhsyyﬁgl[esponse that 20
closely matchds—the anplitude respaonse of bandpass ter 142 (shown in
e e, [oomasm o ocote Iodwsomtsay o 4t Chon
di fferenc® bet|derD-7T06T4RE anpl i t ude 23 hﬁd&ﬁﬁﬁﬁ@Zénd that of filter [142
and 145 oo SuATAOTEPAIE Al orent . but AT FRORE 35 out put of] RVS
mput o The qebed 2R e hhace di 11 or EHEC SRR | nor ed. 1 ane.
D Cascade of 1|l TRFFIRE (sesiact %élsbavﬁ?"gﬁ"‘ Ballpal Fike AR T o
(as showi7in Hi(§quati@) 4pach 29 havi ng (Eqmnm;#}/arﬂ f unct ion H(z) that| is
.ngg{l325§2¥0£Hg1%yb2%§§355;23 ;grggprOX| quatlun5@@t§ornance of 32 "B
ggt ect or 449\_/ CO(] rlSJﬁb)O StowTTmFrgore—).
wCr 560 p Lo o RO ST TR T O T e o
giglgﬁdSE%pF?Lgﬂf§{%Eglgmgnal 3 ! 9?2e{aQed1q50$ypgtral bandpass fllts{ce
554. Thel2 att qra,&=0QTA59237sinmil arly to aviea,af). 75188028 ce

13 Fixed Preemphasis Filter 238a  Fixed Preemphasis Filter 238b

14 (Equation 2) (Equation 2)

15 b,=9.50682180 b,=4.357528

16 b, =-9.00385663 b,=-3.24843271

17 a;=-0.497064357 a,;=0.10881833

18 Spectral Bandpass Filter Spectral Bandpass Filter

19 (Section #1) 542a | (Section #2) 542b

- 20 (Equation 4) (Equation 4)
21 b,=0.646517841 bo=0.850281278
) b, =0.649137616 b, =-0.850247036

23 b,=0.0 b,=0.0

24 a,=0.557821757 a,=-0.602159890

25 a,=0.0 a,=0.0

26 Spectral Bandpass Filter Static Phase Equalization Filter.224

27 (Section #3) 542c | (Equation 3)

28 (Equation 4) .

29 by, =0.597678418 a,=0.9029



5 454 (shown in Figure 5) which is used in the w deband conpression

unit 280, 6 al though device 554 preferably uses a constant [err]
di fferWQ9%47802 t he constant [err]. 7 The behavi or of pawarsygpswysdevi ce
554 is of course also described by Equation (5) 8 when [err] is

substi t ut ed [f,OT_ [ &r, e constant [ eryr s preferabty—setected—for—gevi ce
554 9 r S( l*‘h'zi{l'(:]Atgrlqgs‘{‘ﬁrbia._constant of RMS | evel detector 544 closely

appr oxi4rat eq 4 hs rresponding tifre constant Speciited by tne BjiSC
standaridmf or ﬁﬁ@éée)]\?glgﬁg detector 1#4 (shown in Figure 1). Aver ag“-ng
devi ce $54 qQRUY F76866094c 12 wei ght ¢d average of the signal on I1Ihe
552a and api-es—t-he—average-to-square-foot 13 device 556 viag line}554a.
Squar e 4 oot |dewi0c3528282Mn| cul ates the sfluare root of the 14 si gnal | on

| i ne 554a ag—thereby—generates—a—stgrar—of—++re—bddo—as—a—tunction-of 15
t he RVD val y&Sors preemphasisifilier g221 gene| HighiPass Eiperst212, 23dndpass filfer

542. 1 ' . The signal on |ine 5§ | lied to the control
term nal of J%%%@eﬁ? enphasi s uni @@%ﬁ"%ﬁ?i abl e enphasis unit p36

performs prqeesy sMh30888 is 18 part| gldyy égtpl ogous to Tilter I36 [ shown
in Figure 1)8f ideallzed encoder 100 WAs'7Q defiped by the BTSC
standargl, fiflt;e~343823487 anplitude and phase responses that 20 vary as

a function cwmwwme 21
pref err®d way, £6.1347788&ht unit 536 so fhat it has similar variable

responges i S 10 22 USe a argrrar trrter maving vartaptecoeffrecrent s
-that determine its transfer function 23 and to select the value of the

coef f |dl:l eBt s dur |1ngtharﬂs%iﬁmbo®agm Qaf?m‘ﬂd@cﬁoﬂl)ﬁlemlue of the copstait « dhalie
[ ' | 44a. 25 . .
B gurei® sndid SafeshARe o Flelif ® B wideBind fipreasian w4804
i ncl udEs a |segadual ioi0C0MNB09B90351 759 tie valié 8bHR IBEAASHE thit ik ueéd BFO. and a

| ook 27 up tabl e LUT 562. The output signal generated by RMS level
det ect ¥ 54paveeages 554 (shoym inoHigwre, 6) it spestrabeqrapression unih 200 is eeteaquablo 558.

The | aj4 er a & I B . LS. epresentati ve of
tho 1 obbr1 ¢ RAOOHESRE? S, Blce?, uievatues, S Taih 15 anp S BRfec SRRFRSEI AN,
LUT 5606 LUand6Ri6gaespeatively Ain thetspettral iand avidelrind Worthréshion uditstare tsbe LUT and
representative of fil %ﬁ@ cg‘g{)i@i gaés to be used by varjable_ 32
enphasth fi 190Al ©69-50H 2% {0898 % » Tespsciivshy, 1o ipsprg hat e BSP ar e appl i ed
via 18 Embodiment of encoder 200 performs similarly to encoder2f00.

19 Figure 7 shows a flow chart 700 that describes one preferred method for

20 pre-calculating all the sets of filter coefficients used by variable emphasis filter
21 560 (shown in Figure 6) in the DSP Embodiment of encoder 200. Prior to
22 operation of encoder 200, all the sets of filter coefficients used by filter 560 are
23 pre-calculated (e.g., by a general purpose digital computer) and are loaded into
24 LUT 562. In the DSP Embodiment of encoder 200, filter 560 has a transfer

- 25 function H(z) that is described by Equation (6) so flow chart 700 describes the
26 calculation of the coefficients by, b;, and a,. As specified in the BTSC standard,
27 the transfer function of S(f,b) of analog filter 136 (shown in Figure 1) to which
28 filter 560 partially corresponds, is described by the formula shown in the
29 following Equation (7).
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PCT/ US97/ 09493 1 | ine 562a to a coefficient selection term nal of
vari abl eweyami2zs filter 560. The 2 out put signal genepetfgoissdd deband
conpression unit 280 is applied to an input 3 term nal of variable

enphasis filter 560 via line 281/.Mariable enphasis filter 4 560 -
generates t-he output signal of s h+@1) conpression unit 290 which is
applied 5 to the input of fi+ enphasis filter 232b. 6

Vari abl e gnphasis filter S@Gg)_i_ S de@ﬁded to have a -éari abl e anplitude 7
response that closely nmatches thj ariable arrplitu& response of filter 136
(shown 8 in Figure 1) of ide%i!@é@ll@ncoder 100. Vari abl e enphasi s
filter 560 provides a 9 si in +abl e response by using a variable
coefficient transfer function (i .e.(l?"lt)he 10 coefficients of the
transfer function H(z) of filter 560 are variable) and by 11 al | owi ng

LUT 562 to select the value of the coefficients during intervals based on
12 the sanple period. As will be described in greater detail below, LUT

562 stor 13. . I f jlter coefficients used by filter 560,
and duri ?3 each %@%Féﬁfﬁﬁﬁ&%}é?i " or during any selected group of

sanpl e pgiods, LUMESfirsselepGnSicw ehirt 700 3% an iniihliia@foncs‘{? 110° 46 which?

function of the output signal generated by logarithmc generator 558

on |ine 358a. seyerahvanighlascare daitializacyi Sperificallys thepsamplingHaeduendy/fs is séf | t er
560 i [ | fol . [ [ t ti
0|5 T i b 4 ST, G WAL T,

(6). 196 digital version of theH{atjabld Pruséd in Equation (7) and if §ot equiilto #(20i1"
which the filter coefficients blerr b[err], and a[err] are variabl es that
are sel ected HRHDA;s. TheL‘@TmQGZd];. sepseseats) the desipd: signal sangesoff the RMS

iltors & endeuaiors s écfcel rferesion unit the'fop 2 DsBeodittal’ 120 o ¢

| ogarithfi c gBRANGE {358t aqukl 3672125 dBotTievariablexIBRES ¢eldtés to theshown, for
conveni elr(l)ce, %2nst1t1m\l/)1tys gP %Etg; §68 ?ggﬁ;‘n%gg %n' ml;logl\ﬁ}/geyr ievct:lh&st%e Sélx(ui:édlegddii'fgrence
11 signal. In the DSP Embodiment df encoder 200, dBRES is set equal to 0.094 dB
12 so that filter 560 will use coefficients based on the value of the signal on line
13 558a quantized to the nearest 0.094 dB. The variable N equals the total number
14 of sets of filter coefficients used in filter 560 and N is calculated by dividing the
15 sensitivity (dBRES) into the range (IBRANGE) and rounding to the nearest
- 16 integer. In the DSP Embodiment, N is equal to 768 although those skilled in the
17 art will appreciate that this number can be changed which will vary the sensitivity
18 or the range. In the DSP Embodiment, LUT 562 stores 769 sets of coefficients
19 for filter 560, and of course if N is increased, a larger LUT will be used to store
20 the extra sets of filter coefficients. Further, those skilled in the art will
21 appreciate that logarithmic generator 558 scales the signal on line 558a and
22 thereby reduces the number of filter coefficient sets stored by LUT 562, for a
23 given minimum quantization of the value of the signal on line 558a. However, in
24 other embodiments, logarithmic generator 558 may be eliminated and LUT 562
25 may store a correspondingly larger number of filter coefficient sets. Finally, the

26 variables Scale and Address are set equal to 32 and zero, respectively. The
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25 the art will appreciate that these two conponents nmay be inpl enented

using a 26 singl e device, such as a LUT, or alternatively using
procesWRI78M¥@onent s that 27 cal cul ate a Tayl er ser ipex/ysvhysesi al
approxi mati on of the logarithmof the signal 28 on |ine 554a and by

t hen di Vi di ngrariable Scale)ewhigh tisvonlySised i fixed point hplementativhs, 49 selected so
I npl eneng ati ons, e functigns pecrformed by | ogarithm c generator 558,
squar e (H‘Pto"ﬂi HT? t‘?e‘%%g",le’gﬁ ElaY_CUT valys %%ﬂ}g"b@a‘i' RE 54w ta MegatvigtaRe

si ngl e devi Cnd less than one (where the filter coefficients ‘ 24
VIO 97/ 47102 ( are represented in twos
PCT/ US9A 094%®mplement). As stated above, high pass filters 212, 214

hown in Fi ul. .2 in bl ocki.ng DC _ t

by ovent Sncoder 20 REGRY alricR siop 716} < CoTiiiRS eeteRAR AP 2D 8 cii g

In the @ont exkefted IELROMBINCRIEASIESE stbp THO Neariables begogr ﬁf(@f,%nﬁ&,% |
en

relatively low frequency oscillatory behavi'or of the en er ‘cduse
5 t er e iage galculatpdawhisheomespand torvaluesfof thecoefficiemts babyy @nd ay diap

i . oThe desired . 6 havi f ' wh h i
0751 gndl or SEEKE B8 stoprit at RN Hon Yerd of L STPREL0 Fofiniiin & eheestianbver -
an encoder cQRpeTAc tnt iilf:ﬁ'mﬁmiﬁ% SRPOTHY isteRecutéd during WHIERABA KIS o?gﬂe

exhibiting ticking causes the loudspeakers to enit an audible

sound, ¥ef er variable Addrgss isiiprremengedy Eolloyvingstep 730 queamparison stéptibiat i s

partial{y 2 t [ t he | evel detector
"ot he 1 aebangeuted BBARE FHicifhe ffads iné SRR s S N Spso e
only vem2y | ovf |ARdedssdé Wssaltitan orléqual tANG HSnCRERt 720, 780 Carid Y4P ate Rbkctutednd
when there is a D.C. conponent, or an 13 of fset, present in the signal

on |ine3239, itgrativelinse Eniyaluss of the enefficienss berhis anda, arescalculased foreeach an
unst ablg fashi tyiGhicRg - . i.der the case
wher e oﬁl y a gg\? It-lggtgfi&%g%lgo%fslf‘gfnaslg Qi sw[l)lélggtgﬁtugr? eﬁctﬁethgf)@g v%czcgg_ In such
a case,18 he ddress iofgrédiér than N, theh allt760 sésbfwovefficientsihide e Vikalated

16 and execution of flow chart 700 proceeds to a concluding step 750.

17 In coefficient generation step 720, the variable dBFS corresponds to fhe
18 output of logarithmic generator 558. As the value of the variable Address ranges
19 from zero to 769, the value of dBFS ranges from about -72.25 to zero dB

20 corresponding to the signal range of about 72.25 dB provided by the DSP

21 Embodiment of encoder 200 (where zero dB corresponds to the full modulation).
22 The variable RMSd corresponds to the output of the analog RMS level detector
23 144 (shown in Figure 1), and as the variable Address ranges from zero to 769,
24 the value of RMSd ranges from about -36 to 36 dB corresponding to the signal
25 range of 72 dB provided by typical prior art analog BTSC encoders. The

26  variable RMSD is a linear version of the variable RMSd, and RMSb corresponds
27 to the variable b in the transfer function S(f,b) described in Equation (7). The
28 variables K1 and K2 correspond to the {(b+51)/(b+1) and the (51b+1)/(b+1)

29 terms, respectively, in Equation (7). The coefficients b,, b,, and a, are

30 calculated as shown in step 720 using the variables K1, K2, W, and Scale.

31 Figure 8A shows a block diagram that illustrates one method of using the
32 DSP Embodiment in an analog system, and in Figure 8A, all components that are
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17 very small, which in turn causes the gain of nmultiplier 434 to becone

very |arge. 18 If such a low | evel audio signal on line 239 is
const antWOQA7/#1182 anpl i t ude, the 19 wi deband conpr essi oPCTUS7/B88 -
reaches a steady-state condition after sone tinme 20 (determ ned by the

ti me condt ant ihplenjentgbini tbel S6002rintegratadegiratdiOire indicatad @t 20@a.2 The analmgcoded
differenge signal is fed back linhe 24Q to .the.w deband conpressi gn 22
ini 0802 Boc St HEPRS AtBIaE e Fe iy Aichinpar Fipsals (AN AL o
signal 23  g@Anad ¥ne agd 9‘51:0 GefREaGelyNand theséBighily 4fe appledSiohe lingiits bf Ne

450a increases, which in . .turn causes the gai n of 'multiplier 434 to
decr ease4 Wesixtden kit analogtordigitabgonveners810 and 832, respectivelys Converters

T et 2ot 0. B17 il R B S5 il s oo By & ne"°
there bega si Ggl?ilitﬁw,ZﬁiCHii(ﬂeﬁ|3fBI RiKE Bonveiterd 80,32 hBred§ ge erea%gug}gb@égesto

a low level audio signal, the dc signal is blocked fromthe
process By t hef aixtéemnbibdigitalisaraples that apmrepresentative of ghe leffii and right channel

TP or onde st grdio Pl SRS rRepdclyl’ 160 biBhuts FeraaCooiyegers 410 andl ot
sensed by RVEghzwed applicdClotncédét 208aywhcte they e retéived by misdkiMs 292 fde 239

will be anplified by multiplier 434 al ong vvit.h_anz
25 1000 9294, 7nespectively. Modules 292, 294 are “divide by sixteen” modules (which

PCT/ US97/,09493, , audi 0_si-anal . presen | | 39. .but. the

anpl i fi dati ondivide the %}Pﬁﬁﬁﬁﬁ%&%ﬁ“ ey fﬁ@%?ﬁ?ﬁﬁ%“%ﬂ}eﬁw EFETaR i o
signal agplit udﬁmmgsm&ast dry eQhAl toameir innitaddmls divided bAOSixmEh erSifdel t eri ng
by filter 448. 4 As noted above, whenever the anplitude of the
audi o sildnal d@ivisipndyoany power of\tyio isasily,aceomplished ina digital systam by using s

Sl B B e bR, Do imhducd B hlf RERRAT bk "o 229

-WiIIaIsl be Subje o'varla
15 their inputs by four binary places.

16 As stated above, the 56002 chip is a fixed point twenty-four bit processor,
17 and the samples applied to the chip by converters 810, 812 are in twos

18 complement representation. Modules 292, 294 divide the samples generated by
19 converters 810, 812 by sixteen and thereby place each of the samples in the

20 middle of a twenty-four bit word. So in every sample generated by modules 292,

21 294, the four most significant bits are sign bits and the four least significant bits
.22 are zeros, and the sixteen bits in the middle of the word correspond to one

23 sample generated by one of the converters 810, 812. Padding each twenty-four

24 bit word with sign bits at the high end and with zeros at the low end in this

25 fashion preserves accuracy and allows intermediate signals generated by encoder

26 200a to exceed sixteen bits without causing an error condition such as an

27 overflow.

28 In encoder 200a, each bit of the twenty-four bit word corresponds roughly

29 to 6dB of signal range, and therefore modules 292, 294 correspond to -24 dB

30 (i.e., negative 6 times 4) attenuators. If the analog input signals applied to

31 converters 810, 812 are considered for reference purposes as zero dB signals,

32 then the signals generated by modules 292, 294 are attenuated by 24 dB.
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In this fashion 8 such dc signals may be nodul ated so as to create _
si gni f iWQR7/4898i o- band signals 9 which will not be receaiseriodags filter
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uch positive feedback onlTy persist so FFong as the
rmdul afed dc si gnhipuﬁﬁecnon 210 dlsongeregates thedlifférenceesighal thatrig applietpwrae t o

|0 signal | 2 ht ed
ofal | T e r et el BrbeessiteFeetion 230, A SAE AHEvEeis s o oo he
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sufficiently such that the nodul ated dc signal inline 2 onger
provi dé3 a 224 dB. In tngSR;ambodmmc of andnbeaﬂ‘éﬁ dupp¢r 2549(Shewdba(ﬁgu1ever ts

h
of det Bt or Dt Ot B, proge R Boubl 236 TRIREIER 44 8 amalieer (SpERSS
| evel 5s ed wipleMente@\sla mﬁmmeby\utgm STHatS, d:lg)pbt D84 3fhplifies thaSsigmyt . i f

sufficient dc remains in the signal in |ine 2 the cycle will repeat 31

i tsel f 16nce generajed hy cﬁmeﬂmr@qrmhaéws filtex 232b byoLi-dB and ﬂ-h?!l lipsithis amplified each
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I'i ne 2

that is 6dB down from full modulation. The signal applied from clipper 254 to
19 low pass filter 238b therefore has one bit (or 6 dB) of “headroom”, so filter 238b
20 may generate an output signal that is 6 dB greater than its input signal without

21 causing saturation. It is desirable to leave this one bit of headroom because the
22 transient response of filter 238b includes some ringing that may cause it to

23 temporarily generate an instantaneous output signal that is greater than its

24 instantaneous input signal and the headroom thereby prevents any ringing in filter

25 238b from causing a saturation condition. Referring again to Figure 8A, the
26 output signal generated by filter 238b is applied to a sixteen bit digital-to-analog

27 converter 816 which in turn generates an output signal that is applied to a 6 dB
28 analog amplifier 820. Both D/A converters 814 and 816 are intended to be
29 complete converters, which include the well-known analog anti-image filters as

30 part of their functionality. Anti-image filters are analog filters applied to the
31 analog signal following digital to analog conversion which serve to attenuate any

32 images of the desired signal which are mirrored about the sample frequency and
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6 and3 214. substantiglly thei spmepaisiniaget filtexing 1 2Suchdcdhvértérs| ape comimonly'i ze t he
dynam ¢ 74 rg@g af encoder. 200 by renovi ng.haé 80 nents which

ot herwi se” may &9 xgcomme;gqah&g%g%qﬁsmsgcq .Crysial Semigondugtgbve and as
shown in &i gures#324.0 fifieP8 ki i r ' S
two filters 238a and 238D. eSpIiZ(% I?Iinfr?glglh%ﬁtfe 58&"“%3 (}%ﬁkxﬁ}hﬁ@#&*ﬁ%%@
provi des &everercoded diffexepss. sigrial batk vp te ifthscate. e WhileFipate §A shbws endodert he
entire filter were |ocated after clipper 4 (i.e., in the location of
i er A Sl B hRerB et Sonbis 850,812 fir rerrivingcasiog ko
signal s gy 13signaléausBghll syQeins icolivérters BROVBICHAY br COTRE HR Uifiinkiah 5250

simlar to the above- escribed ticking behavior. Thi's occurs "because
any signa? conthahenroderBacreceivessthe digital audiol sigmale@iectly.| be anplified by

a9
ot be sicad by rbkd aB' SbE a bl s tm or 05 BRI BRpORTeRE AF & BISC
filterediput hshchier 200 dvnsGudted hédording 16 Me vehtidiPSid 1?.?5'{{1 Fed ag, é@@%ﬂan' n

Figure 3). Since detector 450 increases the gain of nu
when it Bensesnalog isteanc Engedex 200bris similardo gacodes200a) howéviees indéntoden

becone 2 rloat | r en, t.ne si.an ine 239.consistg. of

little agadi 0 sﬁigﬁaﬂplé%%gg% %}mg qTﬁEﬁ’z‘)SlM b}'ﬁ&tﬁ&%&%’ Bﬁ'?uéytﬂgi By gkmthef
hi gh- f r etdienc th{® ¥e 24188 b )in efdode200:0N The Sutput sigrhl pdetatéd 63 nddidd1296 is
anplifies_the high-frequency information, which can generate 23 | ar ge

signal s Yhat & ¥algdcergiop ofthe spnditienedspm: sigpalrandtis shown in Figure 8B s8¢ i on

24 238, Thig,CL4 R0 i . ch aligs.to | ow

f requencfégs 2& o, {:*}%@E&Qﬁ)@@gﬂfggggg@% %fﬁiﬁwlﬁﬁéﬁ%&nﬂoﬂ%si ng the
system t17 ti clgeneratdd by diffteenvei dhasingl rzpwédasaﬁg YectiOn! 2306y 6\6H by ﬁnmt{dli'ihgr
238b were elimnated and the entire 27 filter 238 were | oCated before
fixed prEenphd¥ &va); | Thy oytputsignalgenerated; hymogulgt298nis zgscaled version lof ghe 238a)

then higfyfre ATV} ' t Ve Gebel be 29
i ncl udedﬁ? n t?é'leenco@?gk%lﬂ?%gngﬁ%? Zﬁ%ﬁa lgndh%ﬁ%g?#f\éﬁggg’vﬁnﬁdqhe
pil ot td2ke in 200b includes a composite modulator 822 for receiving the signals S and D and
21 for generating therefrom a digital version of the composite signal. The digital
.22 composite signal generated by modulator 822 is applied to a digital-to-analog

23 converter 818 the output of which is an analog version of the composite signal.
24 D/A converter 818 is intended to be a complete converter which includes the

25 aforementioned analog anti-image filter as part of its functionality. Such

26 converters are commonly available in commercial embodiments, such as the Burr-

27 quwn PCM1710. In the preferred embodiments, modules 292, 294, input

28 .section 210, sum channel processing section 220, difference channel processing
29 section 230, modules 296, 298, and composite modulator 822 are all implemented
30 on a single digital signal processing chip.

31 - Since the composite signal is generated as a digital signal in encoder 200b,

32 jnodu]e 208 is inclm_ied to bring the output signal generated by difference channel
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30 the conposite signal. Therefore, splitting filter 238 as shown

provi des an optinmal 31 arrangenent whereby filter 238a prevents ticking
i n conpWeMME2unit 280 and 32 filter 238b filters hi gicFusTesnsy -
artifacts that may be gener at ed by clipper 254.

27 1 WO Prdoéssify section 230 up to full scale rather than waiting until after digital-to-
PCT/ US97/ 09493 1 Fi xed 431& hasis filter 232 js also preferably
split irto tABAlPE comyersionand “2’"8 99?3%&'&%'“9 fighsuch asjamnplifies 820jastier 232

typi cal lgy g@@él el | as is

speci fi ed [ ngﬁthﬁﬁg]f tg)rf‘da* eglgltlri%@%nﬁosuae Js%?lﬂgegwtn%ggt% to

i npl enedt f | sigaal ﬂalsed acﬁ@%smsdullanoh,u ineﬂulbd% anly ﬁnipllﬁES 8 InmA¢inalbp

C|Ippln sadv eoustoa of the& in of filter 232 on the

Tpot 65 sARQERo ik Bk RiBu el Caoberaied b mosale 240 R of palche ampiifudend o

apply segme ot,f ut s,g,ﬁlr%eﬂlg?{dd%fhoag}%m the output side of w deband
ITter

conpression unit 28 Since unit 280 normally
conpresdes its |n|ﬁagure|9gsim|ws alblocki dngram(yftdm». embodirfient ofafonipdsiter 232

around the conpres p vi.ded b un| 280 es (hat the 10
li kel i hod t E‘. rrg Ijtfer gaﬁﬁe%fg generaies thereframan. 11
To mni g ze gigi@i v&@mroma%m@bgwsl Afd mhnaz&mqﬁ&wa%ﬁ J@Bﬁi‘ﬂgl y 12

i npl emented using a single digital S|gnal processing c has
been 130  sQ1Q.c3EX, umoydipitall lowepass dfiltess Atd.dHS, @fdlgimél suglal nhnnpherlmtsor ol a

be r of dir ea 2t R Sieil sigpd Biack! 8860 ke S ighals e SpRlledin or o o Do

56002 i13 a f respebtive! ify Eutﬁ\wfthé’mté{@olator%@l() atﬁutmhlMerbermemo%t?rwﬁﬁﬂes of
processi ng chips, such as floating point 17 fi xed point chips

havi ng 13t her anoalternasivglntefersed fojas f up-samplersie lmsmﬁfatqa new SmploSetween
T gt b SEY RECpRE U St Ra aRElcd, el thd febY gebitam 5050
The foli50W nguthabkignals having twice the sampling frequency as the input signals S and D.
16 The output signals generated by interpolators 910 and 912 are applied to
17 respective inputs of low pass filters 914 and 916. The latter remove images
18 introduced into the S and D signals by interpolators 910, 912. The filtered output
19 signal generated by filter 916 is applied to one input of signal multiplier 918 and
20 a digital oscillating signal as a function of cos{4w(fy/fs)n] is applied to the other
21 input of multiplier 918. Multiplier 918 thereby generates the amplitude
22 modulated, double-sideband, suppressed carrier version of the difference signal
23 that is used in the composite signal. The 6utput signal generated by multiplier
24 918 is applied to one input of signal adder 920 and the filtered output signal
25 generated by filter 914 is applied to the other input of signal adder 920. The
26 latter generates an output signal by summing the two signals present at its inputs
27 and applies this signal to signal adder 922. A pilot tone signal that oscillates as a
28 function of Acos[2w(fH/fs)n] (where ‘A’ is a constant representative of 10% of
29 full scale modulation) is applied to the other input of signal adder 922 which

30 generates the digital composite signal by summing the two signals present at its
31 inputs. |
32 Composi_te modulator 822 includes interpolators 910, 912 because the
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20 1 lists all of the filter coefficients used in the DSP Enbodi nent of
encoder 200 21 except those used in variable enphasis filter 560. 22
TABLE 1 WOP7147102| ow Pass Filter (Section #1) 310 Low PapcT/Gsdnosses -
(Section #2) 312 24 (Equati on 4) (Equati on 4)
25 b[ler r | Sughesv é@guency component in the chinposife<igral 30 ligifily 126 than 3f, (as

bl er =0..3631020 . . ) =0. 70268024 .2 =0. 18783270
ol or 11 20 2145038 ows dn Figurg 2), pad Bicklsble tis SR appiicd to the iapits'of signal

a[ err] =0.312635fdRiplieP 918 and sinaFaddes 908 486uld have sample rat
a[err] =0. 47415181p 30 Loivghlgass Filter (Section %g)ra??:stt leastl_%v\llaggsass

Filter (Secti dify#aysatisfy the Nyquist exitgnini dBecayse the sample rate at the output of

S(BEICIZ%IO(Z)% 4) composite modulator 822 is typically higher than the sample rate of gther the SV\O

E[C;' /r 8]82(7)/68)2471233)11-2% slgznaldg) [E/gf g?ﬁeilgﬁg%gxgz ge capable of operating at such higher
b[ er r] =0.701508mple rates. If the input signals S and D applied to composite modulator 822
8 . have sample rates of 3fy some form of interpolation (such as that provided by
9 interpolators 910, 912) should be provided to double the sample rate. Of course,
10 if sufficiently high sample rates are used throughout encoder 200b then
11 interpolators 910, 912 and low pass filters 914, 916 may be eliminated from
12 modulator 822. _
13 - Figure 8C shows a block diagram of yet another embodiment of a BTSC
14 encoder 200c constructed according to the invention. Encoder 200c is similar to
15 encoder 200b (shown in Figure 8B) however, in encoder 200c module 298 is
16 eliminated so that the signal generated by the difference channel processing
17 . section 230 is the signal D and is applied directly to composite modulator 822.
18 Further, in encoder 2000, module 296 amplifies its input signal by 12 dB (by
19 multiplying by 4) rather than by 18 dB as is done in encoder 200b. So in
20 encoder 200c, the signals S and D are 6 dB down from the levels of those signals
21 in encoder 200b. Composite modulator 822 therefore generates from these
.22 signals a version of the composite signal that is attenuated by 6 dB. This

23 attenuated version of the composite signal is converted to an analog signal by
24  digital-to-analog converter 818 and is then brought up to full scale by 6 dB analog
25 amplifier 820. As with encoder 200b, encoder 200c is preferably implemented
26 using a single digital signal processing chip. '

27 The differences between encoders 200b and ZOOc represent design

28 tradeoffs. As those skilled in the art will appreciate, when converting a digital
29 signal to an analog signal with a digital-to-analog converter, insuring that the

30 digital signal is at full scale tends to minimize any loss of signal-to-noise ratio
31 that might occur as a result of the conversion. Encoder 200b ininimizes the loss
32 of signal-to-noise ratio as a result of the operation of converter 818 by using
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3 b[err] =0.70674027 b[err]=0.85733126 4

a[err]=0.53702472 alerr]=0.74320197 5

a[ err] WOP3A38290 a[ err]=0. 89832289 6pcT/UsSMIMIZASS
Filter (Section #5) 318 W deband Bandpass Filter 448 7 (Equati on 4)
(Equati dn 4) médules 294,6298] eOinf\iré 3H4t ABe digital version of the com éﬁﬁi@é §1hm10 02854672
9 - b[err]=0.92729649 b[err]=-0.18789051 ~10

bl err] =& 927 gggpzatcd by modulator 822) that j ] @ppl!eg(}o zopverter 8181is at full scale.

] 17| 22006, amons om0 ks i

Preenphasi s mightoc@i3ga a refult ofl chneertep!818| sndadet 20023186 idcteases tieEquat i on 2)
Equat i =9.,5068218Q b =4. 357528
(16qua ! t?{]er r ]hkegh@%g'gg g{;p[lmg might occur in the cgpgqqltf§lggmh.4§m[g'ep{!er ]gpfference
a[err] = Hed ral
Bandpassé) Filter %rocessm% sectlorn a%308%sr?g[t§ésgélii—&f Q}Q %gggin PJ“?@S‘E‘! PX&%&%) 542a

( Sect | OV #2) pbethpliis ﬁlter(BtZuGshmwn nﬁﬁgure 3), it is possxble for some cli ﬁﬂ%?& ion 4)

err]=0, 6465178 0. §o0gslar
b[ err] _%[ 40 SR8 The paih of the encoded dﬁfeé?'}cfslém 9d£3200b uses module

298 to bring the D signal up to full scale and this essennally eliminates any
10 headroom from the signal path of the D signal and thereby increases the chance
11 that some clipping will occur. So encoder 200b minimizes the loss of any' signal-
12 to-noise ratio that occurs as a result of converter 818 at the cost of increasing the

13 likelihood of clipping in the path of the encoded difference signal. In contrast,

14 encoder 200c jJrcserves headroom in the path of the encoded difference signal and
15 thereby reduces the likelihood of clipping at the cost of increasing the loss of
16 signal-to-noise ratio that occurs as a result of operation of converter 818.
17 Figuré 8D shows a block diagram of yet another embodiment of a BTSC
- 18 encoder 200d constructed according to the invention. Encoder 200d is similar to

19 encoder 200a (shown in Figure 8A) however, encoder 200d additionally includes
20 a portion 822a of a composite modulator. Portion 822a includes two interpolators
21 910, 912, two low pass filters 914, 916, digital signal multiplier 918 and a digital
22 signal adder 930. The S signal generated by module 296 is applied to

23 interpolator 910 which “up-samples” the S signal and applies the up-sampled

24 ‘signal to low pass filter 914. The latter filters this signal and applies the filtered
25 signal to one input terminal of adder 930. A digital pilot tone having twice the

26 normal amplitude (i.e., 2Acos2#(fy/fo)n) is applied to the other input terminal of
27 adder 930 which generates an output signal by summing the two signals present at
28 its input terminals. The D signal generated by difference channel processing

29 section 230 is applied to interpolator 912 which generates an up-sampled signal
30 that is applied to low pass filter 916. The latter filters this signal and applies the
31 filtered signal to one terminal of multiplier 918. A signal oscillating according to

32 cosd4w(fy/fon is applied to the other terminal of multiplier 918 which generates an
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23 b[err]=0.0 o b[err]=0.0 24

a[err]=0.557821757 alerr]=-0.602159890 25 alerr]=0.0
a[err] =OW® 9723102  Spectral Bandpass Filter Static Peansse709493 -
Equal i zation Filter 224 27 (Section #3) 542c (Equation 3)
28 ( Bquat ioweput)sigifal by muliplying-theStweOsiBrdl8 present at its input terminals. As
a[err]=0.9029 29

97/ 47102 2 with encoders 200a-c, encoder 200d is preferably implemented using a single

PCT/ US97/409493:.: : L=> 1,.:195357770 2 b[err]=0.597679348 3
a[err]=-0. 7763%%’%31?3”11 BL&EEJ"%& é‘?‘?’] =0. 352824276 5 75 [err]s

p; eenphasi s filter Bidder 200d( isljirgﬂ:rﬂﬂyixs&l i eorjuiction Wik t@o digital-t6EAkRE! ON
2 Equat i on

5 converters 932, 934, an analog -6 dﬁ attenuator 936, an analog 6 dB amplifier
938, and an analog adder 940. The output signal generated by adder 930 is
applied to converter 932 which generates an analog signal that is applied to
attenuator 936. The output signal generated by multiplier 918 is applied to

O 0 3 O

converter 934 which generates an analog signal that is applied to amplifier 938.
10 The signals generated by attenuator 936 and amplifier 938 are applied to input
11 terminals of signal adder 940 which sums these signals to generate the analog
12 composite signal. D/A converters 932 and 934 are intended to be complete

13 converters which include the aforementioned analog anti-image filters as part of
14 their functionality. Converters 932 and 934 are assumed to be substantially

15 identical to one another, running at the same sample rate and containing
16 substantially the same anti-image filtering. Such converters are commonly
17 available in commercial embodiments, such as the Burr Brown PCM1710.
. 18 It is also possible to eliminate interpolator 910 and low pass filter 914
19 from Figure 8D, and run D/A converter 932 at a sample rate equal to that of the
20 sum channel processing section 220. However, to do so is generally not practical
2] because inexpensive, commonly available D/A converters are usually available in
-22 pairs housed within a single integrated circuit. Such paired D/A converters

23 naturally operate at the same sample rate. While it is possible to reduce DSP
24 complexity by eliminating interpolator 910 and low pass filter 914 from Figure

25 8D, doing so would also likely increase the cost and complexity of the overall

26 design because a simple stereo D/A converter could no longer be used for both
27 D/A converters 932 and 934.

28 Encoder 200d represents one combination of the features of encdders 200b
29 and 200c. Encoder 200d uses module 296 to bring the S signal up to full scale so
30 as to minimize any loss of signal-to-noise ratio that might occur as a result of the
31 operation of converter 932. - Encoder 200d also preserves 6 dB of headroom in

32 the signal path of the D signal and therefore reduces the likelihood of any loss of
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7 b[err]=4.57030583 aferr] =-0.999 8
b[err]=-3.43823487 9 alerr]=0.131778883 10 11 In the DSP
Enbodi Ne&h27/4M0kncoder 200 t he val ue of the constant [ errpCTArge7/o949312

used by averager 454 (shown in Figure 5) in w deband conpression unit 280
is 13 1 set acopuady dm:ﬁcﬂWSAmngh enoodex meMemmMeompMaﬁerr]

that is _used by 1 shown i r I n spectr.al
conpr es$i on 6itRer ‘39?5“’9& Hgiépér %Odef%dﬁz 1izgs Joss et sigpaldoval ues
of GaingC a”ﬂo@'rﬂ;d)a%@ﬁﬁllﬂyelﬁﬂw ok icApping40 16 and 446, respectively, in
t-he spectral and w deban onpression units are set 17 equal to

0.50118%2 and 0. 0Fygure 19, shpmpvehlbclvdlagramoﬁamfeaedrmb(ﬁhnerfbﬂfsﬁﬁl

Enbodi nent of, encoder 200 Llarly to en oder 100. 19

Four e 3 shosaner pitgesing. fckiog 220 anduieBireabe cHafied mﬁeé%%aem@éeafor 20
pre-cal gul at rc%séllh €nB6der 0D @hd thidsk ctions RDOS, 230h maks Bflc

enphasis filter 560 (shown in Figure 6) in the DSP od| rrent of

encoder 7200. eﬁlmders 200a2d). Processingasectionso220an 230e areXimjlantd thetaboset s of
filter oeff|C|e used 560 are.23 cal.cul e.g., by a
gener aI pur pdeser @F‘ZP?%{P%%&J?%@) TRy, SECTOM 4200 %‘fﬁ%‘“}a Yy Inc E%F ‘8'6‘28‘_“? n the
DSP Enbedi mephasefeqatiafivh AP 1010) ad se“cﬁen |’2§§a addmaﬂﬂifﬁmﬁaes a dymdififci On

H(z) that is described by Equatlon (6 flow chart 700 describes the 26

cal cul 40i on phaserequalizationfiltest1918] dnrthe llb.[sgme}i emhodimens; tie. oytputssignals i ed in

D BT B den Bspui P AL B 298 8 o3kd BB BEEIHLL

descri h@d by atppliedtvlthe fripavEerinindl¥6f dPhamic phascostualizAivndilieds 1070 and
30 13 1012, respectively, and the output signal generated by logarithmic generator 558
14 on line 558a is applied to the control terminals of filters 1010, 1012. The output
15 signals generated by filters 1010 and 1012 are applied to low pass filter 224 and
16 to wideband compression unit 280, respectively.
17 Dynamic phase equalization filters 1010, 1012 are used to compensate for
18 phase errors introduced by variable emphasis filter 560 which is used in spectral
19 compression unit 290. The phase response of variable emphasis filter 560 is
20 preferably ‘matched as closely as is possible to that of variable emphasis filter 136
21 (shown in Figure 1). However, due to the variable, signal dependent, nature of
22 variable emphasis filter 136, it is extremely difficult to design variable emphasis
23 filter 560 so that its phase response is matched to that of variable emphasis filter
24 136 for all pre-emphasis/de-emphasis characteristics, which in turn varies with
25 signal level. Therefore in typical embodiments of encoder 200, the phase
26 responses of variable emphasis filter 560 and variable emphasis filter 136 diverge
27 as a function of the signal level. Dynamic phase equalization filters 1010, 1012
28 preferably introduce compensatory phase errors into the sum and difference
29 channel processing sections to compensate for the divergence between variable
30 emphasis filter 560 and variable emphasis filter 136.
31 Dynamic phase equalization filters 1010, 1012 therefore perform a

32 function that is similar to that performed by static phase equalization filter 228.
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WO 97/ 47102

PCT/ US97/ 09493 1 S(f, b)=[err]

(7) WO 97147102 i n which F is equal to 20.1 kHz. 3 PCT/USOWo93 i 1 St
step in flow chart 700 in an initialization step 710 during which 4
several vhri abHeowevere whereas filter @38 coppensatesafor \phaseherrersrthat arg ifidepandent \of

flerr] i | to.4 Hz. and |
1 fLer ] 2 The Beipualict thh plcdded dibfertfoe S8, BRCBTIB,01 Sobrnsith Brr Lsed -
in Equati@n ( 7pha8@erioss Bt aREpendeht [oﬂrthis(s?éhal Ikvel. in(éi‘é)lbflbeiﬁiz arkhe

vari abl e dBRANGE represents the desired _signal range of
det ect or s4i n tpreferghly implenzentest @%salbpaaﬁn|ﬁlteraha|vmgarrelamelymat Emgmtudmnt 9

dBRANGE | set Th e dBRES rel ates.to_the 10
sensiti VI “"s ﬁ#% é 5‘2"6{?%?%?(1 ﬁgwaé‘gs%oﬁg{shgﬁx ?/89“%’[23'9% ‘L‘ﬁ@dﬁ@d

di fference 11 inclulled M@ both! the ishim Mdiﬁe‘mﬁerﬁmesﬁﬁ QLGNS becdiide a déJay Set
equal to 0.094 dB 12 so that filter 560 wil use coeffici ent ased’ %

the val ueof tWay degrauirednin githsr the sum %Mﬂtrgm ¢hasgeli to qompensate dart the. 094

Coet 11 ci ot o (BBaP eRSY oy b9 Bt Rl Wit s 3505 ThcinSleatly e 15

sensitivigy (céHsdimentspfiltbss roaogemwmmmaﬁed iR 4 knDAr f3hioR% 16
i nteger. In the DSP Enmbodi nent is equal to 768 alt houg_h thosessr\%ﬁapgj in

the 17 10art emphasiggpicdIGand matdetzhﬁkemm ayariable confficjent transfen Wi | |
vary the;gensi fuh 5&' aﬂtf’ ?ILU'P rf?lt glﬁer!tﬂx@%e vhlled BF o ¥ DA TENL durul{g a15192

stores 7 set’s clen
12 pamcular interval. The signal generated by logarithmic generator 558 on line

13 558a is preferably applied to the control terminals of filters 1010, 1012 and

14 selects the filter coefficients used by those filters.

15 Digital encoder 200 has been discussed in connection with certain

16 particular embodiments, however, those skilled in the art will appreciate that
17_ variations of these embodiments are also embraced within the invention. For
18 example, variable emphasis unit 536 (shown in Figure 6) has been discussed in

19 terms of being implemented using a variable emphasis filter 560 and a LUT 562.
20 However, rather than precomputing all the possible coefficients for filter 560 and

21 storing them in LUT 562, it may be preferable for other implementations of
.22 variable emphasis unit 536 to-eliminate LUT 562 and to instead include

23 components for calculating the ﬁltei coefficients in real time. Those skilled in

24 the art will appreciate that such considerations represent a tradeoff between

25 memory resources (such as are used by a LUT for storing filter coefficients) and

26 computing resources (such as are used by components for calculating filter

27 coefficients in real time) and may be resolved differently in any particular

28 implementation of encbder 200. Similar considerations apply to square' root

29 devices 456 and 556, reciprocal generator 458, and logarithmic generator 558

30 (shown in Figures 5 and 6) which may alternatively use memory resources (e.g.,
31 a LUT for storing all the values) or processing resources (e.g., for calculating a
32 Taylor series polynomial approximation). In yet other embodiments, any or all
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19 for filter 560, and of course if Nis increased, a larger LUT wll be

used to store 20 the extra sets of filter coefficients. Further, those,
skil | eovO97MMO2art will 21 appreci ate that |ogarithmpCrgesyzosonr- 558
scales the signal on |ine 558a and 22 t her eby reduces the nunber of

filter qoeffiofideentompbrients i @tolier 200Tmay Be ifnplententell usit|1_|g0 fHdi Giuall HardWike
quanti zation of the value of the signal on |ine 558a. wever, in 24

ot her erbodi semponents gn altermatively ap sphwaie modulpmrunningon gigeacral onspecifier 562
25 y s pondi ngly | arger nunber of filter coefficient
sets. Firglra\lal I ?B%gcgg{phﬁé vari abl es Scal e and Address are set equal to 32
and zerd, respectiAmdther eXample of variations of encoder 200 that are embraced within the

31 WO 97/ 47102 . —

PCT/ US9 P/ 094dmyvention relatesitg sealing modules, 292, 294.(showy ip Figure 8B); xEhesgoi nt

i mpl enent at i QRSjld ¢ ; e ol S have
a val ue%:gr eat er t“lth%é?P ﬁ?&ﬁ%}f%&é@v&g&% flﬂ\i/%i Bﬁg{ gﬁﬂ@mﬁ%ﬁﬁ@#seéf;’&%g% %‘?ﬁa‘
(where the f ilhfloating ebirt implententations dere deno aced 1 patbeach samplewithlzerent ). 5
Following initialization stéﬁ 710, a g‘?ﬁgsl Ci eniy generation_step 720 is 6
execut ed® Durhf gigmbits (o REEVRIt AVEFTQY 2 & Jrodyles cag therpfare bgediminated |

bferr](Q, a : inf & C ﬁﬂﬂ.)gpi r 0 val ues of
t he coe]@‘ i Ci gﬁr@[f@[a{edrlé?})“%[l%?‘rerﬁngﬁ%ﬁg[ girﬁ t hat e%!imﬁfé, gﬁ&tﬁé@ Bféﬁgt ored at
addr essld ocateqjualization filfer 228 (S8vn ffoFigurd 1Q) basiteen discussedrin aérn of st ep
720, an increnmenting step 730 is executed, durin I gh the valu f the 10
vari abl8 Addiceapensa aJPERE#fFeeEOftHPWMg%f%‘ﬁ’g%@'}%’f?ﬁﬁﬁrfﬁ%f??&wi s 11
execut duri ' p@ﬁsa | rs Ghér
conpared. 12 b@gﬂl ﬁbgw;?gaﬁé%?gss tmrwééﬁgﬁgﬁ,lﬁﬁ%%&gt@ps 720, 730,

and 740L3ar e rcomponentedn g difference shannel pracessingsection 230a.oStillfurtbenf fi ci ent s

b , | cul d.f h.l4 f the 769
adar cs oo of Fise 388 Endublo RS PO ee R o BRI MbS ey uor

15 Therefore, since certain changes may be made in the above apparatus

16 without departing from the scope of the invention herein involved, it is intended
17 that all matter contained in the above description or shown in the accompanying
18 drawing shall be interpreted in an illustrative and not a limiting sense.

)



15 Address is greater than N, then all 769 sets of coefficients have

been cal cul ated 16 and execution of flow chart 700 proceeds to a
concl udiig 944882 750. 17 In coefficient generatiCISITBMIY20, t he
vari abl e dBFS corresponds to the 18 out put of logarithm c generator 558.

As the value of the variable Address ranges 19 from z u I
val ue of dBF anae fron& about -72.25 to zero dB 20 Hlﬂlllwumluj wﬁll
t he si gnal rmm 25 dB provided by the DSP 21* ° Enbddi fenf of
encoder 200 (where zero dB corresponds to the full nodul ation). 22 The
vari abl e RVSd corresponds to the output of the anal og RVS | evel detector 23
144 (shobn iani guﬂedig)tal BE8Caancodier, eam'pﬁhilng Addr ess ranges from zero to

769, 24 I RvEd hout 6 dB di
(o the sPgnal CAls 167 Blehcbisy Fikar dhsas B TRV & GRIAldrtt ShAmIel gidio b
.BTSC encgder sandlhst difitally high ?ﬂbfﬁeﬂ\%%ﬂ%ﬁdﬂl&f@@ﬁaxﬁ@f ﬁjecﬁgrsgﬁu difg variable

RM5d, and RMSb corresponds 2 e vartable b int er function
S(f, b) déscrlmwhym@qmgmdlgnl lefttfaltered signalvar i abl es K1 and K2 correspond

815 okt 1 O e g S

cal cul at gd ass@mvml ﬂaraigﬁm&aﬁgu hisgtmé}mgvmd aizie’bri ch%ﬁnel% %éia' e.

31 Figure 8A's k diagram that Tllustrates on t hod
of using7the ﬂﬂ‘lthereuysgzrﬁrmmdmtal nghnfll&radegndystem and in Figure 8A

glzl corrpg nent &;)Zg?tgy iX means for receiving said digital left and digital right filtered

PCT/ US9790949§8nals land inclidisRiebRyifor BuinhEin® §2iAigied 96k ah®digital fight are

i ndi cated at 200a. The anal og 2" system supplies analog |elt and right
channel 1@udi ofiltersdtsignaliendsthessby Beneratipg @udigital sym signad Aands including means'

bi ¢ anat bg- ot plrafiiE Gisct s Qg Mt t dfotal 1B AR ooty oo b o°"
12 other of said digital left and digital right filtered signals and thereby generatmg a
13 digital difference signal;
14 (D) difference channel processing means for digitally processing said digital
15 difference signal;

16 (E) sum channel processing means for digitally processing said digital sum
17 signal.
.1 2. An encoder according to claim 1, wherein said left and right high pass

filter means are characterized by a cutoff frequency that is less than or equal to
3 50 Hz.

1 3. An encoder according to claim 2, wherein said left and right high pass
2 filter means are characterized by a passband and a substantially flat response in

said passband.
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5 810, 812 sanple their anal og mH“{“HMH’rﬂIIHII sullm a sanpling frequency
flerr] that is 6 equal to 47, 20278A! IR REL [ r]) and converters |
810, 8MWOPH4TWBy generate sequences 7 of "si xt een bircTiUsETI0O493S ANl es
that are representative of the left and right channel 8 audi o i nput

si gnal s,1 respect i valdigitdl IBISC gnedder,geomprasiegt by converters 810 and 9
812 are appli to encoder..200a where they are received by nodul es 292 and
20 5Pt A& oo cefugiel samplng Saas 5oy estiuiean, senlot e chanock midke dul oo
(which 311 giorfdl %hd $or $26n |d bk HE f . of 16) and
therefore gerfc’agrrgte 12 ﬁg%t Sﬁf%‘%éﬁa?ﬁ‘ﬁ' %‘%@ﬁ%ﬁ"‘t%%ﬁ@f"% I nput
si gnal s 4i vi defubpcyssvbstastialliSequal to NL@mes 1§, 34sHarant therepy [generatigf at wo i s

il .i.shed.in. Lqital b ' 14 hi f [ ,
modul s oo, kA P stkagh, N i@ ark piesRF ereanighed or edvaldo ety 160 o
their inputs @y fqyshtiehiieY sihplRS means! for receiving an ark iﬁ?é@&aﬁgﬁ\éﬁ{dﬁ%he

56002 chip is a fixed point twenty-four bit pro

sanpl es 7appl isighal end fier samipling)saicbanalog right bdnelda@ia signalnatt \SinplinkS

conpl e t representation. dul 2 i vide the sanpl es generated by
19 c Ver?—gqqgeg%? ‘fﬂ“ﬁ‘wgﬂﬁ‘éi“gﬁwgﬁeﬁé@%ﬂéé@rs%se@ﬁrameasarrp| es
in the 9 20 digitdllripdk Sigahl;a twenty-four bit word. So in every sanple

gener at ed by nodul es 292, 21 . .294, the four nost significant bits are
sign bikdk andC) he maix meanstfos repeiving said digital Iefe and digitat right signalanaind he

qener atd by MruAiRE el K6 Glrinile W34 di 5680 BRI ienct B8 it ad Mrseore
bi € vorgp w { peséaingaigiil sutPsighal a8 thoatingbiding SxombBASHEohOY & | 1

this 25 f ashi onﬁreserves accuracy and alTows internedi ate sign

gener atidd by digitad deft apd digital pight, sigpals fram dhes pther of, said wdigital tlefs and digital ng an

error ndi ti I . . I'n encoder 200a,
each bit of tr%t?@%l{si@péﬁg%éylge%rﬁf%%rcﬁ%f%?ﬁfg%rep%euam, 29 to 6dB of
si gnal ¥sange(Dand differentockanmelptoesssitigZmedyfor digitlyProcéssing 24id@

(i.e., negative 6 tines 4) attenuators. If the analog input signals applied
to 31 16 “coliderenee;signal, " 812 are considered for reference purposes as zero

dB si gngj s, 3%4 fahPehdnllel lodiing MEAR' R} Afbitdlty PROHsERg S8 aiphd) P

attenuated b
18 signal.

33

5. An encoder according to claim 3, further including digital high pass filter

F="y

2 means for high pass filtering said digital left and right signals.

6. A digital BTSC encoder, comprising:

(A) matrix means for receiving a digital left channel audio signal and a digital
right channel audio signal, and including means for summing said digital left and
right channel audio signals and thereby generating a digital sum signal, and
including means for subtracting one of said digital left and right channel audio
signals from the other of said digital left and right channel audio signals and
thereby generating a digital difference signal;

(B) difference channel processing means for digitally processing said digital

O 0 N O bW N

difference signal, said digital procéssing introducing a first phase error to said

b
S

digital difference signal;
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\lggT?LYJ/Sg;mSZ) 3 1 | nput sectllmml]ml“mulm(ugl,m hé tvvent.y-four bi t
wor ds ge(ﬁlg)rég‘gﬂnby nmodul es 2 292, 294 dndtgehmer at es t h®CIUSSTHI¥AR -sum

signal that is Sppl ied to the sum 3 channel processing section 220. The
out put shiignal (§éners¥mghannek pracessing means for prpgessing spidydigitalt o sigaal arsl

applied a it e | nsktdered as a. 24 dB
anpl i 16 20dhetine Hed 1 Rurddiins s BEnd Pheke erpor i Bleis Sp Byt
attenuatldrs 29nd thérébycdmpensating tfor said fjyst plake etor Gitpsductd me%sfa&iigﬁal?
secti ongl%ZO ba&é to 100%.nodul ation (i.e., back to "full scale"). The

out put eTEPce,81883lat ed by nodul e 296 is applied to a sixteen bit
digital -to-analog 9 converter 814 which in turn generates an anal og
conditioned sum signal. 10 | nput section 210 al so generates the

di fferende signal tAmudaptivapfigitalcigml weighldg systethf fiacRamg £ 5gRi%lath for

pr ocessi g section. 230. gi stated. above, as a result of I2 Ddul es 292,
294, the=dif f &AENOHULE 3R °°FFé%P5 aformauon signy of2 pradstgrmined rhaadwitith ghrodgh
24 dB. I the slgRverRhP aiesiste?t FEIEE . clipper 254 (shown in Figure
14 3) of tﬁe difference "processi ng%g’ﬂ’%??% 230 includes an 18 dB

anplified (which i digigl filter meapselispostdain saidrsighalppath ifor wirgtiig) the Baat i S,
clipper 254 applifi t he signal .16.. . _generated by fixed preenphasis
filter 232b b E’é’sﬁfgs %H“tm’éﬁ%ﬂfﬁe“‘t ‘g'ﬂmﬁpisf%ljw&mafgﬁméﬂctmmm t he
out put siggnal raaewatheRl s preddiBMindd Bastivli ' iq L hat
i's 6dB down frr%ﬁqfuu m)qlullgtion. lﬁl’heﬁgﬁm&lgfmg%B%ﬁ%@gg%%%tg’gﬁlpto 19
| ow pass7fi | t &irstaggisblengain fagter varyingnia fesponseto 6ndiB3 adbnctivenol » 6irdt cohtrol
filter 238b 2% al:. MY generate an output signal that is 6 dB greater than
its input sig e \Nithout 21 causing saturation. It is desirable to

| eave thips one bit pefank eSIaigRANYP 2eRtaRng BEd 37t %‘n 51“6 ofy .
filter 238b includes sone r|_ngijr91§.t hat émay Calsjs_ceon}x:o?tg 3 m&%ﬁfe}é’ grﬁ%er N y
gener at d0an i Ard imacaesdanse ity the signpl ghenglyaof said infermationt sigom] iwithi® 4

I nst ant gpeous J t. Sl I he. headr oom t her eb re ts any ringing in
itor 38 sOBseRbOHBEl RoslolmdiRite Roliat 3 B RshCaelechapestal n 1 o
Figure 82, thee : out put signal generated by filter 238b is applied to

a sixteen bit .digital-to-analog 27 _converter 816 which in turn
gener at 43 an out pudigitalgain qanirol meanp dispesed: in saidosigmal path and coupled to said

14 digital filter means for varying the signal gain impressed on said information

15 signal substantially throughout said predetermined bandwidth by a second variable

16 gain factor, said second variable gain factor varying in response to and as a

17 function of a second control signal; and

18 means for digitally generating said second control signal in response to

19 and as a function of the signal energy of said information signal substantially

20 within a third select spectral region within said predetermined bandwidth.
1 8. A digital system for encoding an electrical information signal of a
2 predetermined bandwidth so that said information signal can be recorded on or
3 transmitted through a dynamically-limited, frequency dependent channel having 5
4 narrower dynamically-limited portion in a first spectral region than in at least one
5 other spectral region of said predetermined bandwidth, said system comprising:
6 input means for receiving said information signal;
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28 anal og anplifier 820. Both D nd 816 are intended
to be 29 conpl ete converters, mmmnﬂﬂmuﬁ"ﬂgﬁm | - known anal og. '
anti-i WQe7MTNLers as 30 part of theit fundtidnalityPCRIsITieye
filters are analog filters applied to the 31 anal og signal follow ng

di gi tal 7t o anal oga Gignabtransmiissibn pathseoupledito said imputineamsfor Iansmitlinggad of
the desjired signal_ which are m.rrored about the sanple frequency and

34 8 \\p formatign signal received at said input means;
PCT/ US9g/ 09493 1oupuilehihdt Siipldd @ S inphif Riahd Girsughléhi Efg umed
to be s%bstantial ??/ptzl ide(ﬁlt%i cal to or?gpanot her, %nrll?n ngltlé?ﬁféﬁsgﬁ :

sanpl el at e path foppraviding gaid information signabas gncotled by saidasystemi; nage
filteripng. Such cqonverters are comonly. 4 avai |l abl e in commerci al

enbodi ﬂrgnts, such %ta[ﬁ@néo?é%{ﬂe%srﬁ%‘é’}ﬁﬁ‘u@t%ﬁggnﬂ Pégh?zs‘{armsmef i er 820
anpl i f18s itgg BinpH8eaoh, B FurerfadldieGBil sabi oded

di fferg‘?\ce s?é‘r‘%%&g}ic ugéto fuIlI s‘cal?a. V\V#lsﬁ Fi éﬂ?@llgiﬁgﬁgl\}\%mgﬁfgoder. 7
200a cd8ipl edptedetarmined-bandwidgh,t said signalcegain varyding)in gsporfsetto and @s @i ng anal og
audi o i si.gnal s, igk.d&E iLal|] ;sé%éems converters 810, 812 may of course be
elinmn $ed smstion of gyrs hebtee® a receives the digital audio signals
directhy. 10 diéital filter fiehns SupldioiSsad Sipaslipath s Sd1d AigiRl Sain' @hibl ed
embodi nent of a BTSC 11 | encoder 200b constructed according to the

i nvent 16n anoheansfor jmpeessing asacond varigble Zain omthel pagtieny of eaid imfioomation 200b i s
simlar,to encoder, 200a.. hovweyve k0 en .1 200b _nodul e 296

anpl i f 12 i t Y2 p‘b‘Psz‘Q’i‘%% 8%‘“1%‘%5’?%9%???%?@ 5285 g‘b*’%’mﬂ’ﬁi‘% B than
by 24 48 as péridRawite tespetiao thé eerfainiig! poitiamodf G tifoineAlionysigidiagi 296 i s
15 a scaled version of the conditioned sumsignal and is shown in Figure
8B as $9 16 second yariaklpgainevarygghin; rgspanse to andhasiafuncrion of g segagsl ¢angrolg t he
out put gal gnal. 17 generated by difference channel processing section 230

@l

by 6 dBY(by ﬂﬁﬁ‘im yi ng
21 means for digitally generating said first control signal in response to and
22 as a function of the signal energy of said information signal substantially within a

23 - second spectral region of said predetermined bandwidth; and

24 means for digitally generating said second control signal only in response
25 to and in accordance with the signal energy of said information signal within a
26 third spectral region of said predetermined bandwidth including at least a part of
27 said first spectral region.

9. An adaptive digital signal weighing system, comprising:
a signal path for transmitting an electrical information signal of a
predetermined bandwidth through said system;
variable coefficient digital filter means for filtering said information
signal, said filtering being characterized by a variable coefficient transfer function
and said filtering varying the gain impressed on the portion of said information
| signal within a first select spectral region within said predetermined bandwidth by

a first variable gain factor, the variable coefficients of said variable coefficient

O 0 N A W B W N =

transfer function and said first variable gain factor varying in response to and as a

10 function of a first control signal;

46 . _
This Sheet Has Been Re]ilaced - 1 THIS SHEET HAS BEEN

- AR P




18 Dby two). The output signal gener ﬂﬂ"mﬂ‘:uﬂﬁ 8 is a scaled |
version of the 19 encoded dlfferenc hown in Figure 8B as
D. Furt h¥O9747d@der 20 200b i ncl udes™a &onpodit & mbdul aPEATUSIT09483 -
receiving the signals S and D and 21 for ?eneratl ng therefroma digital

1

version dl the corrpnmansfqruygmlly gﬂmralinglstaai psk controbsigualiandy dn gespbnse to
teq b | at 22 | t di-qi £:al =t 0- anal 3. ..

Qonver t o2 1 BHLILHRGEATGS Wik B sk preshy, S5 pErBBR sitel Rimina: ¢ o

si gnal . iiﬁ sddofid %aea@épk@&al&agmhsnemmgcmedsoa Aol fitd Seee RECIEl

whi ch includes the 25 af orenenti oned anal og anti-image filter as part of
i ts functldonal regjon;Such 26 converters are conmmonly available in

commer ci gl enbodi nment s, , such as he Bup 27 . rown, PCML710. |In the .

pr ef erreg Senbodi menfEita} B Q0 rggglcalésgg}qusgéd{xsg?s:gnaég%&mpo%@lectmald
channel pgoc essax%né eséfreienea@mﬂﬁh&eﬁ@mefoe W@Wiﬁ%tﬁ&ﬁgﬁl%ﬁw irPressedS@ift i on
230, nodul es 29 8, and conposite nodul ator 822 are all inplenmented 30

o ol e d'ngﬁld ?‘;f“"“g‘f“ ipraloubuands britpghert id pmdm?:gq%?mm >
re 538" IR sed g bR, tn Ficsdh, Sah dofindt Lililte ERTRGS FE§engiit rebomec

channel g to and as a function of a second control signal; and
97/ 47102

PCT/ US97209493 1 means farsdigita)lysgeneratingsaed sgeond coprel sjgmlénrrasnme tchan

wai ting t|| a | gi.tal -d&0- . L. i .2 anal og
anpl i fi e sucha'écL t¥°§r°ftg'§8 ség.m‘ eneg&a ngalﬁg%%h%Ps g%s&% @@' since
in the copposi Withi &MRird kélectospoetidliregios wittith 4aid predet&ﬁmhed mmﬂtmt 50%
nmodul ation, nmodul e 296 only anplifies its input signal by 5 18 dB so

that the output signal generated by nodule 296 is at half the anplitude 6

2 bl ock aitagr atbor ahBEHRLBTSGMEoR Mafiuhito daim 1, wherein said i Enthul 0"

2 processing means and said difference channel processing means are both

3 implemented on a single integrated circuit.

11. A digital BTSC encoder according to claim 1, wherein said digital left and
right channel audio signals are digitally sampled signals sampled with a sampling
frequency substantially equal to N times 15,734 }Ii, N being an integer greater

HOWONN =

than or equal to three.

12. A digital BTSC encoder according to claim 1, wherein said difference
chahnel processing means includes:
(A) difference input means for receiving said digital difference signal;
(B) difference output means for providing an encoded difference signal;
(C) a difference signal transmission path coupled to said difference

input means and to said difference output means, and including means for

'~ N W AW N =

generating said encoded difference signal from said digital difference signal.

[¢-]

13. A digital BTSC encoder according to claim 12, wherein said difference

channel processing means includes spectral compression means for receiving a
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8 nodul ator 822. The latter receir m'u) ' and D and generates
therefroma 9 digital version of ﬂnm mﬁ’ Elmnal . Modul ator 822 |
i ncl udewa smaitox er pol ators 10 910, 912¢ two i gital | opcpwssndoidst ers
914, 916, a digital signal nultiplier 918, 11 and two digital signal

adders 930, 9Z3gectrhil @ompiisioR ifipul 3l froth suid diffdeiice sighal rah@fRE6hipdeh | nput s
of -the interpolators 910 and 912. Interpol ators 910 12, which 1 are

al t er natlilvel y and for cempressing said spectra) cempression dapus signabacconding s.ap| e

bet ween ;14 ever Q ' | . ly Iy | ts, and
t her eby léenerg?'éc?'fé &f od fe?%%%ﬁ?@%@%%%@é‘%@%%@“‘ ggﬁ%lﬂﬂéﬁé&] requency
as the ijput gestating & spesirdD.cotipressionfvatpusisignal, angrindladiag ineant €or hwppqm;;
i nterpol ators 910 and 912 are applied to 17 = respective inputs of |ow
 pass fillders $aid speetra) xompressiongutpyt signab fo sqid difference signal transmissien path-o
the S and D signals by interpolators 910, 912. The filtered output 19
signal generated by filter 916 is applied to one input of signal nultiplier
918 and 30  14a digidigital BXSC bmdodeactogling te elaim 113N evhefein 6did spectral
cos[4[err](f[err]/f[err])n] is applied to the other 21 i nput of
mul tipli & 918ompression meansgagludesaneans fgr measiring a fiest gpengylgvrl of zaid
nodul at ed, do i ; rd s | nce
Sanal 23 neeR GifteRee spPRCS RS SEBLY b ol Bl fob el £
gener at ed by rmithttdopitiob signdl represert@tives ofiyid ifiest energyrievélnput of signal adder
920 and the filtered output signal 25 generated by filter 914 is
applied to the other input of signal adder 920. The 26 | att er generates

an out puty, signal bya St mf&ﬁ@ | LIS ohd psgf:gn. 7
and appl iles tﬁ?’s si%%ﬁ%ﬁa aﬁg%cgp‘géé.t&kﬁgﬁptgf %{hgir.lée'ﬁg?gn t hat
oscil |l at @ as cempessionf mearisi includés d\varifhl¢ emph4sig filter] for [receiving and digitally' A

IS a constant represeptative of 10%of.29 . full scale nodulation) is
appl i ed Bo t hdltsTingrsaid, sRectrak CumprAssion, wput sigpal qmitﬁﬁeagbgenera%g@t es the

di gi t al %ng%bL&ﬁicaﬂﬁéeos%rﬁwfﬁmwgdaH%é iitePing PROVIAR BY 841l vakiables 31

L

I nput s. osi te nodul ator 822 includes interpolators 910,
912 becaudse t lemphasis filter being characterized by a transfer function including a pluralgg of

6 coefficients, said spectral compression means further including means for

7 selecting said plurality of coefficients according to a function of said first control

8 signal.

16. A digital BTSC encoder according to claim 15, wherein said means for

selecting said plurality of coefficients includes a memory look up table.

17. A digital BTSC encoder according to claim 16, wherein said means for
selecting said plurality of coefficients includes logarithmic generator means for
receiving and logaritlimically compressing said first control signal and thereby

generating a logarithmically compressed sigﬁal and further includes means for

[V -G VA I R

applying said logarithmically compressed signal to said memory look up. table.

18. A digital BTSC encoder according to claim 15, wherein said means for

(=)}

selecting said plurality of coefficients includes means for calculating said'pluraiity

of coefficients as a function of said first control signal.
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%?6&35}85493 ' 1 hi ghest frequlal“l“lullmmuu “ “II the conposite

signal iwosiliagim2l y | ess than 3f[err] (ag ¢ 28 " i’s ShowPGHUSITHMR 2)

and therefore the signals applied to the inputs of signal =~ 3

mul tipliep 9181and N digital BISErergodersavoording toselaisa 1| wherein saidispeateadt as

| ar ge as 4 6f [err] tao.satisfy th ui st.,.criteria._ Because_ the

sanpl e rdPe at c?‘FiB"eég}PB cags mc?u. s\ﬁectiag ﬁa%alsihﬁsﬁmeg?so T4EFE P{)‘é. cally

hi gher {30 ¢ NEuSARR acsigrdl fetbschiaiielof shil hoodeddiffererdt sianal SiPinrensy A
er

converter "818 mnus e capabl’e of operating at such hig Sanpl e

L ates. | f1|2t he Tgmmratingé? r[spctmssignal, ?adpﬁiltqrm pmvmmssai@mmﬁl bandp?]szﬂ;ter 8
ave Sa e rates of . rr S orm | O | Su as_t hat
pr ovi decr}pléy mgans [’e‘i“ﬁtcg'f’?%?eé’%%ﬁ:gy &Ws%ﬁ;};‘?ﬁ@tﬁ'@ Beg&ﬁ %B?ﬁ(i"&éao{[bondoubl e

the sanple rate. O course, 10 If sufficiently high sanple rates are

used throughout encoder 200b then 11 i nterpol ators 910, 912 and | ow
pass filtdrs 920, 9¥cdigital BISE ¢ncoder angordingrio ¢claim 19, nihareinsaid spectral 13

Fi 8C_sh bl ock di agr. f h odi ment . of _a.BTSC. 14
enoder 580c ¢ SAPPRINEE SRS nbdry st RRES xS LamRaRt mERs o8 it sud
simlar tg 15 gpectra? nd2RR Fehsrating therefrbmail A%t chstvsl\sdgnal,l Aicfigseder

200c nodul'e 298" 1s 1 elimnated so that the signal generated by the
di f f er encéd chacontrolpsignal deinggrepresentativecef s RMS yalug of 5aidspgetal signghd i s
applied directly to conposite nodul ator 822. 18 Further, in encoder
200c, nodul e 296 anplifies its input signal by 12 dB (by 19

mul tiplying byo4) ra agsital BISCHancblerikcording telohaimi19, shersir saidGPectrato i n
20 encoder 200c, the signals S and D are 6 dB down fromthe |gvels of
those sigal s compression meansdacludescan arplifying meanfofor regeiring and amplifying o

generates Jfromthese 22. .. | Si ; ' | at
is attenuated 599 _edrgﬁfgr%g%m}a e%g%bg’ggé\g%lfag@gnsﬁ@;m et‘%g?r%om gtO?
si gnal i s gconvegaideshcbdeddifferéicegignabnal by 24 digital -to-anal og

converter 818 and is then brought up to full scale by 6 dB anal og 25
anplifier 820. As with encoder 200b, encoder 200c is preferably inplenented

26 usi,ng a ,5i ngl ol ' [ i 1. in caid di he
differ encels be en éﬁ%g‘yrﬂ?sfgsﬁé@hﬁ Bﬁﬁgégrggg{einl{s' esélregurll SSIg difference’
tradeof fs.o As tohgmml podebsing infeahd inchides wiidlébang pomprression méwms fopreceivingy a
digital 29 signal to an anal og si agf Wi tl’ég(ﬁggi %igt al -to- anal.o?(‘g_l
conver t er 3 i nsoyidplpndrRamRTESicIHinput S'_ag“gi. o saf renice signal, fransmission path 4
to mnimze any L43s QhpreséidsaldQwidebafd Ecdpression input signal according to a

5 function of an energy level of said encoded difference signal and thereby

6 generating a wideband compression output signal, and including means for
7 applying said wideband compression output signal to said difference signal -
8

transmission path.

23. A digital BTSC encoder according to claim 22, wherein said spectral

1

2 compression input signal comprises said wideband compression output signal.

1 24. A digital BTSC encoder according to claim 22, wherein said wideband

2 compression means includes means for measuring a second energy level of said

3 encoded difference signal in a second select spectral portion, and for generating a
4 second control signal representative of said second energy level.
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31 - that mght occur as a result of ya N maEncoder 200b
mnimzes the | oss 32 of signal -t 1“ﬂlﬁm1mmmgfmg result of the
oper at i 8¥08¥4HBhverter 818 by using * ¢ L n 5 = PCT/US97/09493 -

37 WD 97/ 47102 _ :

PCT/ US97/5094925.1 A digith[BISC eficod2®accooding soi clrimi 24, wieren gid sdidebandi on of
t he conpgsite signal. 2 (.gener at ed, nodul at or 822) that is applied to
Convert o 16 cPubEssiog means dctudas amaplities, BEATS. FO% Fokt) i 2B APBHERE 38K

m ni m zegy any yigesand! coptptaion RpROsigRal WdingOs fAM cohtrolled B! 5

result of converter 818, encodg? 200b " al sgq'}%creaserg ﬁ]g}'?ﬁfd &E?ﬂg I'hood
that cli $pi ngsignghandtheteby generatingazajsowideband gompression oatpub sighiaf.f er ence 6
channel processing section 230 uses the relatively large gain provided by
fixed 7 preenphasis filter 232 (shown in Figure 3), it is possible for
sone clipping2Eo 8 A digift BYSC Enddder Actobdifig td BRiATS) datkren! SRich ygnal .
Encoder 200b uses nodule 9 298 to bri% the D si'gnalrgil?psfaﬁ) u Iaﬁdscal e
and t hi s Zessegompréssionl mednsdnelydesnyideband bandpassdiilterfmeanst foe redeiving apdit h of
t he D si gnal d thereby.increases t chanc . t hat. sqnme .clipping w ||
occur. SO encSHEFINSSHB lrfFWf%‘iﬁf‘ﬁe&Fs&{ﬂ&fﬁﬁ%@fg‘?% s-lg'iag and '*‘E}%ﬁbl se
rati o that ocgehérafifiga widebdrd §gndl O Filefi villed By s&i@SWidebarid 64 isng
the 13 Iikglai hoodg of clippi ngm?n t he pa?%iag?_ thehgncodeh dﬂdf]ere ?:ées

si gnal . I5n codittensneans peing chatastrrized by passband\inssaidesedond select spestrglat h of

t he enco%ed di f;“%gnce signal ‘and 15 t hereby reduces the |ikelihood of
clipping "at t K8 t of increasing the | oss of 16 signal -to-noise ratio
that occurs as a result of operation of converter 818. 17

Figure 8D shows a bl ock di agram of yet another_ enbodi ment, of a BTSC 18 -
encoder 300d @dnst rddigital engagdes accopding te slmaAe, whereincsaid wideband

addi (1 ond 1y PREPROSEAShea iAohit ol B Selkebf HRAEL o SRERY €t

Portion &22a iwidebuhdssignad ahdfer peepdtingtherefrom said second control signal, said

4 second control signal being representative of an RMS value of said wideband

5 signal. |

1 28. A digital BTSC encoder according to claim 22, wherein said difference

2 channel processing means includes first low pass filter means for receiving a first

3 low pass filter input signal from said difference signal transmission path and
-4 including means for low pass filtering said first low pass filter input signal and

h] thereby generating a first Jow pass filter output signal, and including means for

6 applying said first low pass filter output signal to said difference signal

7 transmission path. '

8 29. A digital BTSC encoder according to claim 28, wherein said difference

9 channel processing means includes second low pass filter means for receiving a
10 second low pass filter input signal from said difference signal transmission path
11 and including means for low i)ass filtering said second low pass filter input signal
12 and thereby generating a second low pass filter output signal, and including
13 means for applying said second low pass filter output signal to said difference
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21 910, 912, two low pass filters 9 poimiwal s gnal nmul tiplier
918 and a digital 22 si gnal adder 9§H|||ﬂﬁm||sm|ﬂuﬂ3]||| ener at ed by nodul e
296 i s ayRYEI12, 23 i nterpol ator 910 whi<h L up- sanpt esPCIRISIUMPY a
and applies the up-sanpled 24 signal to low pass filter 914. The latter
filters t4his wignahitransmiissiopipath, the filtered 25 signal to one input
termnal of adder 930. A digital pilot tone having tw ce the 26 nor mal
anplitude (i.e., 2Acos2[err](f[err]/f[err])n) is applied to the other input
termnal pf 23g  AdMgital PPSOhdied wResIMES toPAlaih 2D Uivheret 8did WmStHaHhd 9
the two signals present at 28 its input termnals. The D 5|gnrgl

gener at ed2 by dirbéessimgopeansdneludesysr ocessi ng 29 section 230 is applied to

i nterpol afjor 912 whj ch gener.ates - l.ed si.gpal ,30 ., that is applied
to | ow pass filter 9Y6. ﬁ'ﬂ’éq‘éﬁt’%%%ﬁil*ﬁ{ g%gp‘??ﬁ §“§?€H§’ SUMSIERAN i es the 31
filtered gignal to @)e tQiniongut Meaits!fod Ploveding honditiohed ShmQdsdal;| at i Ny

according to 32 cos4f[err](f[err]/flerr])n 1s applied to the other
termnal ®f nultipl(@r 93sumtsignal feansmission path coupled to said sum input means

38 97/ 47102. . . ; )

PCT/ US97/ %\19)493”“3 to;said sump optput meaps, and inclyding means, far generating saida| s present
at its input temditined sudSsignal from swid dighsloReesREna00a- c, encoder 200d is
preferably inplenented using a single 3 digital signal processing

chi p. 4 Encoder 200d is preferably used in conjunction with

two digital -taganal . (o] t n log .36 dB
attenuato 9383,1’ap ‘§g%‘gl(§§ %Tsd% anp |fﬁ%é(r§d&%° aﬁbég wggtg"h%‘gﬁ%'océ’a%er
940. The put pyrosdsging! memis dhethdsh surn eHsitmel $630 pass filter meansIDP récRVihPa sum
converter 932 which generates an anal o? signal that is applied to 8

at t enuat o¥ 936hammel low: pass filtep input gignel froeysaid sway signal trapsmission patipand ed t o
9 t ' : s ' { ' L t )
arol i 11 ort o3 et eded RF A% oS RBA G Gutl Gitnet 193 pds§ AP GRY  ©

anpl i fier5 938 sigtal apd/thereby genertitig a sum channel low pass filter output signal, and

6 including means for applying said sum channel low pass filter output signal to
7 said sum signal transmission path.
1 32. A digital BTSC encoder according to claim 31, wherein the filtering
2 provided by a cascade of said first and second low pass filter means is
3 substantially similar to the filtering provided by said sum channel low pass
- 4 filtering means.

33. A digital BTSC encoder at':cord_ing to claim 32, wherein the filtering
provided by said sum channel low pass filtering means is characterized by a null
at 15,734 Hz.

4 34. A digital BTSC encoder according to claim 33, wherein the filteﬁng
provided by said sum channel low pass filtering means is characterized by a pass

6 band between zero and 15 kHz

1 35. A digital BTSC encoder according to claim 34, wherein the filtering
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11 termnals of signal adder 940 whi m nals to generate
t he anal og 12 conposite signal. Imlm mVII ‘rﬂmumlgand 934 are .
i nt endewoteggbgpzconpl et e 13 convert ers “whitch®i ntl ude pdwussfopsaent i oned

anal og anti-image filters as part of 14 their functionality.

Converters 93go0iaed %§4saﬁf QA SHANTRY 16w paes Hkdrigamearnd s \eharabferized bglant i cal to
one another, running at the sane sanple rate and contai ni ng 16

subst ant3 al | ;cmféabavmlému mage filtering. Such converters are comonly
17 avai l abl e in comerci al enbodi nents, such as the Burr Brown PCML710.
- 18 It Is al so possible to eli m nate interpolator 910 and | ow
pass filter 9%¢  A%Uigital/BTBC kehcndee abfardingctoralaim B 1 whereity said dfftZemee a
sanple rate equal to %hat of the 20 sum channel _pr.ocessing section

220. Hovkver chagnelproeessiog gaeans dnglydesdirshiized pregmphasis filter msapswfpse

oai 18 nobisca SRORTE 40 Divelihiiel AnfiReAl o oAl Riftaice e ABRleCon, 7,

23 NAt ur haly aﬁ@eﬁélﬁdingtméahe fmﬁnemxdé ﬁratmeemﬁlidsa input sigmmdand bl e to
reduce DSP 2 conpl exity é e nating inter po torwﬁlo and | ow pass
filter o4 frtbm'ebvgg?ﬂeraﬂaga FirsprecphAGS QWHH BRI AaD EGRg meAes Lo the

O A convr tor PR\ <R fiaFpR¥igRhsi Shopt gl SFuUERRHEE: Bgtal BubniieRE)

ol

and 934.728 path. Encoder 200d represents one conbi nation of the
features of encoders 200b 29 and 200c. Encoder 200d uses nodule 296 to
bring the S signal up to full scale so 30 as to mnimze any | oss of

si gnal -t p- noi rai r ration
of converter %@2. én ‘ES%%%?%%S?%@?@ é’s&gﬁ,ﬂdﬁB6 ?h%%ﬁxﬁ%%#}xffeg&% t he
si gnal path ofhanhel ;ﬁoecsgmglmean! intledes’ secend Gided preemipbasis Kidser mgags for any

| oss of . . . e o3 39 WO

97/ 471023 receiving a second preemphasis input signal from said difference signal

PCT/ US974 09498, nemission path and including means for filtering said second preemphasis input
5 signal and thereby generating a second preemphasis output signal, and including
6 means for applying said second preemphasis output signal to said difference signal

7 transmission path.

38. A digital BTSC encoder according to claim 37, wherein said sum channel
processing means includes 75 us preemphasié filter means for receiving a 75 ps
preemphasis input signal from said sum signal transmission path and including
means for filtering said 75 us preemphasis- input signal and thereby generating a
75 ps preemphasis output signal, and including means for applying said 75 us

N W D W N

preemphasis output signal to said sum signal transmission path.

39. A digital BTSC encoder according to claim 38, wherein said sum channel
processing means includes static equalization filter means for receiving a static
equalization input signal from said sum signal transmission path and including
means for filtering said static equalization input signal and thereby generating a

static equalization output signal, and including means for applying said static

P T LT I S

equalization output signal to said sum signal transmission path.
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1 accuracy due to clipping. Although l | udes nore
conmponents than 2 ei t her of encoders”mmmﬂumm |Iﬁncoder 200d bot h
nm ni ni zeWQYXF sj gnal -t o- noi se*rati o afd tshe | | kK ECTHSSHOWP3

clipping. 4 10 shows a,. bl ock di of, a preferred
enbodi rreni7 of 48m5A dlgetﬁbg}ﬁ% a}ceésssq%dl%ée Figim rB&ﬁ‘Hnd-Fgf’i‘FBH&e

channel oces TSR RIS e
secti ons 20a ﬁ%ﬂéﬁ%kﬂ? sé%&&f;asﬁegrgpﬁissgjﬁﬁéﬁ}k enco ers%%g %CBE&
Processi n@ secpteentphasid phastifdspanse, therfiltexringt provided dycsaid 73 ps preatnplasisbed
sections 220, 230, however, section eé Oa di ti onal I¥ I ncl udes I}%nam' c9
phase equdl i zafiltsrmeans being characterized by a ‘13, #5 PEECORASIS b 1 fdes a

dynam c BifsEnceobriv t

enbodi ne#? the out pét:et SI Sﬁ%ﬂl&@eéddd lﬁ{"mﬁrat ealh%)s/égfg ti c%@g%eiqrﬁg' |nzc§t i on
filter 222 andphaseadspnmebpimgsmbstﬁnﬂmlb'rsmﬁlaatdi differanee betpieemdaid @5t e | nput
termnal s of dynam ﬂs’e el%gli?l | zati.on flglﬂi‘ers 1010, and 13 1012,
respectiVdly, BFEM Rt QRse 120 A-RePORE FEFeReNeS, BHASE FRSRAORSGy ener at or 558
14 on line 558a is applied to the control termnals of filters 1010,
1012. The output 15 signals generated by filters 1010 and 1012 are
applied td | owdpass X digiel BTSC envedeBaccording wh diaimmd, odepeingbe Giltetingt 280,
respectively. 17 ha aliza on fjl 010 1012
are used o coRf}eVrﬁ@eé’('éyFﬂFl fl:g[%/preem sﬁﬁ%ﬂ?‘%{sr ?H‘zﬁé%ya?r 15 e
enphasis Kilte eIt 290.
The phase resp nsgﬂ)o : %egrle errghgxsl s fi Ig'?ierpit%g?)lﬁygﬁimgﬁﬁéb%%%&a%l y

mat ched a# cl ofmieyrmns belpgssmtﬂct;nzedtbuatt staffic eqmihaaﬁ(m Mhasspgnsq,lsa@rﬁme

21 e ST i B v S RGP il SRR

desi gn varg abI? n§e23 f| |ter 560 so that its phase response |s
mat ched to that of variable enphasis filter 24 136 for all
pre-errphasi s/ de- enphasi s characteristics, which in turn varies with 25

si gnal er ef ' C phase 26
responses of vgﬁl ablfgdgﬁlr%ﬂgs‘l?ég ?‘?‘{ter %% g&\;faaﬁxpa %%g}dsﬁﬁl ter 136
diverge 23 Habi Ghpsigial tOm msrs'aid fiest ¢dw pasfiltecowtpassignal.

equal i zati on flpl?feg?es 1010 10% 28 P preferably ﬁt roduc].e]bcorrpg)ensat ory

phase errors into the sumand difference 29 channel processing sections

to corrpen ate for t ' L1t er
560 and vari aba: e aiF FARE Encti BERrdiRE 16 Rlafn 2, wherHAR rkuchand
equal i zat ion f ichinpkessibalifiputlsigiial icoatpeisey said firdt preemplitizis ouqﬁutrstgnab.n that is
simlar to that perfornmed by static phase equalization filter 228.

1 44. A digital BTSC encoder according to claim 43, wherein said second

2 preemphasis input signal comprises said spectral compression output signal.

45. A digital BTSC encoder according to claim 41, wherein said difference
channel processing means includes difference dynamic equalization filter means
for receiving a difference dynamic equalization input signal from said difference
signal transmission path and including means for filtering said difference dynamic
equalization input signal and thereby generating a difference dynamic equalization

output signal, and including means for applying said difference dynamic

O 0 N O W

equalization output signal to said difference signal transmission path.
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g(c):T/ USQ?/X\S48C7*}/41102 However , Wnerea““l“”lu"l““l'lu)mlensates for phase

errors twewd7are2i ndependent of 2 t He Fevel Bf % hé& encedeisdédaes ence
signal, filters 1010, 1012 conpensate for 3 phase errors that are
dependenn on m S A glgahl B'&'S@Iencb‘ddrtmm'diugm cldifn £5,awheréin said pum fchamizl y

I npl enmented as "all pass” tersh i ng, rel atively. flat magnitude, 5
responseé andPRSFEN H‘%‘é’@ E“ﬂﬁﬁﬂa&?“ P AUter Zarans TorrerINingi4 ¢ or s
are 6 3 Incﬁmﬂeﬂnmmbé&dm&mn&u Pdighaliffon® SA8 SPGB ThnkHisSioh ipaf ind

because a phase délay 7 may be required in either the sumor "difference
channel #o comolmkng means fartfdtesing saidoswam dynamicrequalizatidn deplit isignabandabl e

ol emenBed | MeEEty; spneChete gL et Vs saplfghtion ST signat, and oo st o ©
include g filtgra piswm Said sufl dyiahfic egellizhioreOltpht Pl @6 sdidl sum &EM'OH and

a LUT for selecting the values of the filter coeff|C|ents during any 12
particul dr i ntrarsmissiompathsi gnal generated by | ogarithm c generator 558 on

line 13 558a is preferably applied to the control terminals of filters
1010, 1012 and 14 selects the filter coefficients used by those filters.
15 1 47 gi AalighaC BUSC eibddiacditing 19 ciithS46,OwhéteROMhe Fhleting Wi t h
certain 16 particul ar enbodi nents, however, those skilled in the art

wi |1 appPeci apeovided by said dxffvameaﬂyr@ngc equaligation Glieromeansris shameteriresoby

enbraced,wi th uni t
536 (shoévn | nh@lgure %ﬁ%ﬁﬂ | sc ssng the ﬁﬁéllr‘%bg?&?gﬁ%égﬁd
i npl enenged usani@laemhasibﬁhenehahgshmétem bﬁﬁ@aaahie @niphisib phase 20

However, _rat her than pre utin t he possi ble coefficients for filter
560 and 51 TespoRse, s GHGME RROVMEdSai] Pl e SR AR S F0R

i mpl emengkati o f, prlatm te LUT 562
and to |§steagéinﬁgpg§Cte?§eas§ acorrp(‘:)l ent E% ?)?M?:g{’ ?ﬁ&t sd hés? ter
coeffici@nts differasde dy!nmmc etnedizatida, Iviaﬂable rendphasis, dridesuan ﬂymuinb appreci ate

t hat suc Congtlluda rzz‘filttnlmop se r rp%%gegtallavatr{ri%g %%I:(];tdgl% toa Hmctmn of said second

9 control signal.

.l 48. A digital BTSC encoder according to claim 30, further including

2 composite modulator means for receiving said encoded difference signal and said
3 conditioned sum signal and for generating therefrom a composite modulated
.4 signal.
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25 menor y resources (such as are used by a LUT for storing filter
coeffi-ci e‘gb?%{ _ﬁrég conputing resources (such .as are used by

conmponent # lculating filter 27 coefficients in r ®JI/YI9H9497d nay
be resolved differently in any particular 28 i npl enent ati on of encoder
200. Similar considerations apply to squard/i®ot 29 devi ces 456 and
556, reciprocal generator 458, and |ogarithm c generator 558 30 (shown
in Figures 5 and ) which may ajternatively use nmenory resources (e.g., 31
a LUT for storinglall theZasuep) or processing resources (e.g., for

calculating a_32 Tayl a2 EGE es polynom al approximation). |In yet other
enmbodi nents, any pr all o8 41
VD 97/ 47102 & g 55

PCT/ US97/ 094 of--t-he ~cofr enents 41N enceder ZOGnay ______ be -inpl enent ed

usi ng i ndi vi a‘f"
nodul es runni®g o
- Anot her exanple o

y as software
E : puter. 4
vartatio soof en : : j: qced Wlthlnthe5

invention relates|to scaling ¢ ure.8B). These 6
nodul es are partigularly releg iQ 0| nt |frplcérren ations of encoder
200. 7 In flopting:poingdnpl@& &n| i gcedito pad each

sanple with zeros}.8.... ;and Mgnobgt top %/en ove{bd»o and these nodul es
can therefore. ye c:imnated =flom 1 pat ighg entations. As a

) poi hi— |

zation fi ”Eeu- P28 (shown in
co'frpens |[ﬁg for phase
be

further exanptg, ghe static [ﬁasegla '_ eHL&ll-i-i
Fi gure 10) has |b&n [di scuss¢dBi n @efws: of

[72]
errors introdugegeby filter |282a, hawever i
al ternatively: gsed tlo conpeps8te f of St hel DBAA et fors| | duced by ot her
13 conponentisgyn |the di f {&ence fhannel R e¥si ng se@tgo 230a. Still
further, 14 fiIIFrS 228 and bOlO nmay  be_1npll efrent ed a |nglef|Iter
~ i8N, e " w | <:E
=85 g = 2 = 82
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Therefore, since certain changes may be nmade in the above
apparatus 16 W t hout departing fromthe scope of the invention herein

i nvol ved, WPt97{42102nt ended 17 that all matter contained i rpdimeseos -
description or shown in the acconpanying 18 drawi ng shall be interpreted

15

Fig. 4C

in an illustrative and not a limting sensg.io
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-1- CLAI M5 1

1. -An adaptive signal weighting assenbly including a signal path for
t ransmi t WQh$7/47102 an information signal of a predet ePOrAS47/0m93IWi dt h
t hrough the assenbly, the assenbly 3 further conprising: (A

filter means disposed in the signal path fa@a/l0arying the gain inpressed 4
on the portion of the information signal within a first sel ect spectral

regi on wthin ghe 5 predet eryri ned bandwi dth by a first variable
gain factor, t8Be fi“-,rst vari abl e'@z&in_ factor varying 6 in response
to and as a fqgcgig, of a first'g:(ﬁ‘n%ol signal; (B) first control signal
generating RNy atlngthefirst control signal only in

response to a i n gccordance wki e 8 signal energy of the
information signal within a second sdgl ect spectral region including at
| east 9 of. the fi ct speg¢tral region; (C gain
control neans di §_ed- iin the sig and 10 coupled to the
filter nmeans for tthe: sign Spionfi goressed on the information
si gnal 11 - quis an'tl ally;throhghoutN { hg pedet er mi ned bandwi dth by a

second vari abl & actar, ;the I7 1 secand variabl e gain factor
varying in responseto and as a fprett+emof a second control signal; 13
and (D) second control signat gena_@ti_nP nmgans for generating the second
control si gnal in 14 : [espop&e to antéﬂ as function of the signal
energy of the:infornation 5| gnal S a '
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15 within a third select spectral region wthin the predeterm ned
bandwi dt h; wherein the 16 assenbly is characterized by: 17 ,

t he i nfor med9w4viad gnal being a digital information signal; P8T/USI709493 -

the filter nmeans being a digital filter disposed in the signal path for
.varying the gain 19 i npressed on the rtion of the digital
information signal within the first sel ect %ggctral region- 20 W t hin
the predeterm ned bandwi dth by the first variable gain factor; 21 )
the gain control neans being a digital gain control neans disposed in the
signal path 22 and coupled to the digital filter nmeans for varying
the signal gain inpressed on the digital 23 i nformation signal
substantial ly throughout the predeterm ned bandw dt h;

- 2- 24 : c the second control generating neans digitally
generating thq-@q;o: Sontrol signal -in 25 response to and as a
functi on of tr%sﬁ]@ energy of the digital inﬁor tion signal 26
substantial ly \g_taai:n the third select spectral m@egijon within the

ontay
a

pr edet er m ned wi dt h. 27 whege the digital filter.

means, first d signal generating neans, diEggial gain 28

control neans, he second control signal ge ting neans each operate

in substanti aké real tine so as to %e fve the signal content

of informgi oftsijgnal . 1 2. 8an fabapti ve signal

wei ghti ng enblly according to claimi1, whereifthe 2 . assenbly

encodes the ihf orjmation-strgmal—and -f urther - i-nctudifnyg( Ay mpat means f or

receiving 3 the information signal; and @32 ut put neans coupled to
< -.

t he i nput neans tihrough the signal o
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4 - path for providing the information signal as encoded by the
stem further 5 characterized by: 6 ~ the
udi ng variable coefficient digital filter PLEANRS7PY3

assenbly; the s
filter mBhYMTE
filtering the 7

information signal, the filtering being characterized

Wideband
Compression
Unit

by a variable coefficient transfer functi gm@ and the filtering
varying the gain inpressed on the portion of the information signal within
the 9 first select spectral region within the predeterm ned bandw dth
by the first variable gain 10 factor, the variable coefficients of
the variable cgefigciem transfer function and the first 11 vari abl e
gain factor vanyg Nnhevesponse to and as a functiog @f tlhe first control
si gnal . 1 X @O0 3. An adaptive si gnal-t,‘”v\gi "gkti ng assenbly
X i o .
according to cllai g ™l further 2 characteri zBdghw|3 Q
the assenbly befmgcadapted to encode in real tine tfoE ®feration signal s
conpri si 4 ... .. —--di.gi-tal left and. ri.ght channel dadi 4 si gnal s so that
t he encog | eft gnd right channel audio 5 si gpal sycan (he
subsequent |y decoded so as to reproduce the digital & d &i ght channel
audio 6 signals with little or no distortion of t si@al content of
the digital left gnd right channel 7 audi o signal s.
4. An adaptive sidgnal weighting assenbly accordi n%"ﬁ@--ol—-. i-m-3,.-further
characterized 2 by: : = :
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3 (A | eft high pass filter neans for receiving the

digital |left channel audio signal and 4 for digitally high pass
filteri nWQRHMIital |eft channel audio signal and theregcryessTnedssng a 5
digital left filtered signal; 6 (B) ri ght high pass
filter means for receiving the digital . Zi channel audio signal 7

and for digitally high pass-filtering the %ltal ri ght channel audio
signal and thereby 8 generating a digital right filtered signal;

9 (O matri x neans for receiving the digital left and
digital right filtered signals, and 10 including means for sunm ng

d thereby 11

sthe digital left and digital r@
or subtracting one of

generating a digital sum si gn°|T"'1

|nclud|ng neans

the digital left and 12 d; b§ ght filterpd signals fromthe
.other of the digital left and :qu %I;f” 1ged ignals 13 |
and thereby generating a digit £ 4 (D)
di fference channel processing ocessing the digital

15 di fference signal ; MO'-!'G’(dBRA GE/d S) (E) sum channel
processi ng means for digitallySeaes$@sing the digital| sumsignal; 17

wherein the left and right hi JiAdansss=0i | ter nmeans, th
the difference 18 channel pr ocegsi ng nd ¥ he sum channel

processi ng means each ops } ially 19 1Qeal time so as
to preserve the signal cqntent of the digital left and right channel audio

matri x neans, and

si gnal s. 1 SdBFS=(AddressN)idBRES gnal Viei ghting assenbly
according to claim4, furthqRMSd=dBFS+(NRPUBRES i zed Vherein the left and
right high pass filter ngans RWISbEQPG*O MG )ed by |a 3 cutof f

frequency that is less than g _ 6. An
adapti ve signal weighting ag AEE%Q gﬁ I aimy, further 2
characterized wherein thg |4 @aﬁgﬁ filtler means are each
characterized by a 3 ﬁ’F || y flat response in
the passband. 1 b;(Address)=(WAR K2V Scale di t al si gnal

wei ghting systemfor usewit |a1(d\ddrgss)a(WyK2)é(&2eM\efSeale di fference
signal representing the difference betwedn two stereophonifgoaudi o signal s,

the 3 systemincljuding a signal pgath for transmtting_an electrical
i nformation signal contailning L 4

Address=Address+1 X
30

Is
Yes ddress<N
40
No
Stop
50
700
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-4- 4 information relating to the difference signal of a

predet er m'@%dgl?gno whi ch through said 5 system at a predeterm ned
sanpl e rat SGIAAL% preserve the signal content of said i nfRETHBI7HA493 6
signal, said systemfurther conprising: 7 adigital filter
arrangenment di sposed in said signal path-arHleonstruct ed and arranged 8
so as to vary the gain inpressed on the portion of said infornmation signal
within a first select 9 _. spectral region within said predeterm ned
bandwi dth by a firsglvariable

in factor, said first 1 vari abl e
gain factor varying&ln respon to and as a function of@fa first control
si.gnal ; 11 5 a fPist control signal genergeor constructed and

arranged so as to dggitally g@&jerate said 12 fir control signal
only in response t o3 nd in ac@yrdance with the signal ergy of said 13
digitally representgfl differe@e signal within a second|sel ect spectral
region including at@feast 14 § a part of said firstgjsel ect spectral
region; 15 8 a diggital gain controller, di®posed in said
signal path and co gl digital filter 16 a+f angenment, and
constructed and arrgpged so ag|to vary the signal @ip fpfessed on said 17
i nformation signal Qubstanti aﬁ y throughout said predet & nfned bandwi dth by
a second 18 vafiabl e_gal A factor, said second varfhble gain factor
varying in response function 19 _ . of a decond control

signal ; and 20 second control signal denerator
constructed and arrapged so as4to digitally genefate 27"~ id second
control signal in regponse to gnd as a fgction pf the.*g,si_ggnal emer gy of
said 22 difgrtanly represented di & erencel si gnalo éngstan ially
vvithinathirdge\leci gpe@trial orepgi on within %\ @1 predét er m ned
bandwi dt h; o 2 T oY 21 ® )
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wherein the digital
generator, digi gain 25
SO as to preserve the signa
sanpling rate is chosen 27
of the frequency of a pilot.tone that can be added to the 28
di fference signa

filter arrangenent,
controller,

to identify the encoded signal
system for encoding an el ectri cal

A digital
predet ermi ned bandwi dth at a predetermi ned sanple rat@
of said informati on and
can be recorded on or transmitted ¢ %
with a frequency deﬁ

representif
the channel

the signal content 3
information signa
t hrough a channel
as an encoded differeggpce si
bet ween two stereophdi-g audio si gnal s,
narrower dynami cal | y-8 igyi

| east one ot her spectral

region of said
an inpu

sai d system conpri si
So as to receive said ig{ormati on signal

transm ssi on path, ®o [
an out put coupled to sal
providing 12
a digital

first contro
and the second
WOoTATI@ener at or each operate at a predeterm ned SRERUSITIOMS 26
content of the information signal,
So as .to Is#F1equa

and the
to an integer nmultiple
to a receiver.
[ mation signa
as to preserve
ibf:hat>sald

3

than in at
b Yandw dt h,
d arranged

anged so as

r ecei £ed

I nput through said signgal
—nf or mati on signal as encoffed b{ sai

gal n cong%

200d

Composite
Modulator

toupl ed to said sigmatpafti for vary

» x4 S,

Fig. 8C

/
Difference Channel

220
Sum Channel
Processing Section
230
Processing Section

.

L

Input
Section

Z
AN

294

» +16

» =16

L,
16

R,

L=
5
-«
T
I
e (R S
o o
I
g =
] L
£ =
y 3
N
(o]
o] &8
N x
7

220

o™

292

path for
} system
111y "tire

cos4n(f /fn

Sum Channel
Processing Section
Difference Channel
Processing Section

Fig. 8D

»
»

Input
Section

24

294

16 |

—-/—)L +16



14 i npressed on said information signal substantially throughout said

predeterm ned bandw dth, 15 said signal gain varying in response to
and as aWPWMEI%Bn of a first control signal; 16 PCT/USI79%4Mgi t al
filter arrangenment, coupled to said signal path and said digital gain
controller, 17 and constructed and?8@ anged so as to inpress a
second variable gain on the-portion of said 18 i nformation signal
substantially within said first spectral region so as to preenphasi ze said
19 portion with respect to the remaining portions of said information
signal, said second variable 20 gain varying in response to and as
a function of a second control signal; 21 a first control

signal generator constructed and arranged so as to digitally generate said
22 first control sign®@ in response to and as a function of the
signal energy of said inforgption 23 signal substantially within a
second spectral region of $@) d predeterm ned bandwi dth; and 24

a second control signal gen®fator constructed and arranged so as to
digitally generate 25 8| said second control signal only in response to
and in accordance with the & gnal energy of said 26 i nformation
signal within a third spectopl region of said predeterm ned bandw dth

i ncl udi ng at 27u“-.wmeeaéﬂnawpart of said first spectral region: 28
wherein the digital gain confrolles said digital filter arrangenent, said
first control 29 & gnpl genefator and said second control signal
generator each operate agh g} edetefnined: 30 sanple rate so as to
preserve the signal content i nf or matsdon signal, and the sanpling 31
rate is chosen s6 as to be dhual t@ an intgger nultiple of the frequency of
a pilot tone that can 32 b& added to the encoded signal to identify
t he encoded signal to g3 '
- 6- 1

for use with a digitall

adapti ve digital signal wei ghti ng system
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2 di fference signal representing the difference bet'ween two

st ereophoni ¢ audi o signals, the 3 system conpri sing

.a Si gnaWwoRW4TI20r transnmitting an electrical information SCQMP"/Q?P”%

pr edet er m ned 5 bandw dt h through said system 6

a variable coefficient digital filter arrangﬁ}'{gnt (a) constructed and
arranged so as to 7 . filter said ormatlon signal, the filter
ar rangenent goei ng, characteri zed by a vari abl e coef fi ci ent
transfer furgti an and (b) co‘gsgr_u. ted and arranged so as to vary the gain
inpressed S € £ on thegplr &ilon of said information signal within a
first sel ecg sr:p% ral region gé said 10 pr edet er mi ned

bandwi dt h b8a f| st vari abl ewiggi n |{factor, the variable coefficients of
said 11 -aft abl e coeffi-cignt transfer-funetion and-satd first

variable gain _fackor varying in_redponse to 1IZ and as a function
of a first :cop ggl_ «sijgnal ;- 13 N, _.afirst controy signal
gener at or conk acts Odi_ g Iy genefgte paid 14

and :arr ang&dnse fsgt o
first control [ & ghat only in rqsﬁfi’o‘n‘sen %ﬁaﬁn& i NNpccor dancef @it hl t he signal
ener gy of sat . 1.nf or natT n a secon ms&l et spectral
region incl e ng jat | east :a par {d firstg-g16 sEReSt spect ral

region; 17 : a dijge al cont r{@llﬁl_l- gr di spo 2d ihisaid
signal path and cpupled.to said @aria 18 | @@ coef frcient : di gital

, and: canstru argrangb% sq as.to va y the si gnal
ressed lon saj ‘matj on STpnal, subst an&,j by

filter arrangenen
19 igain i
t hroughout : ‘sai d
gai n factor, said
response tao and
a second cagntrol
digitally generat
and as a function
substantialily wt

edetefmined {28 2 g bandwi thgbgyé a spcE&nd varl abl e
second variabl & galn| fgct or fvasyi]ng. in 1<
a function dfitagsecprng contjr & 4 gnal ; and 22
i gnal | generator Uns ruct £d aff] arranged sg¢ as to

23 ¢ sai.d sec;ond ntr I si ghal a2k rﬂspOnse to
of the si@nal =ne 4 i
|nath|r°d selg W|th|n

H

predeterm ned 25 i whefern: the
~digital filter arrangenent flﬂsg neraﬂ)r i gi fe’}l gain
27 icontrol | er and iseco§ds erat§ opeérate at a
predeterm ned sanple rate iso 28& serve®he Ji-gnal cda@ent
of said informatijon signali and-*hg saﬁpl #hg rat-&-i-s chosen g0 29 ‘_
as to be equal to] an int eger nul-tigl e of the| frequency: of a filot ‘tonent hat
can be add%d to the IS _— 8 : iL
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according to claim9, further 2 charact eri z&d Whetei®n f'he sum
channel processing neans and the difference channel proceSS|ng

nmeans are both inplenented on a single integrate
11. An adaptive signal weighting assenbly ac M@T‘vﬁﬁi‘@é’ lé, further 2
hd

characterized by 3 the digital jeft and right dhdnnel audio
signals are digitally sanpled signal s—3anpl ed 09 ;g wigh a isqnpling
Hz, ‘N Dbei [

frequency substantially equal to N tinmes 15,73 ng arn ijnteger 5
greater than or equal to three. 1 12 Am-addpt]i ve si gnal
wei ghting assenbly according to claim9, further 2 charadterized by:

the difference channel processing neans 1 ncluding: 4
(A di fference input neans for receiving the digital difference signal; 5
(B) di fference out put neans for prOV|d|ng an encoded difference signal; 6
(O a difference signal transm ssEBAIMAth coupled to the difference input

means and 7 to the difference output nmeans, and including neans for
generating the encoded difference 8 signal fromthe digital
di fference signal. 1 ' 13. An adaptive signal weighting
assenbly according to claim 12, further
1 1. An adaptive signal weighting assembly including a signal path for transmitting
2 an information signal of a predetermined bandwidth through the assembly, the assembly
3 further comprising: (A) filter means disposed in the signal path for varying the gain impressed
4 on the portion of the information signal within a first select spectral region within the
5 predetermined bandwidth by a first variable gain factor, the first variable gain factor varying
6 in response to and as a function of a first control signal; (B) first control signal generating
7 ‘means for generating the first control signal only in response to and in accordance with the
8 signal energy of the information signal within a second select spectral region including at least
9 a part of the first select spectral region; (C) gain control means disposed in the signal path and
10 coupled to the filter means for varying the signal gain impressed on the information signal
11 substantially throughout the predetermined bandwidth by a second variable gain factor, the
12 second variable gain factor varying in response to and as a function of a second control signal;
13 and (D) second control signal generating means for generating the second control signal in
14 response to and as a function of the signal energy of the information signal substantially
15 within a third select spectral region Within the predetermined bandwidth; wherein the
16 assembly is characterized by:
17 the information signal being a digital information signal;
18 the filter means being a digital filter disposed in the signal path for varying the gain
19 impressed on the portion of the digital information signal within the first select spectral region
" 20 within the predetermined bandwidth by the first variable gain factor;
21 the gain control means being a digital gain control means disposed in the signal path
22 and coupled to the digital filter means for varying the signal gain impressed on the digital
23 information signal substantially throughout the predetermined bandwidth;

]

AMENDED ~ SHEET |




.ﬁEF‘LS‘SéiLéiSriﬂl!lliNIIMlllﬂllﬂl)ﬂﬂlfee”cinciiﬁf‘f' B rcas ving a

spectral conpression inpdt §ighal®frsom#* he REPIA ENT SHEET si gnal

transm ssion path and for conpressing the speftral COMPressi on i nput signa
according 5 to a function of an energy Iqﬁihﬁgnfthe nicoded
difference signal and thereby generating a ¢ péc’tr onpr essi on
out put signal, and including neans for-2ppl Vi hg—t-he--spectral {7

conpressi on out put signal to the difference]signal transm ssilon path.
- 8- 1 14. An adaptive signmar weirghting asSémbly according
24 clai m 13, these¢and coptrol generatingiheans cligitally genexpigngaheseched equirot sighal in

d f
P3R! ®or MR R Snd B AR IR A gl e othe Hielel mlboeichgimel c o port Lon,
zgd for sbstantially w HEBNBE AifdReled sf)écrtl%l re@ﬁﬂtvlhﬂ'hn ShegdledriicasaRdwikiive of the

first energy |evel. An adaptive signal weighting
adsenbl y accoWh¢Iﬁgl thedcgltal flter means, rﬁNtGﬁntrQl signal genera@n&mwe igitalczaither e| n

e specf on nme .udes a Sk§
PFver rapiioL BRART BT R G GRd Mpural ten schPitl FiteR Bl bR E iR ARTy o
sgnal andi fileseBY1o greserve the si ﬁ&@&itéﬁtldf%fbﬁﬁhtﬁﬁ%ﬁ‘énl’am conpr essi on out put
signal, the filtering prOV|de§ by the variable enphasis filter
bei ng char act erl zed by a transfer function incl ud| ng a plurality of
coefficients,, | . conmmk | f cl udi ng
rrgans for sel ectl ng taﬁlep uv%:rg%a@%&éﬂtﬁlg a%se%l)eggco(l-‘mog& acnamellr%wsh QI%(E:r%:{cl)"rgdl ng to a
fancti Onas@émbllyenéd>de§tthd:mﬂﬁ1hﬁilor531giﬁ|and further including: (A) input means for receiving

3 the information signal; and (B) output means coupled to the input means through the signal

path for-providing the information signal as encoded by the assembly; the system further
characterized by:

the filter means including variable coefficient digital filter means for filtering the
information signal, the filtering being characterized by a variable coefficient transfer function

and the filtering varying the gain impressed on the portion of the information signal within the

O 0 N O »n b

first select spectral region within the predetermined bandwidth by the first variable gain
10 factor, the variable coefficients of the variable coefficient transfer function and the first

11 variable gain factor varying in response to and as a function of the first control signal.

3. An adaptive signal weighting assembly according to claim 1, further
characterized by

the assembly being adapted to encode in real time two information signals comprising
digital left and right channel audio signals so that the encoded left and right channel audio
signals can be subsequently decoded so as to reproduce the digital left and right channel audio

signals with little or no distortion of the signal content of the digital left and right channel

N D W e

audio signals.

[

4. An adaptive signal weighting assembly according to claim 3, further characterized
2 by:

| AMENDED sueer |




”"IIIH"" "II“II[I An adaptive signal weighting assenbly according to
C| all characterized erein the neans.for selecting
the pldrality of c’beff|C| ents includes a ne LA@EME\]T HEEE}QK up table.

1 17. An adaptive signal ' |ﬁg aoocllUl) dccording to
claim16, further 2 characterized re| n ang flor selecting
the plurality of coefficients includes (3a) ULﬂ%&I’I tm c generator
means for receiving and logarithmcally corrpressi ng the firdt lcontrol 4

si gnal and thereby generat| ng a logarithmcajly conpressed sidnal and (b)

means for appl the logarithm signal to the
ﬁDry | ook u Pt)abl [@ft high pass filter means for receivifig the d&g]ta:httﬁmhamm] sudijm silgnal and

i n' U REA AR AhBefe Falhulea Pinnt A0 vl mdherbicieioags

meéns fordigital left ﬁlteredcsagrﬁul ating the plurality of coefficients as a
function of the first control signal. 1 19. An adaptive

si §nal wei ght i ) assehthigh ms:ﬁltenmﬁ@ns forc¢caivingl the digitat hght cBannel audio signal
AR o o 4t MARRA) Rich B HiRAhE e AOIRHERCHAAndT 5003 slghf atd Trersy " " 2
- 08 3 generating hatigitad eightfilRgedighal;i | tering a signal representative of the

engoded di fference signal and thereby
(C)  matrix means for receiving the digital left and digital right filtered signals, and

D
Q.

10 including means for summing the digital left a1_1d digital right filtered signals and thereby
11 generating a digital sum signal, and including means for subtracting one of the digital left and
12 digital right filtered signals from the other of the digital left and digital right filtered signals
13 and thereby generating a digital difference signal;
14 (D)  difference channel processing means for digitally processing the digital
15 difference signal; and
16 (E)  sum channel processing means for digitally processing the digital sum signal;
17 wherein the left and right high pass filter means, the matrix means, and the difference
18 channel processing means and the sum channel processing means each operate in substantially
19  real time so as to preserve the signal content of the digital left and right channel audio signals.

1 5. An adaptive signal weighting assembly according to claim 4, further

2 ~ characterized wherein the left and right high pass filter means are each characterized by a

3 cutoff frequency that is less than or equal to 50 Hz.

1 | 6. An adaptive signal weighting assembly according to claim 5, further

2 characterized wherein the left and right high pass filter means are each characterized by a

3 passband and a substantially flat response in the passband.

1 7. An adaptive digital signal weighting system for use with a digitally represented
2 difference signal representing the difference between two stereophonic audio signals, the

3 system including a signal path for transmitting an electrical information signal containing

Ty
i
t
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: cltllllllllmm Ell'“ﬂlf spectral signal, the filtering provided by the
SPeCt e T g9 lii}¥l t er neans being 5 characterized by a passband

in the first select spectral portion. 1 s == An adaptive
signal wei ghting assenbly according to cl ai REQLA@MM% HET
characterized wherein the spectral conpressi¢n erudes first RVB
|'evel detector 3 means for receivinglt eﬁ&%ﬁﬂlﬁl-- si pnpl and for
generating therefromthe first control -g8kgnalf, fhe fifst control
.signal being representative of an RVS val ue ¢f Fat==5i gnal . 1
21. An adaptive signal weighting assenblylaccording to claiin19, further
2 4 cohformatie retathgwh thealiffereive signeloafiagiredeterpresidiandvidgtiEciugh shiddes
anplifying nmeans fo 3. recei ving and appl.ifying the encaoded .

i1 1 er encdS S &predsipriied sHyPls e e WreFeyedheigpal cotent of said iformation

r egr esentspdriay Qaidfsybiem MARQIBHpAiikger ence signal . 1 22.

An adaptive si gnaP, wei ghting assenbly according to claim15, further 2

char act er i zed adigitali filter hgangefmbnrtrdisposeddh aaidsignal patke asd copstmestevsanid racdanighes

w deband 3 conpt essi on ans for receiving.a w debanpd c ressi on

bt oi G2 19 Y25 the gAR prETse o the portion of said dRigrmgion NeRAL Wb AFFLSOIEH 1 or

c r essi ' ' ' ' : : I Ghi to a
Oogrp spectfald ?eg‘f%rgﬁﬂﬁfﬁclsaﬁlcﬁ?ﬁe?ﬁfﬁirﬁﬂ bhx(ﬂ)}ﬁbélgthjil}%‘ﬂfst vatiable gain 6L gﬁﬁ st

function of an €énergy |eve e enc erence signal and thereby 6

gkher at i ngriableigdmbfactdr caying ésssponsoto andtas aifgucaion ofadirst eedtrodisiggalpeans f or
applying the 7 wi deband conpressi on output. signal. to the difference
s anm t r ans miasEsLsPrHel Hgnal genrator constructed and arighiged so8 t%@&ﬁﬁiwngﬁamdr

) 9t | NGASIRHBI of %H%gh?& ' thésignal fagd eri zed
mr ein tﬁe spectr%‘?ﬁco resg(?r%ﬁ?%%igg?%é‘foé%%{cggg{r}rlpr%?%% te%eer%ad%%and 3
cbhpr essidigitablytrepresenkegindifference signal within a second sele2dspectrahregimaiptindiag at lpas |

| ghting assenbly_according to ¢laim22, further 2 characterized
mrei n t dé‘gé‘ﬁatst?%“rbﬁ’éggqlé?@%ans i ncl udes neans for neasuring a 3

speond ener gy ol £yiel) ﬁgfn dollfofR IR Yedin shid G Ppath SRk oupitddo SAE Afpftabih& !

spectral portion; a

16 arrangement, and constructed and arranged so as to vary the signal gain impressed on said
17 information signal substantially throughout said predetermined bandwidth by a second
18 variable gain factor, séid second variable gain factor varying in response to and as a function
19 of a second control signal; and
20 a second control signal generator constructed and arranged so as to digitally generate
21 said second control signal in response to and as a function of the si gnal energy of said
22 digitally represented difference signal substantially within a third select spectral region within
23 said predetermined bandwidth;
24 wherein the digital filter arrangement, first control signal generator, digital gain
25 controller, and the second control signal generator each operate at a predetermined sample rate
26 so as to preserve the signal content of the information signal, and the sampling rate is chosen
27 so as to be equal to an integer multiple of the frequency of a pilot tone that can be added to the
28 difference signal to identify the encoded signal to a receiver.

1 8. A digital system for encoding an electrical information signal of a

2 predetermined bandwidth at a predetermined sample rate so as to preserve the signal content

3 of said information and so that said information signal can be recorded on or transmitted

| AMENDED SHEET _




-10-) enerating a second control signal representative of

t he Islmmwllle“ll”mn”mel : .1 25. An_adaptixe.signal

wei ghti ng asseanblsy according to claim 24, f eACEMENT StiEEqT aracterized
wherein the w deband conpressi on neans i ncl udes—4 -af~fgarns for 3
receiving and anplifying the wi deband conprefsji on input signall using a gain
controlled by 4 the second control sf ghal %L (¥ eldy |generating

t he wi deband conpressi on out put signal -5- 1 46. An
adaptive signal weighting assenbly according|to claim?25, furtjher 2
characterized wherein the w deband conpressibn ans—-trtRer—+ncl udes
widdeband threngipaelsanngl with a freqenty dependenn dyrfamic rageiay amencadedl diffexcned signah
signal representative. of the encoded differencg signal ._and
URbroby GUHEFEERGH e i gs e Gia pterepplaon gydip sa@ﬂf,miawl Bgvipea
wigdeband Timitedd rs | g%}pt [ passband
i néjt he sg%gﬁ\g sél gg?caél é‘é?‘??@%ﬁt’?ggﬁ &%p&?ap& hilFinh 1&3%@&1% adaptive
signal wespepiral regicnssfeaid| pyedetetningd bandvadih| siidsydem tomprisg: 2

characterized wherei n the w deband conpression ngans further |ncludes
sébond RVB. | e8P consiructed g GEnged sAR1S RS BN PPRFIIRE]: deband si gnal

f - . - d
angd for gener g%%%%%sé@?g%ﬂéﬁ%&@?@mdqwé and c&%%%t@él arid Q’Ié!ﬁbed {w tgecon

control signal an val ue of the
witdeband trahgmi kaid information signal received at said input;

11 an output coupled to said input through said signal transmission path for providing

12 said information signal as encoded by said system;

13 a digital gain controller coupled to said signal path for varying the signal gain

14 impressed on said information signal substantially throughout said predetermined bandwidth,
15 said signal gain varying in response to and as a function of a first control signal;

16 a digital filter arrangement, coupled to said signal path and said digital gain controller,
17 and constructed and arranged so as to impress a second variable gain on the portion of said

18 information signal substantially within said first spectral region so as to preemphasize said

19 portion with respect to the remaining portions of said information signal, said second variable
20 gain varying in response to and as a function of a second control signal;

21 a first control signal generator constructed and arranged so as to digitally generate said
22 first control signal in response to and as a function of the signal energy of said information
23 signal substantially within a second spectral region of said predetermined bandwidth; and

24 a second control signal generator constructed and arranged so as to digitally generate
25 said second control signal only in response to and in accordance with the signal energy of said
26 information signal within a third spectral region of said predetermined bandwidth including at
27 least a part of said first spectral region;

28 wherein the digital gain controller, said digital filter arrangement, said first control

29' signal generator and said second control signal generator each operate at a predetermined

30 sample rate so as to preserve the signal content of said information signal, and the sampling
31 rate is chosen so as to be equal to an integer multiple of the frequency of a pilot tone that can
32 be added to the encoded signal to identify the encoded signal to a receiver.
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processi ng reahs ¥ur't her includes first |ow WENT SHEETNt er neans for
BMENT ¢ _
t+e-drffiejence signal

receiving a first low pass filter input signa
4 transm ssion path and includi ng nmeang for w, pass ifijl tering the

ndgﬁhmlelf‘)%gere ating a first
ans for 6. appl! yi ng

first low pass filter input 5 si gnal
| ow pass filter output signal, and incl-é ng
he difference signal
' ' wei ghti ng

the first low pass filter output signal to t
transm ssi on path. i 29.

assenbl y accor%i ng 48 adapsiverdipial fignal Weightifig system forahmwith b digitlyl rephesented t he
di §ferenc gl nprocessi.n s further includes second | ow 3

puds 11 e S AR g SR e e s PO RS Bl f r om
the di ff eyelmecomiismg:

-11- 4 transm ssion path and includi ng neans for | ow pass
fi4tering the avgealpathdor pasmitting sreelectripalinformation sigmal ofepredetehmiihay eby

geperat i secand |L.ow.pass filter output signal, and including neans for
6_§] r"ia%b‘gwﬁhﬁ“?‘h%’ ™ ow pass filter output signal to the _
digference sighakiableaddeMcint &BitA3Hfar arrankement (gbcor}sgtrlc;[t%de%ﬂ'zarranééa QARRS 1 ve

si gnal wej ghting assenbly according to alm
chér act erfiltes gaidprfomnatiansignel thecfiiten aringemeneissngichaneanzed by b uahizble

8 coefficient transfer function, and (b) constructed and arranged so as to vary the gain impressed
9 on the portion of said information signal within a first select spectral region within said
10 predetermined bandwidth by a first variable gain factor, the variable coefficients of said
11 variable coefficient transfer function and said first variable gain factor varying in response to
12 and as a function of a first control signal;
13 a first control signal generator constructed and arranged so as to digitally generate said
14 first control signal only in response to and in accordance with the signal energy of said
15 information signal within a second select spectral region including at least a part of said first
16 select spectral region;
17 a digital gain controller disposed in said signal path and coupled to said variable
18 coefficient digital filter arrangement, and constructed and arranged so as to vary the signal
19 gain impressed on said information signal substantially throughout said predetermined
20 bandwidth by a second variable gain factor, said second variable gain factor varying in
21 response to and as a function of a second control signal; and
22 a second control signal generator constructed and arranged so as to digitally generate
23 said second control signal in response to and as a function of the signal energy of said
24 information signal substantially within a third select spectral region within said predetermined
25 bandwidth;
26 wherein the digital filter arrangement, first control signal generator, digital gain
27 controller and second control signal generator each operate at a predetermined sample rate so
28 as to preserve the signal content of said information signal, and the sampling rate is chosen so

29 as to be equal to an integer multiple of the frequency of a pilot tone that can be added to the
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("m um i nput neans for receiving fhe dig-tatlsum
II III (B) sum out put neans W@W MT ondi ti oned
sum si gn*al " (O a sum si gnal h lcoupled to
the sumi nput means and to the sum6 outp nmeans ijngl udi ng
means for generating the conditioned sum signal f 0&9 HHLéagl?t 7

sum si gnal . 1 31. An adapti velsjgnal assenbl y
according to claim30, further 2 ~Tharact ¢ri zed wherein the|lsum
channel processing means further includes (a) siumcharretl—towS3 pass

filter neans for receiving a sumchannel |ow pass filter input signal from
t B sum sdiffergncessignal to ideptifythadigiorenee signah teamreceivyr means for | ow pass

filtering the sum channel |ow pass filter input 5 si gnal and thereby
generating a sum channel |ow pass filter output signal, and including nmeans
6 1 for amplyi Ag aaimv@glgha%ﬂglﬁ#ng asgehmsafcct)fdlﬁgetb c%wmgnal to the

sum si gnal transm ssion path An adapt i ve signal

vve?ght i n@@%@@t@‘@é@mﬁﬁ ﬁlgnlcbarmbleprmesﬁng fmammd tﬁe difference ddtaaneict eri zed
rein the filterin | casca first and second | ow
pags £i | tRpeessing meangﬁéé’ﬁﬁ“ eﬁf&%&?ﬁﬁ%’?ﬁ?"’g SWtF‘iF"‘Eubt the filtering

provi ded by the sum channel |ow pass filtering 4 nmeans. 1
33. An adaptive si gnal wei ghting assenbly according to claim32, further
2 1 char aldt er i ABadaptiue signel preighting pssembly gecordingsta cisjmBhfurtham channel
| oyv pass ans is 3 characterized by a null at 15,734 Hz.
1 4 Jha}atcf%hk%g.ye An adaptive signal weighting assenbly according to
claim 33, furtthedigital left and right channel audio signals are digitally sampled signals sampled

4 with a sampling frequency substantially equal to N times 15,734 Hz, N being an integer

5 greater than or equal to three.

1 12. An adaptive signal weighting assembly according to claim 9, further

2 characterized by: '

(V3]

the difference channel processing means including:

(A) difference input means for receiving the digital difference signal;

(B)  difference output means for providing an encoded difference signal;

(C)  adifference signal transmission path coupled to the difference input means and

to the difference output means, and including means for generating the encoded difference

R N AN A

signal from the digital difference signal.

1 13. An adaptive signal weighting assembly according to claim 12, further
characterized wherein the difference channel processing means further includes spectral
compression means for receiving a spectral compression input signal from the difference
signal transmission path and for compressing the spectral compression input signal according
to a function of an energy level of the encoded difference signal and thereby generating a

spectral compression output signal, and including means for applying the spectral

NN AW

compression output signal to the difference signal transmission path.

-| AMENDED SHEET




o TR 22273 A

between Zer6 ahd M5 kXHZ 1 _ i gnal

wei ghting assenmbly according to claim 34, furth characteri zed
wherein the filtering provided by the sumch nnelolqoﬂ;ipm fifl eri ng neans
is 3 characterized by a cutoff above 145 lkHz. 36.
An adaptive signal weighting assenbly a8eordijng to CI al m 31, fgrther 2

characterized wherein the difference channel |processing neans flurther

I ncludes (a) first fixed 3 preenphasis filter neans for receiving a

first preerrphagi s iAmpaldapairgsigia] eiphtihd assekhblyaicemding4o claim 13, faithgral

transrn'ss pat h, g r’Lrheans for filtering the first teﬂ?nphaSJs I nput
'%;na| 3@0%2@51 wherein fg%@raéf@nareﬁsl%mewéeﬂﬁ%ﬂ%% gispswing st ang

mean Edmli] nal to the

di 3)f fer en%g&gP éﬁgpbﬂhg%g%agg Pg%%lgpf]g Bkt sBlect spectral %&gtan&,&n&ad aptive

si4gnal wegepdratingp fiss eonsto} siznalaemiesentative of the firsdénerfyidvbler 2

characterized wherein the difference channel processing nmeans further

I ncludes (a) second 3 fixed preenphasis filter nmeans for receiving a

second preenphasi s ANpbibivd G5 whi {efifthd BSerfbl accordmg'ta EBIn? 14 Susthgnal

transm ssion path, (b) means for tering ?l he secénd preenphasis input 5

sijnal amcharattenzadywhereinrtie spngracmnmsmbmnwmabersnm&pawamabgmahphaamd (c)
hasi s out ut s t he

gﬁfp Zr Lg&'gtegﬁ)é#ﬁegkl?%%qﬁlggql@nﬁ s.ec e sp ctra compression inp ts%xai glrgliher ptive
signal Wekadhtinpoha Sp&MA] dbonr&Qiof 'oﬂﬂ)ui Qgidl ah& R érind proVided by the variable

5 emphasis filter being characterized by a transfer function including a plurality of coefficients,
6 the spectral compression means further including means for selecting the plurality of

7 coefficients according to a function of the first control signal.

1 16. An adaptive signal weighting assembly according to claim 15, further

2 characterized wherein the means for selecting the plurality of coefficients includes a memory
3 look up table.

1 17. ~ An adaptive signal weighting assembly according to claim 16, further

2 characterized wherein the means for selecting the plurality of coefficients includes (a)

3 logarithmic generator means for receiving and logarithmically compressing the first control

4 signal and thereby generating a logarithmically compressed signal and (b) means for applying
5 the logarithmically compressed signal to the memory look up table.

1 18.  An adaptive signal weighting assembly according to claim 15, further

2 characterized wherein the means for selecting the plurality of coefficients includes means for
3 calculating the plurality of coefficients as a function of the first control signal.

1 19.  An adaptive signal weighting assembly according to claim 15, further

2 characterized wherein the spectral compression means includes spectral bandpass filter means
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2 Iﬂl""ﬂ“" ' E erein the sum channel processing nmeans further
I ncl udes | muﬂn " ' preenphasis_fi. _ receiving a 75
[err]s préenphasi s"irfput signal fromthe su M@MENT SHEET |t r ansni ssi on

path, (b) neans for filtering the 75 [err]s| pFeerptrast3 T ngdut}- si gnal so as
to generate 5 a 75 [err]s preenphasi au%ﬁghufyggﬁl, nd (c) neans

for applying the 75 [err]s preerrphasis_%u_tpt 6 Ignalj to the sum

signal transm ssion path. 1 3 An-adaptt+ve} si gnal

wei ghti ng assenbly according to claim 38, fgrther

- 13- 2 characterized wherein the ocessi ng nmeans
f ud t her ifoctenciemganddileting a Signal represenatjuadf theenanded diffeeencersigmed afid thereby

s SReBFToAA BSOS ehe BherPRIPros ot e SEEFUE endefos i sash b At

signal SQhadcleAz& BY &phsband in the ﬁrstseﬁaaépé&f’aﬁ bOfioguUt put signal , and (c)
means for applying the static equalization output signal to 6 t he

sum signal transm ssion path. 1 40. An adaptive signal
wej ghti ng ass ly according to clai.m 39 rther,. 2 . racterized
Wnbrei n tne- a0 e 1 A% SEREYE detel eRice asimbl aspadingasim 19y Bl e an | o 3
char act ercha@eteRYePwh&eRthe ﬁfe@@dmbﬁﬁfési&hﬁ%&sriﬁﬁﬁ@&%st RMIS 1dvel d¢diorg

provi ded by the 75 [err]s reenphasis filter neans is

chiir act emncangi fayyreceivig p@rsr)i:@rabasigmipmg&r gensteting thersfromdhe firshepngrobsignal,

O { o enGf Rl M Rai SR R R BTRD BP AR AR d SRR U 71 St

erenc
1 21. An adaptive signal weighting assembly according to claim 19, further
2 characterized wherein the spectral compression means includes amplifying means for
3 receiving and amplifying the encoded difference signal and thereby generating the signal
4 representative of the encoded difference signal.
1 22. An adaptive signal weighting assembly according to claim 15, further
2 characterized wherein the difference channel processing means includes wideband
3 compression means for receiving a wideband compression input signal from the difference
4 signal transmission path and for compressing the wideband compression input signal
5 according to a function of an energy level of the encoded difference signal and thereby
6 generating a wideband compression output signal, and including means for applying the
7 wideband compression output signal to the difference signal transmission path.
1 23. An adaptive signal weighting assembly according to claim 22, further
2 characterized wherein the spectral compression input signal comprises the wideband
3 compression output signal.
1 24, An adaptive signal weighting assembly according to claim 22, further
2 characterized wherein the wideband compression means includes means for measuring a
3 second energy level of the encoded difference signal in a second select spectral portion, and
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substantially simlar to a difference between the 75
[err]mlmwﬂmmgmlnmase response 7 and _a_second reference phase
responsec L1 An adaptiv 0 rg| assenbl y
accgr ding to cI ai m 40, further 2 char IC{F', RCES@EN’,IES 1¥' he .
filtering provided by the first preenphasis fill fer nmeans is 3
characterized by a first preenphasis phgse regpd ns9 JHe19HP| t er ng provi ded
by the static 4 equal i zation filter ans_is charactefiged by a
static equalization phase response, and the fijrst 5 pr egnphasi s
phase response is substantially simlar to th | on phase

r egiponse. for génerating a second contro‘Pr&%nal réfleseiRiild ¥Ethe seydad e%ﬂl@%lng assenbl y
according to claim4l, further characteri zed erein the first

preenphasi s input signal conprises the first |ow pass fil ter 3

output si gnal 1 N A3, i Ve Si I ng
assenbl y accor%r ng f%’ T %trw%shgf,al \?/ﬂé?thn&ras%lﬁg%%oﬁ@%gﬁ r| ze \%\/nerer n the
wi @eband clmm:tmdevheirdfiptl‘te vadehaad c@mpﬂesijmﬁﬂ%enélhd@tampnﬁarmm ffer 3

ggtgglrﬁ)l f,l %ggll&qg' qap& amplifying fhezygdel;agﬁ pp@pre'sb\srl]onagx%g;[ sll\g/nGal 3.l,1r(‘:1]gn 2 [gal\gl?:ent?gllleg %y
-14- the second control signal and thereby generating the wideband compression output signal.
1 26.  An adaptive signal weighting assembly according to claim 25, further
2 characterized wherein the wideband compression means further includes wideband bandpass
3 filter means for receiving and filtering a signal representative of the encoded difference signal
4 and thereby generating a wideband signal, the filtering provided by the wideband bandpass
5 filter means being characterized by a passband in the second select spectral portion.

27. An adaptive signal weighting assembly according to claim 26, further

b3

characterized wherein the wideband compression means further includes second RMS level
detector means for receiving the wideband signal and for generating therefrom the second

control signal, the second control signal being representative of an RMS value of the

L I - VS A S ]

wideband signal.

28. An adaptive signal weighting assembly according to claim 22, further
characterized wherein the difference channel processing means further includes first low pass
filter means for receiving a first low pass filter input signal from the difference signal
transmission path and including means for low pass filtering the first low pass filter input

signal and thereby generating a first low pass filter output signal, and including means for

AN R WO e

applying the first low pass filter output signal to the difference signal transmission path.

1 29.  An adaptive signal weighting assembly according to claim 28, further
2 characterized wherein the difference channel processing means further includes second low

3 pass filter means for receiving a second low pass filter input signal from the difference signal
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2 [ wherein the second preenphasis input signal
corrpr““&“ﬂmgmﬂuut"ﬂ 3 conpr essi or Lmﬁh??s Z 1

45 An Qdapt Mvessi gnal wei ghting assenbl e L g ifm 41, further
2 characterized wherein the differe cj*channel procdsgi ng neans
further includes (a) difference 3 dyjnam goegyrli®Bat ijon filter nmeans
for receiving a difference dynam c equ_allli_za lon input signgl {4 from
the difference signal transm ssion path,” (b) heans~for filteriing the

di fference dynamc 5 equal i zation input signal_so as tio generate a
di fference dynam c equalization output signal, 6 and (c) neans for
appl yi ng trdismisidngsatinam dylnding eneang fok iovapase filtetihgthie setond ddw passtfilter input
difference 7 signal _transm ssion An

: pat h. 1. . . __46.
adapt i ve Serphand therebpigeneatingsasearid lqwasssiilieg output signal, 2 inglyding means for
charact er} gl - e ORB S Uah R Tssib phtdes (a)
suﬁq dynampi)il)gng\lﬁ]‘:e Sg&&tﬁgglp?ﬁlﬁggﬁ'@ﬁ S‘tl@;apﬁr)eetgﬁgﬂ?%r re gi viang zgSlsu% dynam c
equal i zation input signal fromthe sum4 signal transm ssion path,

(b) means for filtering the sumdynamc e |izatj.on input, signal so 5
as}to_ gener at & sufif ?PéWFé‘gég]Q’ﬁg %iaﬁ%&mr ) ﬁ?%?mgn?dh’?@? nmeans for
app! yi ng 436 RIS wherein the S AMArme Etb&skifg ileBfs RikuBel Signal to the sum
signal transm ssion patrh. 1 47. An adaptive signal
weBghting asse@) y s mpdi mgansdorakeeiving the digital ke signal; characteri zed
wherein the fi)tering provided the. difference dynani c, equali zation
fifter 3 JB rreaﬂ’g‘.’ PgtPB}fH?a&E?%H%Vé@néﬁ car.uﬁp?l?egrséﬂ‘)cs nani ¢ equal i zation
p_hﬁse responsegcyt he, i, ghaiNEnémission path REEHEFRARE Yurh ipuv eirbhg ieieRasi S
filter is characterized by a variable enphasis phase . response, the
fibteri ngoypwwews dnd indledisgimeansfongenerting thecgndisiandd sumesignab from the digital
chgracterized 6 by a sum dynam c equal i zati on phase response, the

di {f er enc¥OWE®Hi ¢ equal i zation, variable 7 enphasi s, and sum

dynam ¢ equal i zati on phase responses all varying according to a function 8
of the second control signal.

1 31. An adaptive signal weighting assembly according to claim 30, further

2 characterized wherein the sum channel processing means further includes (a) sum channel low
3 pass filter means for receiving a sum channel low pass filter input signal from the sum signal
4 transmission path and (b) means for low pass filtering the sum channel low pass filter input

5 signal and thereby generating a sum channel low pass filter output signal, and including means
6 for applying the sum channel low pass filter output signal to the sum signal transmission path.

1 32. An adaptive signal weighting assembly according to claim 31, further

2 characterized wherein the filtering provided by a cascade of the first and second low pass filter
3 means is substantially similar to the filtering provided by the sum channel low pass filtering

4 means.

1 33. An adaptive signal weighting assembly according to claim 32, further

2 characterized wherein the filtering provided by the sum channel low pass filtering means is

3 characterized by a null at 15,734 Hz.

1 34. An adaptive signal weighting assembly according to claim 33, further
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assenbly according to

cl m”“lll“"l I"" Nnﬂm A ad?ﬁgir \égtziriggglj :‘Aﬁir?mairn?nc.l udi ng conposite

nodul*at 6r keahs % or receiving the encoded - 2 O
-15- 3 . di fference signal and the condi t} XLA@MEI‘H §HﬁETamd for
generating therefroma conposite 4 nmodul at &d si gnal . 1

49. (New) A system according to claim7, wheregin

t 08 YUL 48%% rdqgency is 2

substantially 15,734 Hz. 1 -12- 50. | I(New) A systerhdccording

to claim?7, wherein DC signal energy is absent 2
content of the information signal so as to prevent

rromthe sijgnal
ticking 1

ol ( Nehirabtefiyal whereinahe ﬁl’té}@gt;ﬁoﬁﬂaibytﬂe sinvh ehsirie] lowepass fiérifgmemeiscy is 2
substantially 15,734 Hz. 52. (New) A system according

t & cl ai meBaragirEzed by ppass .bgwabetwnggp ngd 130Tt 2

content of the information signal so as to prevent

fromthe signal
ti cki ng.

35.  An adaptive signal weighting assembly according to claim 34, further

2 characterized wherein the ﬁlteriﬁg provided by the sum channel low pass filtering means is

characterized by a cutoff above 15 kHz.

1 36. - An adaptive signal weighting assembly according to claim 31, further

characterized wherein the difference channel processing means

A U KW N

output signal to the difference signal transmission path.

further includes (a) first fixed

preemphasis filter means for receiving a first preemphasis input signal from the difference
signal transmission path, (b) means for filtering the first preemphasis input signal so as to

generate a first preemphasis output signal, and (c) means for applying the first preemphasis

1 37. An adaptive signal weighting assembly according to claim 36, further

characterized wherein the difference channel processing means

A K AW N

A N B WON e

signal to the sum signal transmission path.

further includes (a) second

fixed preemphasis filter means for receiving a second preemphasis input signal from the
difference signal transmission path, (b) means for filtering the second preemphasis input
signal and thereby generating a second preemphasis output signal, and (c) means for applying

the second preemphasis output signal to the difference signal transmission path.

38. An adaptive signal weighting assembly according to claim 37, further
characterized wherein the sum channel processing means further includes (a) 75 ps
preemphasis filter means for receiving a 75 ps preemphasis input signal from the sum signal
transmission path, (b) means for filtering the 75 ps preemphasis input signal so as to generate

a 75 ps preemphasis output signal, and (c) means for applying the 75 ps preemphasis output

1 39.  An adaptive signal weighting assembly according to claim 38, further
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Ne ystem aécotding to claim9, wherein DC signal energy.is absent 2
1

fromthe signal content of the information s }g@h{%@@wtg}ﬁmvent ticking.
55. (New) An adaptive di gi} af—s+ghat—wet-ghtijng system for
f

[
fferenc i | {r gpresenti ng
the difference between two stereophonic audib 88 %93UE 1§§l§nal q and a
digitally represented sum signal representing Lthe sum.of thd tjwo

st ereophonic 4 audi o signals, the systemincluding a dijfference
signal padhardeefizéd e the Bin ShdnhélProcksind fetddfufther includesi@fsaitiont i on si gnal
containing information relating to the difference signal_ of a predeterm ned

6 3 makirgtian filtenmsensroxmsreiving 3 siakc equalization inpaisnal from the sugy signal
t i tt] i . o - ) >
18 or mat 1 S B RAIRAE (6 it 6 Hiring the stric izt BhuiBAfo £3053kle N0

bafidwi dt hequaltiation watpaiErsiful f did (c)aneans fotiapplying the static equalization output signal to

- 16 - 9 . .. afirst digital filter arrangenent disposed in
saPd dif ftbe 8He sigsphiENSMisston AR constructed 10 and arranged so as

to vary the gain inpressed on the portion of said first information signal

use with a digitally 2 represented di

40. An adaptive signal weighting assembly according to claim 39, further
characterized wherein the filtering provided by the second preemphasis filter means is
characterized by a second preemphasis phase response, the filtering provided by the 75 ps
preemphasis filter means is characterized by a 75 ps preemphasis phase response, and a
difference between the second preemphasis phase response and a first reference phase

response is substantially similar to a difference between the 75 ps preemphasis phase response

N Oy Gy R W e

and a second reference phase response.

1 41. An adaptive signal weighting assembly according to claim 40, further
characterized wherein the filtering provided by the first preemphasis filter means is
characterized by a first preemphasis phase response, the filtering provided by the static

equalization filter means is characterized by a static equalization phase response, and the first

W b W N

preemphasis phase response is substantially similar to the static equalization phase response.

e

42. An adaptive signal weighting assembly according to claim 41, further
2 characterized wherein the first preemphasis input signal comprises the first low pass filter

output signal.

43. An adaptive signal weighting assembly according to claim 42, further
2 characterized wherein the wideband compression input signal comprises the first preemphasis

output signal.

1 44, An adaptive signal weighting assembly according to claim 43, further
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11 ot R gt sel ect spectral region within said predeterm ned
band\ﬂuﬂl‘ ’l“-“(‘mlg;H“Earl able 12 gain factor, said first variable
gain Ol Lwvamyl ug 1 n response to and as a et otas et 13
control signal, wherein said digital filter i{Eﬂlﬁﬁﬁiﬂ TiNstitdduces phases

errors in said first 14 i nformation sipnRTas a functifon of
frequency; 15 a first control|s g@q} JOEnggAt gr jconstruct ed
and arranged so as to digitally generafld-sai fi |L6 | rst] clontrol signal

only in response to and in accordance w th thels+grat—ener said 17
digitally represented difference signal wthin a second sel ect}] spectral
regi on i Ngpsidire@iwHeRed the 3&ond preemphidiy i'hpl(l‘tfs1ﬁr$ﬁi}m$3s thespestral spect r al
region; 19 ~ adigital gain controller, disposed in said

di Bf er enceongprgssiin @raipht 280@l.coupl ed to said 20 digital filter
arrangenment, and constructed and arranged so as to vary the signal gain 21
I npressed on said first information signal substantially throughout said

prgdeternmined 28  An adapbaniinalivtigitingassendidy decooadingtsl daigped In firther or , sai d
second vardli abl e ggl 't?h f aCth%(rﬂif\f‘ar AN ar{nghégggsing meraxelsS Rl%?lgreinélgd%qg) (@@"ﬁ%nce
fucti on ofaractereancneEant YPRf§&NA _ €

cotrol shoanalic 850R!2h0] ARG IRRhiRS fleRiH AliffBRAECyAmASequslialioh kit Yignal

gererate Sai d second control “sig in Tesponse to and as a
fugcti on ghmithe dEFgae simergansmissionipath2(b) means for filtegig the diffarense dxranied

RS EOI I DL T SRR L e e
o %g al co e &; g‘}e'af?{'f(ﬁ raiyfi‘i? gxg Mlggfgﬁ A Qmicfkq‘hbﬁza‘iiéﬂ‘oﬁﬂpfd‘@%naﬂ)ﬁi the Bifference

conpensat i nNg sal errors introduced by said digital
filgter argignglarmsinissiontgaeh. di f f erence signal path; 30
wherein the digital filter arrangenent, first control signal generator,

digital gain 31 controller, and the second control signal generator
eagh operate ayga pr. YO SNBAI WaBRHifRy 4s8drfblP According to claitn 46 finthepr eserve
thg si gnal con%ght of t gﬁinfornatggkﬁgignalg 1

56..
(New) An ehiapttervzeddiiireiathesiugrcianed piyieessing mepas Soihes s hPH@) on Gy 5, 2
wher ein he@ﬁ:ﬁ‘f‘%ﬁﬁé’r@“? otrIre(:')crtlaiv"f‘rggrzi’j1 i Heg{}mt i B lﬁ\%%ﬁ) en}n;g%a hel R ER sum

eqifal i zat F® tive digital
si gnal  vweighli RehsBYs3idPadt f)mikaRfdr Glteling e St dynamic equalization input signal so
5 as to generate a sum dynamic equalization output signal, and (b) means for applying the sum
6 dynamic equalization output signal to the sum signal transmission path.
1 47.  An adaptive signal weighting assembly according to claim 46, further

characterized wherein the filtering provided by the difference dynamic equalization filter
means is characterized by a difference dynamic equalization phase response, the filtering

provided by the variable emphasis filter is characterized by a variable emphasis phase

by a sum dynamic equalization phase response, the difference dynamic equalization, variable

2
3
4
5 response, the filtering provided by the sum dynamic equalization filter means is characterized
6
7 emphasis, and sum dynamic equalization phase responses all varving according to a function
8

of the second control signal.

1 48.  An adaptive signal weighting assembly according to claim 30, further

2 characterized further including composite modulator means for receiving the encoded
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-17- t he signal conpensation arrangerrent I ncl udes a
dynam Ilﬁmmmmmmlﬁml on filter. 1 w) An
adaptii ve df gital* sisgnal wei ghting system acco R_FPEACE’\W 55“‘55 2
wherein the signal conpensation arrangenent inc 5 filter
having a relatively 3 flat anplitude BQ ansy =se| ect ed
phase response. 1 59. (Ne\ﬁ d‘g‘&l ve dijgijital signal
wei ghting system according to clai m55-152 whnr". a—tte g4i gnal
conpensati on arrangenment includes an IIRfiltef. 60.
(New) A digital inplenentation of an anal og adept+tvedirgital signal

wei @ht i ng difference signalsandtileneohditionakbsunt $ifnah and firtgehdrytingaperefamtacdmpositecr ence
si gnal” repreaenu ng the difference 3 bet ween two st ereophonic audio
sigfal s, tmedptedsianahc| uding a si gnal path for transmitting an 4

el ectri caI i nformati on signal containing information relating to the
difference signal of a 5 predet er m ned bandw dth t hrough said
system said antl.og QdewpkA systan gicorlingieicipuni % gvheyesn thepilet frequencybiei ng of the
type includi nl%n l{y %@aog control signal generator including a first

anafog fi | $ubs frponent and a second anal og control signal
generat or including a second analog filter 8 conponent, said digital
i npl ementation further conprising: 9 a digital filter

arrangenent di sﬁbsed(New)&h'syttmgwatdimmrtlaémd,mmmwmahmrwisab@ed 10
SO gs to v r on.t he rtion of sai.d.information signal
t%i n a f&?‘)é/‘tt{1 E’g‘gtcomfgp"fe the ' %’E@E?I}ﬂgggéﬁ%ﬁ? W‘feﬁfﬂ&é’éﬁ'd predet er m ned

bandwi dth by a first variable gain factor, said first 12 vari abl e
gain factor varying in response to and as a function of a first control
si ghal ; 51. (New) A system according to claim 8, wherein the pilot frequency is

2 substantially 15,734 Hz.

i 52. (New) A system according to claim 8, wherein DC signal energy is absent

2 from the signal content of the information signal so as to prevent ticking.

1 53. (New) A system according to claim 9, wherein the pilot frequency is

2 substantially 15,734 Hz. |

1 54. (New) A system according to claim 9, wherein DC signal energy is absent

2 from the signal content of the information signal so as to prevent ticking. |

1 S5. (New) An adaptive digital signal weighting system for use with a digitally

2 represented difference signal representing the difference between two stereophonic audio

3 signals and a digitally represented sum signal representing the sum of the two stereophonic

4 audio signals, the system including a difference signal path for transmitting a first electrical

5 information signal containing information relating to the difference signal of a predetermined

6 bandwidth through said system, and a sum signal path for transmitting a second electrical

7 information signal containing information relating to the sum signal of a predetermined

8 bandwidth, said system further comprising:
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irst digital control signal generator constructed and

arranumll*mluaul Hlluﬂlital ly 14 gener at e_sai d.fi+s+ % ol signal
only I'm responge tso and in accordance with th Rﬁpﬁﬁ@hwﬁﬁﬁﬁ HElh of
said digitally represented difference signal t on el ect
spectral region including 16 at | east arb e"h'élric{% firs$t sel ect
spectral region, said first digital control sijgnal 8 kl'
including a first digital filter conpoaggt haw jot-tiehd response
such that the difference 18 bet weé€n t he anplltude responge of the
first digital filter conponent and the anplituee response of the
firgt analog fidfige dfg@tﬁp@mrahamgs:nféhm]gpo%aﬂxnlswd&ﬁﬂe&hw@grm pathend conBrieéd | ve
20 phase responses;
-180 21 and arranged so as to varydheygaimimpyessed e therportien of sgiddisgidafermationasignaki gnal
path and co ital filter. and

P2l 20, SO Ounal ol b Wi ShistEcacorminen SISl PRl o o
i nfl@r mat | oghm: faﬂml safd/ st ddHabRldaih fabltbPHAIAY in feBbohsk iCARI B aTieidn baRGW dt h by
a second 24 variabl e gain factor, said second variable gain factor
vaﬂ§/| ng i rpomagbmmé whergingaidshgital ﬁh@rtamngezm:nt introducesphasgs s@ers inisasdfitst ol

g@truct Iformation ?‘aﬂ@lé’a a&gwignpg ﬁl tal control signal generator

Pal | y 27 generate said second

cons rol signal dﬁsf@&ﬁﬂﬂ'ﬁ%nél GerdistoPSonStridiiCdndiRradbed dds % Si3RAILESRDERYe Qfd 28
said digitally represented difference signal substantially within a third

s el@ct s peirst controbgjignal oply in responsgite mdmnga¢qidgxce cgthethersigral epergylof stidh, sai d

i s M L R

bejgveen 3la part of safdBrsBEEMct $peRalrEappNse of the second digital filter

<

conponent and the anplitude response of 32 the second analog filter
cohponent is nadigitalegdin congeliercdisposedin saldalifferenepsignal path phdismpled to said
20 digital filter arrangement, and constructed and arranged so as to vary the signal gain
21 impressed on said first information signal substantially throughout said predetermined
22 bandwidth by a second variable gain factor, said second variable gain factor varying in
23 response to and as a function of a second control signal; and
24 a second control signal generator constructed and arranged so as to digitally generate
25 said second control signal in response to and as a function of the signal energy of said
26 digitally represented difference signal substantially within a third select spectral region within
27 said predetermined bandwidth; and
28 a signal compensation arrangement disposed in the sum signal path for compensating
29 for said phase errors introduced by said digital filter arrangement in the difference signal path;
30 wherein the digital filter arrangement, first control signal generator, digital gain
31 controller, and the second control signal generator each operate at a predetermined sample rate
32 so_as to preserve the signal content of the information signal.
1 56. = (New) An adaptive digital signal weighting system according to claim 55,
2 wherein the signal compensation arrangement includes a static phase equalization filter.
1 57. (New) An adaptive digital signal weighting system according to claim 55,
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33 r ; d 34 wherein the digital filter

arranlg ﬁﬁm ﬂ JHﬂtrol si gnal generator, rgigrtat—ga 35

contr L ‘cond control signal ger uLA@ﬁ ofBEAt e at a

predeterm ned sanple rate 36 so as tq preserve the sjgpal content

of the information signal. 1 1. Oé ) gggdi;i al

I npl enment ati on according to claim®60, wherein gaid |rs¥

filter conponent conprises a spectral ~bandpags Hi+ter- t

62.- (New) A digital inplenentation according to claim60, wherein the

first 2 digital filter conponent conprisSés an ITRTIlter, 1

62  ( Nevhersin thergignal compénsationtamangsment inghudesng dyeangt ahase equaligpiandiliers he

first 2 digital filter conponent conprises a cascade of IIRfilters.

1 64. (New) A digital inplenentation according to claim

?Qli twherel n sagd SqNRRY An adaptive digitdl Sigh@ll wéibhtirff sysRAPREGAIngGSBRIM 585 an | IR
ilter.

digital

2 wherein the signal compensation arrangement includes an all pass filter having a relatively

3 flat amplitude response and a preselected phase response.

1 59.  (New) An adaptive digital signal weighting system according to claim 55,

2 wherein the signal compensation arrangement includes an IIR filter.

1 60. (New) A digital implementation of an analog adaptive digital signal weighting
2 system for use with a digitally represented difference signal representing the difference

between two stereophonic audio signals, the system including a signal path for transmitting an

W

4 electrical information signal containing information relating to the difference signal of a

5 predetermined bandwidth through said system, said analog adaptive digital weighting system

6 being of the type including first analog control signal generator including a first analog filter

7 component and a second analog control signal generator including a second analog filter

8 component, said digital implementation further comprising:

9 a digital filter arrangement disposed in said signal path and constructed and arranged
10 so as to vary the gain impressed on the portion of said information signal within a first select
11 spectral region within said predetermined bandwidth by a first variable gain factor, said first
12 variable gain factor varying in response to and as a function of a first control signal;

13 a first digital control signal generator constructed and arranged so as to digitally

14 generate said first control signal only in response to and in accordance with the signal energy
15 of said digitally represented difference signal within a second select spectral region including
16 at least a part of said first select spectral region, said first digital control signal generator

17 including a first digital filter component having an amplitude response such that the difference
18 between the amplitude response of the first digital filter component and the amplitude

19 response of the first analog filter component is minimized irrespective of their respective

20 phase responses;
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21 a digital gain controller, disposed in said signal path and coupled to said digital filter
22 arrangement, and constructed and arranged so as to vary the signal gain impressed on said
23 information signal substantially throughout said predetermined bandwidth by a second
24 variable gain factor, said second variable gain factor varying in response to and as a function
25 of a second control signal;
26 a second digital control signal generator constructed and arranged so as to digitally
27 generate said second control signal in response to and as a function of the signal energy of
28 said digitally represented difference signal substantially within a third select spectral region
29 within said predetermined bandwidth, said second digital control signal generator including a
30 second digital filter component having an amplitude response such that the difference between
31 the amplitude response of the second digital filter component and the amplitude response of
32 the second analog filter component is minimized irrespective of their respective phase
33 responses; and
34 wherein the digital filter arrangement, first control signal generator, digital gain
35 controller, and the second control signal generator each operate at a predetermined sample rate
36 so-as to preserve the signal content of the information signal.

1 61. (New) A digital implementation according to claim 60, wherein said first

2 digital filter component comprises a spectral bandpass filter.

1 62. (New) A digital-implementation according to claim 60, wherein the first

2 digital filter component comprises an IIR filter.

63. (New) A digital implementation according to claim 60, wherein the first

2 digital filter component comprises a cascade of IIR filters.

’
1 64. (New) A digital implementation according to claim 60, wherein said second
2 digital filter component comprises an IIR filter.
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(57) Abstract

A BTSC encoder (200) includes a left digital high pass filter (212) for receiving a digital left channel audio signal (L) and generating
a digital left filtered signal; a right digital high pass filter (214) for recciving a digital right channel audio signal (R) and generating a digital
right filtered signal; a matrix includes an adder (216) for summing the digital left and right filtered signals and generating a digital sum
signal (L+R), and including a subtractor (218) for subtracting one of the digital left and right filtered signals from the other of the digital
left and right filtered signals and generating a digital difference signal (L-R); a difference channel processor (230) for digitally processing
the digital difference signal (L-R); and a sum channel processor (220) for digitally processing the digital sum signal (L+R).




