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Technical Field of the ITnvention e present Tnvention relates to a system
and nmethod 10 for adding an inaudi ble code to an audi o signal and for
subse- quently retrieving that code. Such a code may be used, for exanple,

in an apdhence yr.egsnt, application in order to identify a broadcast
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Technical Field of the Invention

The present invention relates to a system and method

10 for adding an inaudible code to an audio signal and for subse-
guently retrieving that code. Such a code may be used, for
example, in an audience measurement application in ofder to

identify a broadcast program.

Background of the Invention

15 There are many arrangements for adding an ancillary
code to a signal in such a way that the added code is not
noticed. For example, it is well known in television broad-
casting that ancillary codes can be hidden in non-viewable
portions of video by inserting the codes into either the

20 video’s vertical blanking interval or the video’s horizontal
retrace interval. An exemplary system that hides codes in
non-viewable portions of video is referred to as "AMOL" and is
taught in U.S. Patent No. 4,025,851. This system is used by

the assignee of the present application in order to monitor



WO 01/78271 PCT/ USOL/ 10790 broadcasts of television progranm ng as well as
the times of such broadcasts. O her known vi deo encodi ng systens have
sought t owdaursAancillary codes in a portion of a tel evi Sipg/Sogiedoos 5
transm ssi on bandwi dth that otherwi se carries little signal energy.
Dougherty in U. S. Patent No. 5,629,739, which is assigned to the assignee
of the present application, discloses an exanple of such a system It is
al so known to add ancillary codes to audio 10 signals for the purpose of
identifying the signals and, per- haps, for tracing their courses through
signal distribution chains. Audio encoding has the obvi ous advant age of

bei ng plicable n only ta television,, but als o radi o broad- casts
ond to BRBAHCAR R bt b RSB e At P8 S hecer e of
reproduces, in ttzie audi o signal output, the ancillary codes that are added
to audi §9SPyRHIRASASSdi ngly, audio encoding offers the possibility of
non-intrusive interception (i.e., interception of the codes w thout
intrusion into thOthaHh M AR FRAVE SHEHE® MR FMPhetRodes

wi th 20 equi prent, .t hat has m crophones, as i nputs._ Mreover, audio encoding
per i t sPHRY Resddri@mahcosteshidhdc RAT RN et 1A 1R S HNPbIS abl e

nmetering equi pment carried by panelists. In the field of audio, signal
enéodi ngrﬁ@rswm@ndmm ddate alihemieite fiaposes, L ekdysigral. S
Pat ent No.

energy. Dougherty in U.S. Patent No. 5,629,739, which is
assigned to the assignee of the present application, discloses
an example of such a system.
It is also known to add ancillary codes to audio
10 signals for the purpose of identifying the signals and, per-
haps, for tracing their courses through signal distribution
chains. Audio encoding has the obvious advantage of being
applicable not only to television, but also to radio broad-
casts and to pre-recorded music. Moreover, the speaker of a
15 receiver reproduces, in the audio signal output, the ancillary
codes that are added to audié signals. Accordingly, audio
encoding offers the possibility of non-intrusive interception
(i.e., interception of the codes without intrusion into the
interior of the receiver) and of decoding the codes with
20 equipment that has microphones as inputs. Moreover, audio
encoding permits the measurement of broadcast audiences by the
use of portable metering equipment carried by panelists.
In the field of audio signal encoding for broadcast

audience measurement purposes, Crosby, in U.S. Patent No.
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-2 WD 01/78271 PCT/US01/10790 3,845,391, teaches an audi o encodi ng
approach in which the code is inserted in a narrow frequency "notch" from
whi ch t hewgaiigenal audi o signal is deleted. The notch is pradgsodtomo fixed
predeterm ned frequency (e.g., 40 Hz). This approach 5 | eads to codes that
are audi bl e when the original audio signal containing the code is of |ow
intensity. A series of inprovenents followed the Crosby patent. Thus,
Howard, in U S. Patent No. 4,703,476, teaches the use of two separate
notch frequencies for the mark and the space 10 portions of a code signal.
Kramer, in U S. Patent No. 4,931,871 and in U S. Patent No. 4,945,412

teaches, inter _alia, ysing a code signal, having an anplitude that tracks
the. andrPluadoss CRERER GL B St (PR ETR |  MI Bibadcast
audi ence asurenment systems in which 15 panelists are expected to carry
nicr ophSHggeérﬁi BPEETEASH d7 FomPEdavthd PSR t IRt Tn ik Wh dhdR& ore

i naudi bl e ,codes broadcast i.n an audi o signal are also known. For exanple,
Aijal | aC&t9dral padO $4oRpdsd samteliatrad-s. Tha it al. 1s gadm a3 A descri be
an arrangenent in which spread spectrum 20 techni ques are used to add a
code t ofafedudredstgrminethdrapdigaays & 1her 4fbtHdler cePtidlapPERadmn be

heard only as low |evel "static" noise. Also, Jensen et al., in US.
PaPent M62ds, £90cpdes that are audible when the original audio signal

containing the code is of low intensity.
A series of improvements followed the Crosby patent.
Thus, Howard, in U.S. Patent No. 4,703,476, teaches the use of
two separate notch frequencies for the mark and the space
10 portions of a code signal. Kramer, in U.S. Patent No.
4,931,871 and in U.S. Patent No. 4,945,412 teaches, inter
alia, using a code signal having an amplitude that tracks the
amplitude of the audio signal to which the code is added.
Broadcast audience measurement systems in which
15 panelists are expected to carry microphone-equipped audio
monitoring devices that can pick up and store inaudible codes
broadcast in an audio signal are also known. For example,
Aijalla et al., in WO 94/11989 and in U.S. Patent No.
5,579,124, describe an arrangement in which spread spectrum
20 techniques are used to add a code to an audio signal. The
code is either not perceptible, or can be heard only as low
level "static" noise.
Also, Jensen et al., in U.S. Patent No. 5,450,490,
teach an arrangement for adding a code at a fixed set of
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teach an arrangenent for adding a code at a fixed set of -3 WO 01/78271
PCT/ US01/ 10790 frequencies and using one of two masking signals. The

choice ofygHskiA9 signal is nmade on the basis of a frequeggyu@nad¥gi s of
the audio signal to which the code is to be added. Jensen et al. do not

teach arrangenents for selecting a maxi num5 acceptabl e code energy to be
used in each of a predeterm ned set of frequency intervals, nor do Jensen
et al. teach energy exchange coding which transfers energy between
spectral conmpo- nents and which thereby holds the total acoustic energy
con- stant. 10 Preuss et al., in U S. Patent No. 5,319,735, teach a

mul ti-band audi @ encodi ng .arrangenent in which a spread spec- trumcode is
i nsert ed TEAVLECELEATRUSISE NG A Sfedamarida tHetapit  Signghqifiensity
(code-to-nusic ratio) that is referably 19 dB. Lee et al., in U S  Patent
No. 5, 69% Maeking pdgirlad sadfids «odithy i?ersatrﬁgéﬁﬁerﬁ SRuUaN® fasralstisn t h
digi- tized audio signals. The code intensity is nade to match the input
signal B§ &dlecavdiiongignsilghsl W dhadihe &9d8 (4P daxtheofaddadrer alerfgatyuency
bands and by then inserting the code at an intensity that is a

pr edet eefri Add Oat netofteried axtiandansmts FR20 sehi@ctiag .a exigtumal . has al so
descri bed a nethod of enbed- ding digital information in a digital waveform
i n3U. S. akgepteblNo codle82nhe3®y. to be used in each of a predetermined

set of frequency intervals, nor do Jensen et al. teach energy
exchange coding which transfers energy between spectral compo-
nents and which thereby holds the total acoustic energy con-
stant.

10 : Preuss et al., in U.S. Patent No. 5,319,735, teach a
multi-band audio encoding arrangement in which a spread spec-
trum code is inserted in recorded music at a fixed ratio to
the input signal intensity (code-to-music ratio) that is
preferably 19 dB. Lee et al., in U.S. Patent No. 5,687,191,

15 teach an audio coding arrangement suitable for use with digi-
tized audio signals. The code intensity is made to match the
input signal by calculating a signal-to-mask ratio in each of
several frequency bands and by then inserting the code at an
intensity that is a predetermined ratio of the audio input in

20 that band. Lee et al. has also described a method of embed-
ding digital information in a digital waveform in U.S. Patent
No. 5,824,360.

Jensen et al., in U.S. Patent No. 5,764,763, teach a

method in which code signals consisting of sinusoidal waves at
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Jensen et al., in U S Patent No. 5,764,763, teach a nethod in which code
signal s consisting of sinusoidal waves at -4 WO 01/78271 PCT/ USOL/ 10790

ten pre-s@lgFlARsfrequencies in a high resolution spectrupdigeAedgd to
the original audio in order to represent either a binary bit (0 or 1) and

the start and end of an enbedded nessage. Forty uni que frequencies are
required for encoding 5 these four synbols. Their values range from 1046.9
Hz to 2851.6 Hz in a typical practical enbodi nent. The frequency
separation between adjacent lines in the spectrumis 4 Hz and the m ninum
separation between frequencies selected to consti- tute the set of 40
frequencies is 8 Hz. The anplitude of the 10 injected code signal is

cont rol F6& ByeaspesiEtag drsdpsincias in fe hieib diafp PHokds Spaderymj a€e ed
code signal is distin- guished by the fact that its level will be

si gni i eédAery tapshe oxisggined @%40 dehnday fior eyERPT 9kdirerties. |t
w || be recognized that, because ancillary codes 15 are preferably

i nsert e@1aaryoWitnt(@nsin iles and dhgerstasrtpravkermnd dfe aypdasbdddrd di stracti ng
a listener of program audi o, such codes may be vul nerable to various

si gnal pessagsi-ngFopévauniiones fasauelticiss tare mestigreshdiof romakingneous
el ectromag- netic sources. For exanple, although Lee et al. discuss 20
di §i ti zebesadifougi gyaloslsyanyhefin helemd imemdendurorapfrdachdiz to encodi ng
a broadcast audio signal are not conpatible with
2851.6 Hz in a typical practical embodiment. The frequency
separation between adjacent lines in the spectrum is 4 Hz and
the minimum separation between frequencies selected to consti-
tute the set of 40 frequencies is 8 Hz. The amplitude of the
10 injected code signal is controlled by a masking analysis. In
the decoding process, the injected code signal is distin-
guished by the fact that its level will be sgignificantly above
a noise level computed for a band of frequencies.
It will be recognized that, because ancillary codes
15 are preferably inserted at low intensities in order to prevent
the codes from distracting a listener of program audio, such
codes may be vulnerable to various signal processing opera-
tions as well as to interference from extraneous electromag-
netic sources. For example, although Lee et al. discuss
20 digitized audio signals, many of the earlier known approaches
to encoding a broadcast audio signal are not compatible with
current and proposed digital audio standards, particularly

those employing signal compression methods that may reduce the

signal’s dynamic range (and thereby delete a low level code)
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current and proposed digital audio standards, particularly those enploying
signal conpression nethods that nmay reduce the signal's dynam c range (and
t hereby dglgfissy! ow | evel code) -5 WO 01/78271 PCT/ USO1/ Ha%ko1R679h hat

ot herwi se may damage an ancillary code. In this regard, it Is particularly
inportant for an ancillary code to survive conpression and subsequent
de-conpression by the AC-3 algorithmor by one of the algorithns
reconmended in the 5 SO IEC 11172 MPEG standard, which is expected to be
widely wused in future digital television broadcasting systens. U S. Patent
Application Serial No. 09/116,397 filed July 16, 1998 and U. S. Patent
Application_Serial No. 09/428,425 filed October 27, 1999 disc|ose a system
and met REd tREtf GEheRRESe MiYa BORSS AT anf A Sl s tHRtSthe code i s
| i kely to survive conpression and deconpression as requjred by current and
pr oposededPg i ali taddi Patdraeegsly SpRarEanthofRk 3nmtanm bka¥heceddl FPude or
phase of the signal at selected code frequencies is used to insert the
code i nEYTVA¥CaGINPTESsSiqfhaAnd e G e tda PR FEkRre Y dshe wch coul d
conprise_ nultiple frequency sets within a given audio_bl ock, may be

vari ed BAE@raGHiro OBl dok ane afditdepladdgoridiuns eeeperendgd Wmwditaiti on may be
i npl emented as anplitude nodul ati on, nodul a- tion by frequency swappi ng,
phase mB8QV/EECoAL1IFRINREC dt/andarR0 whiddx Imkiradiad twreoveiden

approach is taught to neasur-
used in future digital television broadcasting systems.

U.S. Patent Application Serial No. 09/116,397 filed
July 16, 1998 and U.S. Patent Application Serial No.
09/428,425 filed October 27, 1999 disclose a system and method
10 for inserting a code into an audio signal so that the code is
likely to survive compression and decompression as required by
current and proposed digital audio standards. Spectral modu-
lation of the amplitude or phase of the signal at selected
code frequencies is used to insert the code into the audio
15 signal. These selected code frequencies, which could comprise
multiple frequency sets within a given audio block, may be
varied from audio block to audio block, and the spectral
modulation may be implemented as amplitude modulation, modula-
tion by frequency swapping, phase modulation, and/or odd/even
20 index modulation. Moreover, an approach is taught to measur-
ing audio quality of each block and of suspending encoding in
cases where the code might be audible to a listener.
In experimental systems of the sort taught in the

‘397 application and in the ‘425 application, the audio sam-
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ing audio quality of each block and of suspending encoding in cases where
the code mght be audible to a listener. In experinental systens of the
sort taugWo dgivsifie 1397 application and in the 1425 appl igatg@iiofohe audi o
sam -6 WD 01/78271 PCT/US01/ 10790 pling process during encodi ng inposes a
delay in excess of twenty mlliseconds in the audio portion of a
television program Left uncorrected, this delay results in a percepti-
bl e 1 oss of synchronization between the audio and video por 5 tions of a

vi ewed program Hence, practical systens of this sort have required the
use of a conpensating video del ay circuit However, it is preferable to do
mﬁthout uch a_circuit. .Noreagver st ens of the sort taught in the

* 397 1é) appl Fearion SIS teﬁ’e% T 1D DA FEHRRE by

mani pul n ai.r uenci t hat, are spaced par about 100 Hz.
These s &é’%ﬁ’p ﬁ‘tlﬁ' q‘iﬁ% lﬁel'ée 9 SR Y IWer berati on
or nultl at h dlsgjrtlon t hat G%ife t, on of the coded frequenci es
substamp QO ror &St CRF HeGE ];f%s%?ﬁu el PR hnged to
solve o nore. of the above not roblens Summary of fhe Invention

Accor di %get &Oﬁﬁeoafsﬁé@tchﬁontlﬁé‘tﬁr%g?ﬁ YeRReftioRudLo and video por-

5 tions of a viewed program. Hence, practical systems of this
sort have required the use of a compensating video delay
circuit. However, it is preferable to do without such a
circuit.

Moreover, in systems of the sort taught in the ‘397

10 application and in the ‘425 application, codes are added by
manipulating pairs of frequencies that are spaced apart by
about 100 Hz. These gystems are thus vulnerable to interfer-
ence, such as reverberation or multi-path distortion, that
affect one of the encoded frequencies substantially more than

15 the other.

The present invention is arranged to solve one or

more of the above noted problems.

Summary of the Invention

According to one aspect of the present invention, a

20 system for adding an interference-resistant, inaudible code to

an audio signal comprises a sampler, a processor, a frequency
transformation, a frequency selector, and an encoder. The

sampler is arranged to sample the audio signal at a sampling
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20 system for adding an interference-resistant, inaudible code to an audio
signal conprises a sanpler, a processor, a frequency transformation, a
frequencywa@el/a2tor, and an encoder. The sanpler is arrangkdrusoig@anl e the
audi o signal at a sanmpling -7 WD 01/78271 PCT/USOL/ 10790 rate and to
generate therefroma plurality of short blocks of sanpled audio, where
each of the short blocks has a duration |ess than a m ni nrum audi bly

per cei vabl e signal delay. The processor is arranged to conbine the
plurality of short blocks 5 into a | ong bl ock having a predeterm ned

m ni mrum duration. The frequency transformation is arranged to transformthe

| 009 onagk hAlOcE GLaduaney (OTRION ANutaTRS B9 AT e

i ndependent |y nodul at ab requency 1 n requency

bet veenstug 8d] 268N5 ORRS-Q LR LAdLGES chd.deban ST o1 N mum

duration fhe sanpling rate requency selector s arrange

sel ect _g.0gi ghbar Dogd, 0t g% YeAgY Hladlg6araa %q§5 éiaﬁ Win ChE

di fference between a omes hi"ghe

7 SPOOUERe 3, L8210, PSS G T, S AT 3ot

e * 3Lchedaticib %“ga'v@%'gfézp%%a%s;%%wﬁnﬂ gt oL

presentThgvgreq&éggy grans orma %%pggd%%r%%g% dto %%%%é%%ﬁ%frqu?n%y band
block into a frequency domain signal comprising a plurality of
independently modulatable frequency indices, where a frequency
difference between two adjacent ones of the indices is deter-

10 mined by the minimum duration and the sampling rate. The
frequency selector is arranged to select a neighborhood of
frequency indices so that the frequency difference between a
lowest index and a highest index within the neighborhood is
less than a predetermined value. The encoder is arranged to

15 modulate two or more of the indices in the neighborhood so as
to make a selected one of the indices an extremum while keep-
ing the total energy of the neighborhood constant.

According to another aspect of the present inven-
tion, a method is provided to add a code to a frequency band

20 of a sampled audio portion of a composite signal without
thereby introducing a perceptible delay between the encoded
audio portion and another portion of the composite signal.

The method comprises the steps of: a) selecting a sampling

rate and a frequency difference between adjacent ones of a
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20 of a sanpled audio portion of a conposite signal w thout thereby

i ntroducing a perceptible delay between the encoded audio portion and
anot her poovi/ms27of the conposite signal. The nmethod conpPCEESO@0St eps
of: a) selecting a sanpling rate and a frequency difference between

adj acent ones of a -8 WD 01/78271 PCT/US01/ 10790 predeterm ned nunber of
frequency indices included in a fre- quency nei ghborhood; b) determ ning
fromthe sanpling rate and fromthe frequency difference a duration of a
bl ock of sanples; c) determ ning an integral nunmber of sequential sub 5
bl ocks to make up the bl ock, where the integral nunber is selected so that

each 9f%Q&eé&?{n?h@&k?ﬁ@ﬁgrgggu?k@hﬁ‘éﬁcg“ri Slitcie%n i Zjldteegéfg e ﬁqge{_cepti bl e

del ay; processi ng SO0 as to nodulate a s one t he

I equeneyoLogl fesonlibkhaut; oNagokag-aniotal, $haielasheray dhd g hand. 10

Accor di s anot her ‘aspéc g present 1nventron, “an appar at us
5 Drou gt 8, 8 sodesCLomage Ao AL Tl Ste g e 2
o gnel o obl o BB SER R SRSl Seien Biock ol aved Bipe,
e S G Rt g R e e
tranSfoég?ééggdigankg@gggc%po%r%g%f%&Q—blocks has a sub-block dura-

tion less than the perceptible delay; d) processing the block

so as to modulate a selected one of the fregquency indices

without changing a total signal energy of the band.

10 According to still another aspect of the present
invention, an apparatus is provided to read a code from an
audio signal. The code comprises a sequence of blocks having
a predetermined number of samples of the audio signal, and the
code comprises a synchronization block followed by a predeter-

15 mined number of data blocks. The apparatus comprises a buffer
memory, a frequency transformation, a processor, and a vote
determiner. The buffer memory is arranged to hold one of the
blocks. The frequency transformation is arranged to transform
the one block into spectral data spanning a predetermined

20 number of frequency bands, where each of the frequency bands
comprises a respective neighborhood of frequency indices. The
processor is arranged to determine, for each of the neighbor-
hoods, 1f a respective predetermined one of the frequency

indices is modulated. The vote determiner is arranged to
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the one block into spectral data spanning a predeterm ned 20 nunber of
frequency bands, where each of the frequency bands conprises a respective

neighbothQﬂnﬁ&zﬁrequency indices. The processor is arraqqqqgkgﬂgggernine,
for each of the neighbor- hoods, if a respective predeterm ned one of the

frequency indices is nodul ated. The vote determner is arranged to -9 WO
01/ 78271 PCT/ USOL/ 10790 determ ne that the one block is the

synchroni zation block if, in a nmgjority of the frequency bands, the
respective nodul ated frequency index is a respective index selected for
inclusion in'the synchronization block. The processor is further ar 5
ranged to determine if, in one of the data bl ocks received subsequent to

the synEREGATARE dfah ddie e et iR Phedrneron et boe biogkelf,
frequency indices is nodulated. The vote determner is further arranged to
det er m A€ Pf MAIRT4 Ly ithe forequanay Rpndry Himdssspeet bes paedilate
modul ated frequency 10 index is a respective index selected for inclusion
in the éKeIVGRCY BNOEK i coriisrpdolNetindrt melegpedtior imelysbeent
invention, a nmethod is provided to read a code froman audio signal by
sequent A& [thet symehaon imp bl e iade ofThe askecessds beidiwrskepl @s-i nt o
spectral data spanning a predeterm ned nunber of frequency bands. Each of
thé frefaaged andetcoming ikkes in prelatferiinethranbkoclhs feeeieady
i ndi ces, and each
subsequent to the synchronization block, a respective prede-
termined one of the frequency indices is modulated. The vote
determiner is further arranged to determine if, in a majority
of the frequency bands, the respective modulated frequency
10 index is a respective index selected for inclusion in the one
data block.

According to yet another aspect of the present
invention, a method is provided to read a code from an audio
signal by sequentially transforming a sequence of blocks of

15 audio samples into spectral data spanning a predetermined
number of frequency bands. Each of the frequency bands com-
prises a predetermined number of frequency indices, and each
of the blocks comprises a predetermined number of the samples.
The code comprises a synchronization block followed by a

20 predetermined number of data blocks. The method comprises the
steps of: a) determining, in each of the frequency bands of
one of the blocks of audio samples, 1f one of the frequency

indices is modulated; b) comparing each modulated frequency .

index found in step a) with that index selected for modulation
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of the blocks conprises a predeterm ned nunber of the sanples. The code
conpri ses a synchroni zati on block foll owed by a 20 predeterm ned nunber of
dat a bl ock® o1/8e71met hod conprises the steps of: a) deter morm®i/16790 each of
the frequency bands of one of the bl ocks of audio sanples, if one of the
frequency indices is nodul ated; b) conparing each nodul ated frequency
index found in step a) with that index selected for nodulation -10 WO

01/ 78271 PCT/ US01/ 10790 in the respective frequency band of the

synchroni zation block; <c¢) determning that the one block is the

synchroni zation block if the mayjority of the conparisons nade in step b)

result i.n mat ch, and otherw se repeatin teps a). through, b); d) deter 5
n ni ng, lirh%&?cﬁe&pet %G %%gas“%fc’%néh%ﬁ}f% ]E%?Jazglb’f?fil&l%%]&'ei ved
subsequent to the synchronization black, if a6 respective, one, of the

frequen&y i gcieéf&lntlélgnﬂﬁiﬁ%t , CB??d,bOJé?Ck OIS Y AR PREFRGE W P IR at ed

frequengy. i ndi ces, faund i step d) with ones_of,a pluraljty of .

pr edet etl%i rrrg‘@ MRISE Y53t OE% Ghe FOMRAGE IS (MRES ibe SRR Ry et yubr 2
associated wwth a respective code bit, and reading the code bit_only if
the mafGEcty IFRSHEFe KRS HRE H IR P def@rdl ek | rilexdetrit er n.
According to a further aspect of the present _inven- 15 tion, a systemfor
adgi ng ERTRGudiIR e3BHeh Fhe tlormrausiy karie pbrerorcbfthe afposite

signal having two or nore por- ) _ .
blocks received subsequent to the synchronization block, if a

respective one of the frequency indices is modulated; and, e)
comparing the respective modulated frequency indices found in
-step d) with ones of a plurality of predetermined index pat-
10 - terns, each of the index patterns uniquely associated with a
respective code bit, and reading the code bit only if the
majority of modulated indices match the predetermined index
pattern.
According to a further aspect of the present inven-
15 tion, a system for adding an inaudible code to a tone-like
audio portion of a composite signal having two or more por-
tions comprises a sampling apparatus, a processor, a frequency
transformation, an encoder, a signal analyzer, and an encoder
suspender. The sampling apparatus is arranged to sample audio
20 at a sampling rate and to generate therefrom a plurality of
short blocks of sampled audio, where each of the short blocks
has a duration less than a minimum audibly perceptible signal
delay. The processor is arranged to combine the plurality of

short blocks into a long block having a predetermined minimum
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tions conprises a sanpling apparatus, a processor, a frequency
transformati on, an encoder, a signal analyzer, and an encoder suspender.

The sanpl {0 1@RpPAratus is arranged to sanple audio 20 at %wﬁ%ﬁ?ﬁh@ﬂorate
and to generate therefroma plurality of short bl ocks of sanpled audio,

where each of the short blocks has a duration |ess than a m ni num audi bly
percepti bl e signal delay. The processor is arranged to conbi ne the
plurality of short blocks into a long bl ock having a predeterm ned m ni num
-11 WO 01/78271 PCT/US01/ 10790 duration. The frequency transformation is
arranged to trans- formthe long block into a frequency domai n signal
conprisbggaga pIurallty of i ndependently nodul at abl e frequency i ndi ces

| ocat ed Iour sy Teeeste fe P RHRINA AR et aieranded &R rigfRe t o
nndulate two or nore of the indices in each of the frequency bands so as
to makef@TFedBectiony Lot ddrtoné diraanenah sl mre ksaa brifimini $ ti%keepi ng
a total acoustic ene%ﬁy of the audio constant. The signal analyzer is
arrange@ PéUFeléty @hdndenandendiy, Imadilatahl e ditedtenes Mdiwrs | i ke
character 10 within any one of the predetermnm ned nunber of neighborhoods.
The encd@€Ateds fandeP Lugadsitan gdd fresisssandans encBtd repedder hes encoder
wi t hi n any nei ghborhood in which the tone-like audio portion has a
t ofe- | i RETERgEsc ter mosbd@td rya ey atore faf ttw jawplerts ofn témclpreSerhe 15
invention, a method is provided to add an inaudi bl e code to at
frequency bands so as to make a regpective selected one of the
indices an extremum while keeping a total acoustic energy of
the audio constant. The signal analyzer is arranged to deter-
mine if the tone-like audio portion has a tone-like character
10 within any one of the predetermined number of neighborhoods.
The encoder suspender is arranged to suspend the encoding of
the encoder within any neighborhood in which the tone-like
audio portion has a tone-like character.
According to yet a further aspect of the present
15 invention, a method is provided to add an inaudible code to at
least one of a predetermined number of frequency neighborhoods
within a tone-like audio portion of a composite signal having
one or more additional portions. The method comprises the
steps of: a) sampling the audio portion and generating from
20 the sampled signal a plurality of short blocks, each of the
short blocks having a duration less than a minimum audibly
perceptible signal delay; b) combining the plurality of short

blocks into a long block having a predetermined minimum dura-

tion; c¢) transforming the long block into a fregquency domain
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| east one of a predeterm ned nunber of frequency nei ghborhoods w thin a
tone-li ke audio portion of a conposite signal having one or nore

addi ti onalydfifshqns. The nmethod conprises the steps of: ahwﬁ?ﬁﬂﬁh@ﬂothe
audi o portion and generating from 20 the sanpled signal plurality of

short bl ocks, each of the short blocks having a duration | ess than a
m ni mum audi bly perceptible signal delay; b) conbining the plurality of
short blocks into a |ong bl ock having a predeterm ned m ni mum dura- tion;
c) transformng the long block into a frequency domain -12 WO 01/78271
PCT/ USQL/ 10790 signal conprising a plurality of independently nodul atable
frequency indices; d) identifyin those nei ghbor hoods, if_ any, of the
pr edet e FHORSd (FOMRETL HMS rde #é%ﬁﬁﬁ@@ﬁtﬁhl@Qdﬁ¥@£Qbh@ li ke
audio portion has a tone-like character 5 and, e) nodulating a respective
i ndex | Areaslensd gistiassod bt idendrtiying those apetyhborheods, nhke a
sel ected index in such neighborhood an extremum while keeping the total
acoust i @ven&xgyhsf prrslehiatininset thberorst afireqeercy ote ipdodridogs ahn
index in any of those nei ghborhoods identified in step d). 10 According to
still avhickhéheadpaet-lofke fidiregemtt iamiens | n; ore bt Deelcalsiracidéence
measur enment system in which an inaudible code added to an audio signal is
read by aaddeedd-mddhy adpiper & usedresdtiok viindexn In séatch she tghbyrisaop| edt
dwel I ing, conprises an encoder, a receiver, and a decoder. The encoder
identified in step d) so as to make a selected index in such
neighborhood an extremum while keeping the total acoustic
energy of the audio portion constant, and not modulating an
index in any of those neighborhoods identified in step d).
10 According to still a further aspect of the present
invention, a broadcast audience measurement system, in which
an inaudible code added to an audio signal is read by a decod-
ing apparatus located within a statistically sampled dwelling,
comprises an encoder, a receiver, and a decoder. The encoder
15 is arranged to add a predetermined code bit to each of a
predetermined number of odd frequency bands within a bandwidth
of the audio signal. The receiver is within the dwelling and
is arranged to receive the encoded audio portion. The decoder
has an input from the receiver, and the decoder is arranged to
20 acquire a respective test value of the code bit from each of
the frequency bands, to compare the test values, to determine
that one of the test values is the code bit only if that test

value is acquired from a majority of the frequency bands, and

to otherwise determine that no code bit has been read.
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15 is arranged to add a predeterm ned code bit to each of a predeterm ned
nunber of odd frequency bands within a bandwi dth of the audio signal. The
receiver {yg kN the dwelling and is arranged to recei g i15epded
audi o portion. The decoder has an input fromthe receiver, and the decoder
is arranged to 20 acquire a respective test value of the code bit from each
of the frequency bands, to conpare the test values, to determne that one
of the test values is the code bit only if that test value is acquired
froma majority of the frequency bands, and to otherw se determ ne that no
code bit has been read. -13 WO 01/78271 PCT/ US01/ 10790 According to

anot her aspect of the present inven tion, a broadcast audi ence neasurenent
system in which AFCOHEE He FWILHIRTPIY HE el PLEFHRE F8veRad within

a statistically sanpled dwel|ing unit, conprises an encoding 5 apparatus,
a recei \FéPPraﬁd)é’;KO@&é’@@r AUrHengf AR et at s ten, akh digedh t3n add a

code bit to a sanpled long bl ock of the audio signal, where the Iong block
conpr i sésaadibdgercads meflechhithan cludioraigakkss m@adh withke ahort bl ocks
has a prede- termned duration that is selected to be short enough not to
10 be peteggsitiiceltly sammisg dfellaing catidastcupl ke, aThencedicedli ng
apparatus is further arranged to nodul ate a sel ected frequency index in
eaéh of agpginatalsi,t v ofedeistpan@nda ghiburdehoodihs cergod ek aeatus
sel ected index an extremumin the
is arranged to add a code bit to a sampled long block of the
audio signal, where the long block comprises a predetermined
number of short blocks. Each of the short blocks has a prede-
termined duration that is selected to be short enough not to
10 be perceptible to a member of a broadcast audience. The
encoding apparatus is further arranged to modulate a selected
frequency index in each of a plurality of frequency neighbor-
hoods so as to make each selected index an extremum in the
respective neighborhood thereof while keeping a total energy
15 of the audio signal constant. The receiver is within the
dwelling, and is arranged to acquire the encoded audio signal.
The decoder is arranged to read the code from the audio sig-
nal. The decoder has an input from the receiver, and the
decoder comprises a buffer memory arranged to store one of the
20 short blocks. The buffer memory is not arranged to store a
long block.
According to still aspect of the present invention,

a method of encoding an audio signal comprises the following

steps: a) generating a plurality of short blocks from the
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respective nei ghborhood thereof while keeping a total energy 15 of the
audi o signal constant. The receiver is within the dwelling, and is
arranged {@ @fMdsHr € the encoded audio signal. The decoderpdSy@fadged to
read the code fromthe audio sig- nal. The decoder has an input fromthe
receiver, and the decoder conprises a buffer nmenory arranged to store one
of the 20 short bl ocks. The buffer nenory is not arranged to store a |ong
bl ock. According to still aspect of the present invention, a nethod of
encodi ng an audi o signal conprises the followng steps: a) generating a
plurality of short blocks fromthe -14 WO 01/ 78271 PCT/US01/ 10790 audi o
signal, wherein each of the short bl ocks has a duration less_than a

i ni nunPAddPh Yy IparcempgRicd siciivdl eltdip HhertoRidnkfy hate HIAWRGHSP of
short blocks into a long block; c) transformng the Iogg{block into a
spect r uRPESTEHRS; Ag TH-1E TRy PG L Yo P e TfdyERieh 19 4807dd el e B equency
indices; and, d) nodulating at |east two of the indices so as to nake one
of the cREPEadNgn the Pdmralitiy ok sdsintg Rlinckotigitemerlgng dlagk: <)
nei ghbor hood of the nodul ated indices substantially constant. 10 According
to yet &¥pastoghinge theedeomg ibhaak ilgo & gpadicthmifcqmuadisich ecode el enent
froman audio signal com prises the followi ng steps: a) transform ng at
| edst appurality of independently modulatable frequency indices;
and, d) modulating at least two of the indices so as to make
one of the indices an extremum while keeping the total energy
of a neighborhood of the modulated indices substantially
constant.
10 According to yet aspect of the present invention, a
method of reading a code element from an audio signal com-
prises the following steps: a) transforming at least a por-
tion of the audio signal into spectral data spanning a prede-
termined number of frequency bands having a plurality of
15 frequency neighborhoods; b) determining, for each of the
neighborhoods, if one of the frequency indices is modulated;
and, c¢) assigning a transmitted code value to the code element
if, in a majority of the neighborhoods, the respective modu-

lated frequency index is an index selected for inclusion in

20 the audio signal.

Brief Description of the Drawing
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tion of the audio signal into spectral data spanning a prede- term ned
nunmber of frequency bands having a plurality of 15 frequency nei ghbor hoods;
b) deter myy Ngsf10r each of the neighborhoods, if one of Joi GodgNCY
indices is nodulated; and, c) 'assigning a transmtted code value to the
code elenent if, in a mjority of the nei ghborhoods, the respective nodu-
| ated frequency index is an index selected for inclusion in 20 the audio
signal. Brief Description of the Drawing -15 WO 01/78271 PCT/ USOL/ 10790
These and ot her features and advantages wi ||l becone nore apparent froma
detail ed consideration of the invention when taken in conjunction with the
drawings in which: Figure 1 is a schematic depiction of a broadcast 5

audi ence neasur enBRESSy SNEMOERsITo ViR W a5 @g}imd%magqﬁ it Ll e ateRied t o
the audio portion of a conposite television signal; Figure 2 is a flow
chart dBpret prgagAnEnésOIMMG deteddesl sonsidgsadsian ain iigrverdniohn 10
Figure 3 is a flow chart depicting a decoding pro- cess of the present

i nvent i whenDspkenednDesayjiupcitaerowittie they ghnawimosudito wiighal s are usual |y
digitized at sanpling rates that range between thirty-two kHz and
forty-eight kHz. Figure 1 is a schematic depiction of a broadcast

5 audience measurement system employing a program identifying
code added to the audio portion of a composite television
signal;

Figure 2 is a flow chart depicting an encoding
process of the present invention; and,

10 Figure 3 is a flow chart depicting a decoding pro-

cess of the present invention.

Detailed Degcription of the Invention

Audio signalg are usually digitized at sampling
rates that range between thirty-two kHz and forty-eight kHz.
15 For example, a sampling rate of 44.1 kHz is commonly used
during the digital recording of music. However, digital
television ("DTV") is likely to use a forty eight kHz sampling
rate. Besides the sampling rate, another parameter of inter-
est in digitizing an audio signal is the number of binary bits
20 used to represent the audio signal at each of the instants
when it is sampled. This number of binary bits can vary, for
example, between sixteen and twenty four bits per sample. The

amplitude dynamic range resulting from using sixteen bits per
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15 For exanple, a sanpling rate of 44.1 kHz is comonly used during the
digital recording of nusic. However, digital television ("DTV') is likely

to use a {@ffpseight kHz sanpling rate. Besides the sanplgcdigydodhifmwe anot her
paranmeter of inter- est in digitizing an audio signal is the nunber of

binary bits 20 used to represent the audio signal at each of the instants
when it is sanpled. This nunber of binary bits can vary, for exanple,

bet ween sixteen and twenty four bits per sanple. The anplitude dynamc
range resulting fromusing sixteen bits per -16 WO 01/78271 PCT/ USQOL/ 10790
sanple of the audio signal is ninety-six dB. This decibel neasure is the
ratio of the square of the highest audio anpli- tude (216 =_65536) to the
square SRATPHE PowEde &YFS Siphalude ety -5ix /i dyiieks de resul ting
fromusing twenty-four 5 bits per sanple is 144 dB. Raw audi o, which is
sanpl ed"&ESUKE 184 theyMatig @ﬁﬁ@%%ﬁ% forhha theghesh aiddeanpii- per
sanpl e represquation, results in a data rate of 705.6 Kkbits/s.

Conpr es§t8f dR-dudi §583§nalte ithepaduntite®li rhs davesn audiedusel iide dat a

rate to a_level which nmakes it possible to transmt a stereo pair of such
data on (3%ckaddel Wheh dynamficouginee resUlding o s ing stwenidy ofour
conpression is typi- cally acconplished by transform coding. A bl ock of
audi o bafsi pErngapbleams dd4 [AF. exawlaaidimmy Weldecpeasmledyat the
44 .1 kHz rate and which is converted to a sixteen-bit per
sample representation, results in a data rate of 705.6
kbits/s.
Compression of audio signals is performed in order
10 to reduce this data rate to a level which makes it possible to
transmit a stereo pair of such data on a channel with a
throughput as low as 192 kbits/s. Audio compression is typi-
cally accomplished by transform coding. A block of audio
consisting of samples, for example, may be decomposed, by
15 application of a Fast Fourier Transform or other similar
frequency analysis process, into a spectral representation.
In order to prevent errors that may occur at the boundary
between one block of audio and the previous or subsequent
block of audio, overlépping blocks of audio are commonly used
20 to produce the samples. In one such arrangement where 1024
samples per overlapped block are used, a block includes 512
"old" audio samples (i.e., audio samples from a previous

block) and 512 "new"” or current audio samples. The spectral

representation of such a block is divided into critical bands,
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15 application of a Fast Fourier Transformor other simlar frequency

anal ysis process, into a spectral representation. |In order to prevent
errors thgly jig,Qccur at the boundary between one bl ock gic hLReRpd the
previ ous or subsequent block of audio, overlapping bl ocks of audio are
commonly used 20 to produce the sanples. In one such arrangenment where 1024
sanpl es per overl apped bl ock are used, a block includes 512 "old" audio
sanples (i.e., audio sanples froma previous block) and 512 "new' or
current audi o sanples. The spectral representation of such a block is
divided into critical bands, -17 WO 01/78271 PCT/USOL/ 10790 where each
band conprises a_group of several neighboring frequencjes. The power in

each of "PF&8e SHERIP3Eh IWRLAIIE 3 AXP YL ARVt e GRREEID! t he
anplitudes of the fre- _quency conponents within the band. 5 Audio
conpr es$EEAVRECHESed e ROWST lignigRFprathdihess LFdee@ad e 3l ¢he
presence of high spectral energy at one frequenpy({i.e., t he maski ng
frequenéffec by BumaHnearthiss sqipase Qb P il thdeswert eflee gfrei gnal i f
the | ower energy signal has a frequency (i.e., the nmasked frequency) near
t hat 109¥fnche compesendfe mihtlsingidie bERd] ower energy signal at the nasked
frequency is called a masked signal. A masking thresh- old, which
represents either Audia rompmatian derkpeed g ride Zelldwinmgkethdiequency
in order to make it audible or (ii) an
ple of masking: in the presence of high spectral energy at
one frequency (i.e., the masking frequency), the human ear is
unable to perceive a lower energy signal if the lower energy
signal has a frequency (i.e., the masked frequency) near that
10 of the higher energy signal. The lower energy signal at the
masked frequency is called a masked signal. A masking thresh-
old, which represents either (i) the acoustic energy required
at the masked frequency in order to make it audible or (ii) an
energy change in the existing spectral value that would be
15 perceptible, can be dynamically computed for each band. The’
frequency components in a masked band can be represented in a
coarse fashion by using fewer bits based on this masking
threshold. That is, the masking thresholds and the amplitudes
of the frequency components in each band are coded with a
20 smaller number of bits that constitute the compressed audio.
Decompression reconstructs the original signal based on these
data.
It may be noted that the masking threshold depends

to some extent on the nature of the sound being masked. Tone-

-18 -



energy change in the existing spectral value that would be 15 percepti bl e,
can be dynam cally conputed for each band. The frequency conponents in a
masked ba e represented in a coarse fashion by usi its
Paceq on No arBt hg threshol d. That is. the masking threeha RefEb! D
anplitudes of the frequency conponents in each band are coded with a 20
smal | er nunber of bits that constitute the conpressed audio. Deconpression
reconstructs the original signal based on these data. It may be noted that
t he masking threshol d depends to sone extent on the nature of the sound
bei ng masked. Tone- -18 WD 01/ 78271 PCT/USOL/ 10790 1ike sounds, in which
only one, or a few, frequencies _are present in the acoustjc spectrum

pr esent 1&p8cSIMNAEs kilg WHHShIEHY OF& &% ehdevenddRAusTEdtSthereal i ng
with a broad- band acoustic signal. Thus, a signal, that. would be nmasked if
5 addedP¥B581padfalEoRCVEEET SHeGHEWe REWE tparidtafdiing f added to
a passage of nusic having the sane acoustic en-_ergy. A television_ audience
nmeasur eREAPLERSt ERRED a3ifowPti enopUgiheaer whedh Sadniplie YWifta asyataadi n whi ch
the present inven- 10 tion _may be used. The tel evision audi ence neasurenent
syst em Panfnarcgyesign sdgeeder Thusha &ddgradn &t wauld due maskad dgudi o

si%nal portion 14 of a broadcast programsignal. Alter-
added to a passage of speech, might be audible to a listener

if added to a passage of music having the same acoustic en-
ergy.
A television audience measurement system 10 shown in
Figure 1 is an example of a system in which the present inven-
10 tion may be used. The television audience measurement system
10 includes an encoder 12 that adds an ancillary code to an
audio signal portion 14 of a broadcast program signal. Alter-
natively, the encoder 12 may be provided, as is known in the
art, at some other location in the program signal distribution
15 chain. A transmitter 16 transmits the encoded audio signal
portion along with a video signal portion 18 of the program
signal.
When the encoded signal is received by a receiver 20
located at a statistically selected metering site 22, the
20 audio signal portion of the received program signal is pro-
cessed to recover the ancillary code, even though the presence
of that ancillary code is imperceptible to a listener when the
encoded audio signal portion is supplied to speakers 24 of the

receiver 20. To this end, a decoder 26 is connected either
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natively, the encoder 12 may be provided, as is known in the art, at sone
other location in the programsignal distribution 15 chain. A transmtter

16 transmylgsiiReencoded audio signal portion along wth gpideRem)hanal
portion 18 of the program signal. Wen the encoded signal 1s received by a

receiver 20 located at a statistically selected nmetering site 22, the 20
audi o signal portion of the received programsignal is pro- cessed to
recover the ancillary code, even though the presence of that ancillary
code is inperceptible to a |istener when the encoded audio signal portion
is supplied to speakers 24 of the receiver 20. To this end, a decoder 26
is connegted either -19 WO 01/78271 PCT/USQ1/ 10790 directly to an audio
out put 98r8¢hilVabPe 38t U O SUERYEr 280 2Rl ledle At idphdiReSien 22 P% n t he
vicinity of the speakers 24 _ through which the audio i s reproduced. The
recei veéoaé‘dfnéc@i?&@@{e SAnEacsk Hey the yisdmdinalcforthy efrepsrsedd 5 As
di sclosed in the 1397 application and in the 1425 application, audio

bl ocks RB¥oEghprhdehsthes amsiies isr raprad¥iced st ridemrrapied Aud 48 kHz
sanpling rate. The tine duration of such a block is 10.6 ns. Because two
bl ocks &renBdf fanehe efffherarimnaagaesmuredmet sdereq diadmatel ay of about 22
nms, which 10 woul d be perceptible to a viewer as a | oss of synchroni zation
between t he vi deoAsndisgdiosesi dmalthe T % @irdlissitigprsyarchrin the ‘425

application, audio blocks may comprise 512 samples of an audio
stream sampled at a 48 kHz sampling rate. The time duration
of such a block is 10.6 ms. Because two blocks are buffered,
this arrangement comprises a total delay of about 22 ms, which

10 would be perceptible to a viewer as a loss of synchronization
between the video and audio signals. To avoid losing synchro-
nization, a compensating delay is introduced into the video
signal. Because it is preferable to do without such compen-
sating delay, the encoder 12 implements encoding as repre-

15 sented by the flow chart of Figure 2 in order to avoid loss of
video/audio synchronization while at the same time avoiding
the use of a compensation delay circuit.

The encoding implemented by the encoder 12 reduces
the audio encoding delay to an imperceptible 5.3 milliseconds

20 by structuring a complete, or “long”, code block as a sequence
of overlapping short blocks that can be processed in a
pairwise fashion with correspondingly smaller buffers and that
are only ¥ as long as the blocks used in the ‘397 and ‘425

applications.

-20 -



ni zation, a conpensating delay is introduced into the video signal.
Because it is preferable to do wi thout such conpen- sating delay, the

encoder 1ggipkeents encoding as repre 15 sented by the fdcqyyhasdo of
Figure 2 in order to avoid | oss of video/audio synchronization while at

the sane tinme avoiding the use of a conpensation delay circuit. The
encodi ng i npl enented by the encoder 12 reduces the audio encoding delay to
an inperceptible 5.3 mlliseconds 20 by structuring a conplete, or "long",
code bl ock as a sequence of overlapping short blocks that can be processed
in a pairwise fashion with correspondingly smaller buffers and that are
only Mas long as the blocks used in the 1397 and 1425  applications. -20
WO 01/ 78271 PCT/ UBGERYSHIY & &1di gt SRel criortaiftd et ot 2ind t he 1425
application, a spectral analysis of a sanpled interval of the audio signal
that is2PeAdcalid@gh o Sshralblaead YoFiss of sarfiapiad corteetal of e
sanpling rate of 48 kHz yields frequency 5 "lines" separated from one

anot her aB{li93signgd. thatt Hesdomgpsiniaamtt dis farmhed dhibothooll 552 sSaet  of
five consecutive frequency |ines covering a nei ghborhood bandw dt h of

468. 75 Bzest gail Leicgsedniatthian sempd|igg edhisorall P dfHz neleolds aftedzemiy dth  of
t he audi o portion being encoded. A binary data bit, either 10 a "0 or "it,
i sSencodédneg”clsapginag eCorfafosr ailey dnptisostin@3 tHe Hz. In these

applications, a neighborhood is a set of five consecutive
frequency lines covering a neighborhood bandwidth of 468.75 Hz
that lies within a selected portion of the overall bandwidth
of the audio portion being encoded. A binary data bit, either
10 a ‘0" or 1%, is encoded by changing (preferably by boosting) the
amplitude of one of the frequencies in the neighborhood such
that it becomes a local extremum (i.e., a maximum in the
preferred case, although the local extremum could alterna-
tively a minimum). Another frequency in the same neighborhood
15 is changed in the alternate sense (i.e., preferably attenu-
ated) in order to maintain the overall energy within the band
at a constant level, a practice that is referred to herein as
“energy exchange encoding”. It has been found that the 468.75
Hz neighborhood bandwidth required for a code block is great
20 enough that codes may be subject to interference effects when
two frequencies in a single neighborhood undergo different
amounts of change.
In a preferred system of the present invention, a

much longer “long block” sampling interval (8192 samples taken
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anplitude of one of the frequencies in the nei ghborhood such that it
becones a local extremum (i.e., a maximumin the preferred case, although

t he Iocal“gﬁhﬁggyn1could alterna- tively a mninmumnm. AnotherddoggeRpcy in
t he sane nei ghborhood 15 is changed in the alternate sense (i.e.,

preferably attenu- ated) in order to maintain the overall energy within the
band at a constant level, a practice that is referred to herein as
"energy exchange encoding". It has been found that the 468.75 Hz
nei ghbor hood bandwi dth required for a code block is great 20 enough t hat
codes may be subject to interference effects when two frequencies in a
si ngl e nei ghbor hood undergo different anounts of change. In a preferred
system Gt £8e Khizdsdm Y nt iBH.S dlONERIN FBRRISIY | THeL DI DE Kre Tt | He
interval (8192 sanples taken -21 WO 01/78271 PCT/US01/10790 at 48 kHz) is
used. THPRQiggydetyaes iSRpatnadr vaingedie ds- §hdiz spAs i betheetespect ral
lines to 5.85 Hz. As will be de- scribed in greater detail hereinafter,
this preéfadbed sysommpatay edad dmrepnaietiandditoderdieried ss¥seguency
nei ghbor hood 5 cont ai ni ng ei ght adjacent frequency indices. Thus, this
f r equeneyrifeisy leyo ensuy vi-epdhaagen dedwrlvikid himfa | SBissqudrey 5o idhbonimed
sel ection of sanpling rate, nunber of sanples in a sanpling interval, and
nudber conftedaqiag eiighti cekjdaent naieghieriey hiooit deads Thus, veris snal |
frequency difference in a neigh
frequency neighborhood requires a bandwidth of less than 50
Hz. This selection of sampling rate, number of samples in a
sampling interval, and number of frequency indices in a neigh-
borhood leads to a very small frequency difference in a neigh-
10 borhood and thereby offers an interference-resistant code
having a high degree of invulnerability to narrow-band inter-

ference effects.

ENCODING BY SPECTRAL MODULATION
At a step 40 of the encoding implemented by the
15 encoder 12 and shown in Figure 2, an In Buffer having 256
memory locations is initialized by setting all of its memory
locations to zero. Also, an Out Buffer having 128 memory
locations is initialized by setting all of its memory loca-
tions to zero. Moreover, a sub-block counter and a long-block
20 counter are both set to zero. At a step 41, data is shifted
from the second half of the In Buffer to its first half, and
data is copied from the second half of a Temporary Buffer to

the first half of the Out Buffer.
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10 borhood and thereby offers an interference-resistant code having a high
degree of invulnerability to narrowband inter- ference effects. ENCODI NG
BY SPECTR@g JYHRAULATI ON At a step 40 of the encoding i npl erit@RdiRyohhe 15
encoder 12 and shown in Figure 2, an In Buffer having 256 nenory |ocations
is initialized by setting all of its nenory |ocations to zero. Al so, an
Qut Buffer having 128 nenory locations is initialized by setting all of
its menory |l oca- tions to zero. Moreover, a sub-block counter and a

| ong- bl ock 20 counter are both set to zero. At a step 41, data is shifted
fromthe second half of the In Buffer to its first half, and data is
copied fromthe second half of a Tenporary Buffer to the first half of the
out Buffer. -22 WA SHRFS2 PLOSETASSCPREFAITRL IR 2 TGk 4% Rodadidt®d at
a step 42 by reading 128 sanples of new data fromthe audjo signal portion
14 i nt 0128h&258d6Rd Farrwollatve fremittee PUNIC 1P IBIfDI MR tigs e 4 dgtfew
sanples with the |ast 128 sanples of a previous block stored 5 in the first
hal f of thige seroBdf herd faofa thes Jint By fiee witigh Aombinesytdases dr2& mevencoder
12 to enbed_a digital code in an audio data streamin a manner conpatible
Wi th coRpredsisoiltheisolla@f UAPe sod®s o2 as e pre el whexe

frequencies and critical bands that match those used in conpression. The
5 in the first half of the In Buffer as a result of the step 41.

In order for the encoder 12 to embed a digital code in an
audio data stream in a manner compatible with compression
technology, the encoder 12 should preferably use frequencies
and critical bands that match those used in compression. The

10 short block length Ng of the audio signal that is used for
coding may be chosen such that, for example, Ng = N;/j, where j
is an integer, and where N; is the length in samples of a long
block. A suitable value for Ng is 256, for example, and a
suitable value for N; is 8192, for example. The short block

15 itself is constructed from the last 128 samples of a previous
block and the 128 samples of new data read at the step 42 of
Figure 2. The samples may be derived from the audio signal
portion 14 by the encoder 12 such as by use of an analog to
digital converter.

20 The amplitude of the audio signal within a short
block may be represented by the time-domain function v(n),
where n is the sample index. The time-domain function v(n) is

converted to a time value by multiplication by the sample
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10 short block Iength NS of the audio signal that is used for coding may
be chosen such that, for exanple, NS = Nl/j, where j is an integer, and
where N1 {\@ ¢i82hength in sanples of a long block. A suitglygyahdg for NS
is 256, for exanple, and a suitable value for Nl is 8192, for exanple. The
short block 15 itself is constructed fromthe |ast 128 sanples of a
previous block and the 128 sanples of new data read at the step 42 of
Figure 2. The sanples nay be derived fromthe audio signal portion 14 by

t he encoder 12 such as by use of an analog to digital converter. 20 The
anplitude of the audio signal within a short block may be represented by
the tinme-domain function v(n), where n is_the sanple index. The

ti me- doABERTVaRcBEoR PERP S -cofferted €a%h @ neringdare BiRehAM pldtati on by
the sample -23 WD 01/78271 PCT/USQ1/ 10790 interval at a step 43. To this
end, a SREABSH PGREFFSRT ite tdef ifedd adasr Aigvpti®nihe fol | owi ng equation: 1
- cos( Wn) w(n) =2 s (1) and is applied to v(n) at the step 43 by
multiplication to 5 obtain a wi ndowed signal v(n)w(n) which is stored in
the Tenporary Buffer. At a step 44, a D screte Fourier Transform F (u) of
v (n) w(n) , where uis a frequency |nd%5ﬁ ﬂy)conputed This Discrete

Fourier Transform can be perforned using t
w(n) = > (1)

and is applied to v(n) at the step 43 by multiplication to

5 obtain a windowed signal v(n)w(n) which is stored in the
Temporary Buffer. At a step 44, a Discrete Fourier Transform
F(u) of v(n)w(n), where u is a frequency index, is computed.
This Discrete Fourier Transform can be performed using the
well-known Fast Fourier Transform (FFT) algorithm.

10 The frequencies resulting from the Fourier Transform
are indexed in the range -127 to +127, where an index of 127
corresponds to exactly half the sampling frequency £g;. There-
fore, for a forty-eight kHz sampling frequency, the highest
index would correspond to a frequency of twenty-four kHz.

15 Accordingly, for purposes of this indexing, the index closest
to a particular frequency component f£;, where frequency is
measured in kHz, resulting from the Fourier Transform is given

by the following equation:

J (2)
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wel | - known
resulting f

Fast Fourier Transform (FFT) algorithm 10 The frequencies
romthe Fourier Transform are indexed in the range -127 to

+127, whe{® @mgifpdex of 127 corresponds to exactly half thg s@iRoh9
frequency fs. There- fore, for a forty-eight kHz sanpling frequency, the

hi ghest index would correspond to a frequency of twenty-four kHz. 15

Accordi ngly

, for purposes of this indexing, the index closest to a

particul ar frequency conponent fj, where frequency is neasured in kHz,

resulting f

romthe Fourier Transformis given by the follow ng equation:

128f. (2) 24 ~ -24 WD 01/78271 PCT/USOL/ 10790 where equation (2) is used
in the follow ng discussion to relate a frequency f%ﬁ;(a its corresponding
short-bW@@%eiﬁﬂ@%t¥Pﬁ-A§)ndﬁédﬁ§ﬁb¢éEﬁh@tﬁﬂiiﬂ%ﬁ%&r TR IR P angenent

sequenti al

i ndi ces calculated for a short block are separated 5 from each

ot her byeadafeeguérepuemctsE 5tz 1teocoaspsmensgng, shoytcéisidkerdings®a | ong

bl ock made
are prodess
bl ock i ndex

up of 64 sub-blocks of 128 sanples each (where the sub-bl ocks
&8¢ neted edovusaviiny tiBs meefneeyd wwdiamarwngenenting the | ong
J to a high resolution spectral frequency fJ in kHz is given

sequential indices calculated for a short block are separated

5 from each other by a frequency of 187.5 Hz. Correspondingly,

in considering a long block made up of 64 sub-blocks of 128

samples each (where the sub-blocks are processed in pairs

having 256 samples), an equation relating the long block index

J to a high resolution spectral frequency f; in kHz is given

10 by the following:

4096
J = s (3)
24

From equations (2) and (3), it is clear that J = 327 for

frequencies which are common to both the high (long block) and

low

15

(short block) resolution spectra.

In the preferred high resolution encoding arrange-

ment of the present invention, five frequency bands are se-

lected for use in a “voting” arrangement to be discussed in

greater detail hereinafter. For each of the selected fre-

quency bands, a high resolution neighborhood of eight long

Jg + 2, Jg + 3 is defined about a central short block index jg
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10 by the followng: J 4096fJ = (3) 24 Fromequations (2) and (3), it is
clear that J = 32] for frequencies which are common to both the high (long
bl ock) angg J19Mafshort bl ock) resolution spectra. 15 In tm%¢%§ﬁﬁ§@@d hi gh
resol uti on encodi ng arrange- nent of the present invention, tive frequency
bands are se- lected for use in a "voting" arrangenent to be discussed in
greater detail hereinafter. For each of the selected fre-' quency bands, a
hi gh resol uti on nei ghborhood of eight long 20 block indices JL = JS - 4, Js
-3, Js-2,3JS-1, JS JS+1, JS+ 2, JS+ 3 is defined about a centra
short block index js -25 WD 01/78271 PCT/USOL/ 10790 wth JS = 32js. In
one such enpbodi nent, the selected frequen- cies and indices _are shown in
the fol Fékngst abPeds Banth | Pige %Pﬁ%lﬁte‘%P%@km@éFu EBagseleckedehre®BRy Bl ock
Range tral index tral Index Q 7 224 220-227 _ (1287 Hz-1328 Hz) 5 1 11 352
348- 355C{ 2§35 A 1 pdiTery prep siowagd iy thedpllowing table:

Band Index{Short Block Cen- |Long Block Cen- [Long Block Range
tral index tral Index

0 7 224 220-227
(1287 Hz-1328 Hz)

5 1 11 352 348-355
(2035 Hz-2077 Hz)

2 15 480 476-483
(2785 Hz-2826 Hz)

3 19 608 604-611
(3533 Hz-3574 Hz)

4 23 736 732-739
(4282 Hz-4323 Hz)

It may be noted that each long block in the arrange-
10 ment shown in the above exemplary table is set up to define
neighborhoods having éight long block indices. It will be
recognized that different numbers of indices could be used.
Adding indices has the effect of increasing the numerical
range that can be accommodated in a single block, but it also

15 has the effect of increasing the frequency span of a block,
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(2785 Hz-2826 Hz) 3 19 608 604-611 (3533 Hz-3574 Hz) 4 23 736 732-739
(4282 Hz-4323 Hz) It may be noted that each long block in the arrange- 10
ment showyd g, kg above exenplary table is set up to definggoghpRephoods
havi ng ei ght (ong block indices. It will be recognized that different
nunbers of indices could be used. Adding indices has the effect of

I ncreasing the nunerical range that can be acconmpdated in a single block,
but it also 15 has the effect of increasing the frequency span of a bl ock,
-26 WO 01/78271 PCT/US01/ 10790 thereby rendering the code nore susceptible
tointerference effects. Let it be assuned that a |long block L consists of
8192 sanpl es. nade up of 64_sub-bl ocks, with each _sub-block 5 having 128
new sa nﬁ%ebx ??;Gd§§ﬁ=ﬁ9e thgocods FOKS SussRRSihla &@ firdmufdranss
sub- bl ocks by the use of the window function of equation (l)-. Thus, L
consi st §£68ChSsequence of sixty four overlapped short blocks, each of

whi ch has 256 sanples. These short bl ocks _may conveniently by I ndexed as

10 Si, where the 5Rérfthbeclsistmed ithednged omgomledko 16 onsifdskiafy

anaIyS|s of the sort conventionally used
8192 samples made up of 64 sub-blocks, with each sub-block

5 having 128 new samples. A 256-sample short block is con-
structed from adjacent sub-blocks by the use of the window
function of equation (1)-. Thus, L consists of a sequence of
sixty four overlapped short blocks, each of which has 256
samples. These short blocks may conveniently by indexed as

10 S;, where the short block index 1 ranges from 0 to 63.

A masking analysis of the sort conventionally used
in compression algorithms is preferably applied at the step 44
to the short blocks in order to determine the maximum change
in energy Ep or in the masking energy level that can occur at

15 any critical frequency band without making the modulation
perceptible to a listener. These critical frequency bands,
determined by experimental studies carried out on human audi-
tory perception, may vary in width from single frequency bands
at the low end of the spectrum to bands containing ten or more

20 adjacent frequencies at the upper end of the audible spectrum.
In the psycho-acoustic modeling scheme used in the MPEG-AAC
audio compression standard ISO/IEC 13818-7:1997, for example,
critical band eighteen includes two frequencies with indexes

19 and 20 of a short audio block. The acoustic energy in each
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in conpression algorithns is preferably applied at the step 44 to the
short blocks in order to determ ne the maxi mum change in energy Eb or in

the maskiwg ARRsQY | evel that can occur at 15 any criticalpdpy@@ygiey band
wi t hout making the nodul ation perceptible to a |listener. These critical

frequency bands, determ ned by experinental studies carried out on hunman
audi - tory perception, may vary in width fromsingle frequency bands at
the low end of the spectrumto bands containing ten or nore 20 adj acent
frequenci es at the upper end of the audible spectrum 1In the
psycho-acousti c nDdeIing schenme used in the MPEG AAC audi o conpression
standard 1.SQ | EC 13818-7: 1997, for exanple, «critical_ band ei ghteen

i ncl ude§rﬂ%%&é€ﬁcl@§mqwq%@?e§“asi@-%&%% f sHo? t Rt RIRPHT ock.
The acoustic energy in each -27 MO 01/ 78271 PCI/USOL/ 10790 critical band
i nf | uenBeForREMEs Koy compging Ghes meskgirbraf feq @ire tdmecrred olput i ng

the maski ng effect are described in the standards docunent such as |SO | EC
13818- 7thgoptapHages seogupess mrthasusEPAEG ei3d 8 ne: ¥977 eachhesgli o bl ock
the 5 masking contribution due to "tonality"” as well as "noise" like
feat ur ednaflyske 3ayi dsspeed hn dRfenwime ifor i9rddx awhutlelockhythdese
%orlthns at the step 44 provides a useful tool for determ ning
cuns Nas&Ednoueeat nifiuth-ca e ok ar@l idnddwse welidi % e retgeltiat ilom when
encoded. The analysis can also be 10 used to determ ne, on a per critical
band bafesturks afpltihcuderdio spectrum. The tonality index computed
by these algorithms at the step 44 provides a useful tool for
determining circumstances under which a sub-block may produce .
audible degradation when encoded. The analysis can also be
10 used to determine, on a per critical band basis, the amplitude
of a time domain code signal that can be added without produc-
ing any noticeable audio degradation. Thus, for a short block
frequency index j, belonging to a critical band with masking

energy E;, the maximum amplitude of a code signal is given by

15 the following equation:

M, = 128\/75; (4)

where 128 is a factor required to convert from a spectral
domain to the time domain.
A preferred code waveform.is constructed using long
20 block indices that are very near to the central index of the
corresponding short block for a selected band. For example,

if a sub-block S, with a sub-block index m and a coding band b
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of a time donmain code signal that can be added w thout produc- ing any

noti ceabl e audi o degradation. Thus, for a short block frequency index j,
bel ongi ngwlg sl tical band with masking energy E, the ggprqidpdmAgp!itude
of a code signal is given by 15 the follow ng equation: M= 128 E (4)
where 128 is a factor required to convert froma spectral domain to the
time domain. A preferred code waveformis constructed using long 20 block
indices that are very near to the central index of the corresponding short
bl ock for a selected band. For exanple, if a sub-block Smw th a sub-bl ock
i ndex mand a coding band b -28 WO 01/78271 PCT/US01/ 10790 is consi dered,
and if a spectral frequency having a |l ong block 1index of ib is enhanced,
an appr 8§ CPE 1668 avetbrin i |9PeHa Rl 25 SRR e sIaiE R chPRd - Hedbt ed
as Cb(p), where the_ index p runs fromO to 255. In a preferred _enbodi ment,
each 5 éfCefesf JpoirfoRBRALCES sl PP OPE iBdg Swdeheavaianmngdilp:  Co(p)
= AbCOS(4)m+ 2 ]J p + kbAbCOS(n + + 2-njbp (5) 8192 256 where Ab is a
noni nal Ge 2&¢plsiampded eveliclyran ke demgebed s theld)onghsitsc k¥ equency
space, ib is the central index of the corresponding short block, cpmis

gi ven byndex foltuew dfgrayuh-tad®35 on:In a preferred embodiment, each

5 of these components is selected to follow the relationship:

27j,p
256

C,(p) = A,cos(¢p,, + 2_“‘_]_1,3) + kdcos(n + ¢, + ) (5)
8192 J
where A, is a nominal code amplitude level, J, is an index in
the long block frequency space, j, is the central index of the
corresponding short block, ¢, is given by the following equa-
10 tion:
21LIbm12é
= 810 (6)
$n is the starting phase angle for sub-block m, and ¢; is the
phase angle of the short block frequency index j,, obtained
from the Fourier Transform analysis. The quantity ¢, ensures
15 that the code component having a frequency index of J, is in
phase in all 64 blocks constituting the long block. It may be
noted that, in order to simplify the representation, a multi-
plication of the code signal with a window function (not

shown) may be implemented.
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21cJbm28 4m 8192 (6) (~mis the starting phase angle for sub-block m
and g is the phase angle of the short block frequency index ib obtained
fromthe {RMIRs71Transform anal ysis. The quantity Pm ensurgsdfhihdh the
code conponent having a frequency index of ibis in phase in all 64 blocks
constituting the long block. It may be noted that, in order to sinplify
the representation, a nulti- plication of the code signal with a w ndow
function (not shown) nay be inplenmented. -29 WO 01/ 78271 PCT/ USOL/ 10790

The above choice for a code waveform provi des an energy exchange codi ng
feature. For a given large block index Jb, the first cosine termin
equation (5) represents an added energy. The correspondi ng short bl ock
index jb term bedhEs&PoVEr dhwd cehdfe 3 FPIRasRVETRE Frravidesyity acts a
conpensating anmount of energy with the assunption that the spectral energy
at | b r eprES¥ne¥chRadsy collinedesdprien t Ao iy Baidugakdodkhdngrss al |
of the high resolution coding frequencies in the band. 10 It should be
noted tHat ehehfhrgh ressdhat Eenmf ig- equahépncdhporepressntly as ggded

i nfl uences not only the spectral anplitude at jb but also its neighbors.
The nosensirgwi-fi st commesmonds ngn sthiesti dmesdikatiadest ghbsegm, bbecaused jb +
1. The

5 of the change in phase angle of 11, subtracts a compensating
amount of energy with the assumption that the spectral energy
at jp represents the overall energy in the coding band b and
includes all of the high resolution coding frequencies in the
band.

10 It should be noted that each high resolution fre-
quency component, such as J,, influences not only the spectral
amplitude at Jj, but also its neighbors. The most significant
impact is on the immediate neighbors j, - 1 and j, + 1. The
constant ky with a value in the range 0 to 0.8 is used to

15 control the extent to which a single index j, compensates for
the code signal.

The window function applied at the step 43 causes
further interaction among the short block frequency indexes.
Because the high resolution frequencies are close to each

20 other, these amplitude changes are not perceptible. Because
of the encoding operation, the desired long block frequency
with index J, is enhanced relative to its neighbors in band.

For example, if a long block index of 223 is selected, where

the corresponding short block central index is seven, and the
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constant kb with a value in the range O to 0.8 is used to 15 control the
extent to which a single index jb conpensates for the code signal. The

wi ndow f uiefdiPgAPPl i ed at the step 43 causes further intghagdiReregmong
the short bl ock frequency indexes. Because the high resolution frequencies

are close to each 20 other, these anplitude changes are not perceptible.
Because of the encodi ng operation, the desired |ong bl ock frequency wth
i ndex Jb is enhanced relative to its neighbors in band. For exanple, if a
| ong bl ock index of 223 is selected, where the corresponding short bl ock
central index is seven, and the -30 WD 01/ 78271 PCT/USCOL/ 10790 code energy
for all 64 blocks is calculated, a_conponent with frequency index 223 has

a hi gheFC8Re PGBV EPT: Rdr ©ffe LFOFES dishdiadedrliatade nGYMIBIETo I itom 220
to 227. The nom nal code anplitude |evel Ab is chosen such 5 that it is the
| onest EEGESNSAt 1peem 22 3shecesshilghen rnansh leofek Herantdwiat-hasde
during decoding. For nost sub-blocks, the nom nal code anplitude |evel Ab
i s expeénddces bBa wile nejoahdbpriieed Fmass PRty 3R%ki ng anplitude | evel M.
However, in cases where M is not greater than Ab, M replaces Ab in 10
equation (5). In Fhef aomégadnisodieramps idfudehe esrgslodign g ss ypeiosenofsuchhe
present invention, signal analyzers or signal analyzing
5 that it is the lowest value that permits successful extraction
of the embedded code during decoding. For most sub-blocks,
the nominal code amplitude level A, is expected to be well
below the corresponding masking amplitude level Mj. However,
in cases where My is not greater than A, M, replaces A, in
10 equation (5).
In preferred embodiments of the encoding system of
the present invention, signal analyzers or signal analyzing
algorithms are used to examine each encodable neighborhood of
each short block to see if the signal being encoded has a
15 tone-like character within that neighborhood. The tonality
index calculated at the step 44 by the masking algorithm
described in ISO/IEC 13818-7:1997, for example, provides such
a measure. A purely tonal audio block is expected to have a
tonality index of 1.0, whereas a “noise-like” block has a
20 tonality index close to 0. If the tonality index for the
bands used in coding has a value exceeding a tonal threshold,
the encoding operation is suspended for that sub-block. (See

the discussion below regarding step 46.) It is noted that,

even 1f several sub-blocks are tonal, coded data can still be
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algorithns are used to exam ne each encodabl e nei ghborhood of each short
block to see if the signal being encoded has a 15 tone-|ike character

Wi t hin truvb(ﬂﬁ%gﬂborhood. The tonality index calculated gc-f®i154Rp 44 by
t he masking algorithm described in I SO IEC 13818-7:1997, for exanple,

provi des such a neasure. A purely tonal audio block is expected to have a
tonality index of 1.0, whereas a "noise-like" block has a 20 tonality index
close to 0. If the tonality index for the bands used in coding has a val ue
exceeding a tonal threshold, the encoding operation is suspended for that
sub-bl ock. (See the discussion below regarding step 46.) It is noted that,
even if several sub-blocks are tonal, coded data can still be -31 WD
01/ 7827 FUPCTRESHLA YD 784 T LEYECe LEHARUSE g e\aif thk iR Hetles ake srch
sub-bl ocks in_each long block. It is the spectrumof the |ong bl ock that
i s analppgdbd@ckng décdd fdle Apadiam of ditvdiong dhrerlgeredt o9 the
invention 5 uses a redundant transmni ssion schene to nake the system nore
r obust . apglae@gicc deaing desadhsicee shown above, five different frequency
bands are defined in the exenplary system The coding arrangenent
di scl osed above wés pdeferivsst amadeimgs ganangemnaril yobrichefintesktidands.
That is, the five bands are 10 essentially independent of each other so
that a veds symedundeart Beragemisgianulsdhpee fandsalet Eny gyseemtnoresin t he
inter- -
robust. As depicted in the table shown above, five different
frequency bands are defined in the exemplary system. The
coding arrangement disclosed above was described with respect
to only one of these bands. That is, the five bands are
10 essentially independent of each other so that a code symbol
can be sent in multiple bands at any given time in the inter-
est of providing redundant transmission.
One of the advantages of the encoding method de-
scribed above is that the processing uses only 256 samples at
15 each stage, of which 128 are new samples and 128 are carried
over from the prior processing step. Thus, at a selected
sampling rate of 48 kHz, the total buffer capacity required to
hold the samples in a “double buffer” is 256 and the corre-
sponding time duration is 256/48000 = 5.3 milliseconds. As is
20 known to those sgkilled in the arts of perceptual psychology, a
loss of synchronization of less than about 10 msec between two
portions (e.g., left and right stereo channel) of a composite

audio signal or between an audio and a video portion of a

composite television signal is not perceptible. Thus, the
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est of providing redundant transm ssion. One of the advantages of the
encodi ng net hod de- scribed above is that the processing uses only 256
sanpl es afyg gyPspach stage, of which 128 are new sanples a%Tlﬁ?&%lﬁéﬁoca”i ed
over fromthe prior processing step. Thus, at a selected sanpling rate of
48 kHz, the total buffer capacity required to hold the sanples in a
"doubl e buffer” is 256 and the corre- sponding tinme duration is 256/48000 =

5.3 milliseconds. As is 20 known to those skilled in the arts of perceptual
psychol ogy, a |oss of synchronization of |ess than about 10 nsec between
two portions (e.g., left and right stereo channel) of a conposite audio

signal or between an audi o and a video portion of_a conposite television
si gnal PBECREENFefetHOhIE theuPraseat IvaRs ol AeesL IS/ 790
encodi ng net hod of the present invention does not require introducing a
conpensafitFgiYeray ien Carmamertiard idmlad ithenahfiaPoiyan wedHor
tel evi si on audi ence research purposes, the present system has the
advant agd9naat | #hean e dfoF Fadiahidtion ay R ZRFFRPUIRUERIRESH 4 hout
disturbing the viewer with a perceptible |oss of synchronization. In order
to desi §heappegenic sy séedodiary Wehadvanttage sshadsarit ican the dwad op a
synchroni zation nethod that will allow the decoding systemto determne
thé st amitdpus mRewiteorsssiage ciaruis aindwiddmut Misgtsodethaddsagi ng
systens, a
viewer with a perceptible loss of synchronization.
In order to design a practical encoding scheme, it
is essential to develop a synchronization method that will
allow the decoding system to determine the start of a new
10 message. As is often done in encoded messaging systems, a
preferred system of the invention defines a synchronization
block having a unique structure that differentiates it from
other encoded blocks. At a step 45, therefore, a synchroniza-
tion block consisting of 8192 samples is selected when the
15 long block counter has a count of zero such that the synchro-
nization block has the following characteristics: in Band O,
index 220, which is the first frequency line in that neighbor-
hood, is enhanced; in Band 1, the second frequency line,
index 349, is enhanced; in Band 2, the third frequency line,
20 index 478, is enhanced; in Band 3, the fourth frequency line,
index 607, is enhanced; and, in Band 4, the fifth frequency
line, index 736, is enhanced. When the decoder analyzes a

long block by comparing each enhanced frequency index with the

respective index selected for enhancement in a synchronization
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preferred systemof the invention defines a synchronization block having a
uni que structure that differentiates it from other encoded bl ocks. At a
step 45, Hkenekene, a synchroniza- tion block consisting ¢fcrR41630mP! es is
sel ected when the 15 | ong bl ock counter has a count of zero such that the
synchro- nization block has the follow ng characteristics: in Band O,

i ndex 220, which is the first frequency line in that neighbor- hood, is

enhanced; in Band 1, the second frequency line, index 349, is enhanced; in
Band 2, the third frequency line, 20 index 478, is enhanced; in Band 3, the
fourth frequency line, index 607, is enhanced; and, in Band 4, the fifth

frequenc |ine, index 736, is enhanced. \Wen the decqoder_analyzes a |ong

bl ock by{@gﬂfpaﬂdnéi@é@h SeMRded ¥ rdquERSF ithise ik HFiheEFesde@i ve i ndex

sel ected for enhancenent in a synchronization -33 WO 01/78271
PCT/ USO SMEDPY0 bapdsek taed sistRs derfennas fhateBPtrndciat smeiie fre-
quency bands, the system determ nes that a potential synchro- nization

bl ock h&dze&dpnd bleckerasamearmdaiaaiies t Fad diFemunis the 1 lihg a
synchroni zation block as the actual nessage 5 data. As noted above, in

di scussagckive figildons nge e @verrhrauyi Zat iore dplaly &y dthenagiiashagedage he
above table, each I|ong block conprises a set of eight indices that can be
modu- | deéd-to forma code. In a television audi ence neasurenent

As noted above, in discussing the blocks selected
for an exemplary system and shown in the above table, each
long block comprises a set of eight indices that can be modu-
lated to form a code. In a television audience measurement

10 application of interest to the inventor, a complete encoded
message may comprise forty-eight bits consisting of a sixteen
bit Station Identifier (SID) and a thirty-two bit time stamp
(TS). To match this message to the selected set of indices,
the forty-eight bits of data may be grouped into sixteen

15 three-bit sets. The decimal value of each of these three-bit
sets can range from zero to seven so that each of the three-
bit sets can be encoded by using the selected long blocks. 1In
one preferred arrangement, the system encodes a value of k
(where k is in the range of zero to seven) by modulating the

20 k*® available index. 1In this arrangement, for example, to send
a code group having a value = five, the 6™ index in each band
(i.e., indices 225, 353, 481, 609, and 737) is selected at the
step 45 for enhancement. In this embodiment, a forty-eight

bit data packet can be transmitted as one long synchronization
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10 application of interest to the inventor, a conplete encoded nessage may
conprise forty-eight bits consisting of a sixteen bit Station ldentifier

(SID) andyg giiMesty-two bit tine stanp (TS). To match thi $ABSERISH0 t he
sel ected set of indices, the forty-eight bits of data may be grouped into

si xteen 15 three-bit sets. The deci mal value of each of these three-bit
sets can range fromzero to seven so that each of the three- bit sets can
be encoded by using the selected | ong blocks. In one preferred
arrangenent, the system encodes a value of k (where k is in the range of
zero to seven) by nodul ating the 20 kth avail able index. In this
arrangepent, for_exanple, to send_. a code group haV|]§ a value = five
6th i nd@kork éa&%owéﬁde(.Slétte%&O@& dpgm bimgkspg) Fagpdohe rhoises o% |
selected at the step 45 for enhancenent. In this enbodi nent, a forty-eight
bit dat §oP§ckeéPckanape FrERIIIC: dFesiiensy IGome lomechrdmvan i tndidE wo
01/ 78271 PCT/USOL/ 10790 bl ock foll owed by sixteen |ong data bl ocks. For
t he chofFBES6f SeYEBE eBRo R Iamd- oSkt Maey ifiesy Reidy s ed Bbsve, sending
these seventeen |ong bl ocks requires 2.89 seconds. This arrangenment
provi degryappenenyi provddesn of cdwaghdigpicintaminz £1®m tdie Bhowhrawizar has a
different index enhanced in each band. More generally speaking, each of a
pl aral i £§onf blpeksi bhdchodesbiat sifdsremti ndelexp sremrashi quedachasend at ed
with it, and decoding a bit conprises conparing each of plu-

More generally speaking, each of a plurality of

possible code bits has an index pattern uniquely associated
with it, and decoding a bit comprises comparing each of plu-
rality of enhanced indices with ones of the index patterns to

10 determine if a majority of the enhanced indices match with one
of the predetermined patterns. The exemplary embodiment
recited above is both conceptually straightforward and robust,
but may lead to an audible beat phenomenon because each code
frequency is separated from its central short block frequency

15 by the same value in all the coding bands. In the case of a
code bit of value five, this constant difference frequency is
5.85 Hz, which corresponds to an index difference of one. 1In
another preferred embodiment, this problem is overcome at the
step 45 by choosing as the index pattern a pre-determined

20 pseudo-random combination of frequency indexes for each band.
Thus, for example, a value of five could be coded by using the
following frequency indexes in the five bands: 225, 355, 476,
607, and 737. The beat phenomenon is substantially decreased

by this change.
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rality of enhanced indices with ones of the index patterns to 10 determ ne
if a mjority of the enhanced indices match with one of the predeterm ned
patterns. whgh\a,R¥s"pl ary enbodi ment recited above is both &gneRphsaL! Y
straightforward and robust, but may |lead to an audi bl e beat phenonenon
because each code frequency is separated fromits central short bl ock
frequency 15 by the sanme value in all the coding bands. In the case of a
code bit of value five, this constant difference frequency is 5.85 Hz,

whi ch corresponds to an index difference of one. In another preferred
enbodi ment, this problemis overcone at the step 45 by choosing as the

i ndex pattern a pre-determ ned 20 pseudo-random conbi nati on of frequency

i ndexes for each B&i® armangeussit o&hmnnding witisate 43t chul e @bded
by using the follow ng frequency indexes in the five bands; 225, 355, 476,
607, andivsrbamde Béathshérdirertdma £idmbsiadn ity e reagetng BA IR s
change. -35 WD 01/78271 PCT/US01/10790 This arrangenent of sending the
sane datathpseddépcapsad alsaifds Ahathdssamng gan feekedikela vaskinkhe maski ng
al go- rithns discussed above. That is, one can select a nmasking algorithm
t hat sugperditbadthgt susiRenss mading ithetrams NS et tthe ordsnues to
encode in the other ones of the bands. Once the frequencies have been
selPect ebust thhs spopin®s tiwe agiqmid iat thesthHerqrereiet tke drrdeed at
the step 46
Once the frequencies have been selected at the step
45, the signal at these frequencies is enhanced at the step 46
assuming that the masking level and the tonality as indicated
by the tonality index are acceptable. The samples v(n)w(n)
10 stored in the Temporary Buffer are modified according to
equations (5) and (6) and, at a step 47, the code signal is
added to the Temporary Buffer. At a step 48, the first half
of the Temporary Buffer is added to the Out Buffer, and the
128 samples in the Out Buffer are passed to the transmitter 16
15 as encoded data.
At a step 49, the sub-block counter is incremented
by one and, if the sub-block counter is equal to 64, the long
block counter is incremented by one. No other sub-blocks are
encoded until the long block counter is incremented. When the
20 long block counter is equal to 17, then a complete code mes-
sage (a synchronization block and sixteen data blocks) has
been passed to the transmitter 16 and the long block counter

is reset to zero to begin encoding a new message. If the sub-

block counter is not equal to 64, or after the long block
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assum ng that the masking level and the tonality as indicated by the
tonality index are acceptable. The sanples v(n)w(n) 10 stored in the

Tenpor ar yywfiiRs7,are nodified according to equations (5) gfudo@hoRpd, at
"a step 47, the code signal is added to the Tenporary Buffer. At a step

48, the first half of the Tenporary Buffer is added to the Qut Buffer, and
the 128 sanples in the Qut Buffer are passed to the transmtter 16 15 as
encoded data. At a step 49, the sub-block counter is increnented by one
and, if the sub-block counter is equal to 64, the long block counter is
incremented by one. No other sub-blocks are encoded until the |ong bl ock
counter is increnented. When the 20 | ong block counter is equal to 17, then
a conpl EPENEEHe hass Pesaye s ts it MEGIN 2 BESH 3R delevare izt di? ddi®a bl ocks)
has been passed to the transmtter 16 and the |long block counter is reset
to zeroPfeckediln encoding a new nessage. If the sub- block counter is not
equal to 64, or after the long block -36 WD 01/78271 PCT/ USOL/ 10790
counter has been reset to zero, programflow returns to the block 41.
DECODI NG THE SPECTRALLY MODULATED SI GNAL A preferred system provi des an
audi o si gnal acqui HECEINGNI'EE r2rREL At MADYRREERN | A§CGNBbat i on. Thi s
| ocation, for exanple, nay be within the statistically selected netering
A preferred system provides an audio signal acquisi-

5 tion arrangement at a receiving location. This location, for
example, may be within the statistically selected metering
site 22. In some instances, the embedded digital code can be
recovered from the audio signal available at the audio output
28 of the receiver 20. When such an output is available, it

10 provides a relatively high gquality signal source. However,
many receivers 20 do not have the audio output 28, which
constrains the audience research system operator to acquire an
analog audio signal with the microphone 30 placed in the
vicinity of the speakers 24. Because audience measurement

15 systems generally have a goal of minimizing the intrusion that
they make into the measured television viewing environment,
the microphone 30 is preferably placed behind the receiver 20,
where the quality of the signal it acquires is degraded from
what would be found if the microphone 30 were placed in front

20 of the receiver 20. This signal degradation has led to the
failure of many prior art systems that attempted to read a
buried code from an audio signal picked up with a microphone.

However, the redundancy obtained by encoding five frequency
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site 22. In sone instances, the enbedded digital code can be recovered
fromthe audio signal available at the audio output 28 of the receiver 20.

Wien suchy@yy@diRput is available, it 10 provides a relatiwghmgﬁﬁg@mguality
signal source. However, nany receivers 20 do not have the audi o out put 28,

whi ch constrains the audi ence research systemoperator to acquire an
anal og audio signal with the m crophone 30 placed in the vicinity of the
speakers 24. Because audi ence neasurenent 15 systens generally have a goal
of mnimzing the intrusion that they nake into the neasured tel evision
view ng environnent, the m crophone 30 is preferably placed behind the

receiver 2Q, where the quality aof the signal it acguires is degraded from
what V\D%F‘Hgﬁeaﬁo@:’rﬁqulssteﬂieam &W@aﬁﬁ/\é&’@ ol WG Rt %f the
receiver ég. Thi s signal degradation has Jed to the failure of many prior
art sysCefs CREt P&t Saivsest itld e d@®Veed-ed code from an audio signa
pi cked up with a m crophone. However, the redundancy obtained by encodi ng
five frequency -3ZWONGLCPEET WIEEH USCLMEGCEPLARHEL disS dherds BU idbove
increases the likelihood that the code can be successful|ly recovered. In
t he casé&bfhepres WEeFee tdishaien3d o (dwd auskq puliit s el svritalahe si gnal
on the audio output 28 is analog, 5 the decoder 26 converts the anal og
audi o t 6hg seseded @ifgiccaiversa e anedad AUt Pried & reanrkamb|d g vk e
mat chi ng the sam
output stream at a preferred sampling rate matching the sam-
pling rate of the encoder 12. In decoding systems where there
are limitations in terms of memory and computing power, a
half-rate sampling could be used. 1In the case of half-rate
10 sampling, each short block would consist of Ng/2 = 128 sam-
ples, and the resolution in the frequency domain (i.e., the
frequency difference between successive spectral components)
would remain the same as in the full sampling rate case. 1In
the case where the receiver 20 provides digital outputs, the
15 digital outputs are processed directly by the decoder 26
without sampling but at a data rate suitable for the decoder
26.
In a practical implementation of audio decoding,
such as may be used in a home audience metering system, the
20 ability to decode an audio stream in real-time is highly
desirable. It is also highly desirable to transmit the de-
coded data to a remote central office. The decoder 26 may be

arranged to run the decoding algorithm described below in

connection with Figure 3 on Digital Signal Processing (DSP)

-38 -



pling rate of the encoder 12. In decoding systens where there are
limtations in terns of nenory and conputing power, a half-rate sanpling

coul d be ?ﬁﬁgﬂmgﬂ the case of half-rate 10 sanpling, each shogdy1RdREK woul d
consist of NS/2 = 128 sam ples, and the resolution in the frequency domain

(i.e., the frequency difference between successive spectral conponents)
would remain the sane as in the full sanpling rate case. In the case where
the receiver 20 provides digital outputs, the 15 digital outputs are
processed directly by the decoder 26 wi thout sanpling but at a data rate
suitable for the decoder 26. In a practical inplenentation of audio
decodi ng, uch as may he ysed in a hone audi ence netering system the 20
abi | | tygﬁﬁefsi’eg’éagwéﬁea@d‘i &Fh& seFh ita'HJé‘é}thﬁf eSS W FHSP R e, 1t s

al so hi%hl desirable to transmt the de- coded data to_a renote central

of fi ce. “¥RESdec e FiF LagPh @ atdid I IUNY RN RARY P EP gk
descri bed below in connection with Figure 3 on Digital Signal Processing
(DSP) - 38YWOS0 P82 AV aRERUSOLL P50 danedar mf dvikdme SFthere G taudipcal Iy
used in such applica-_ tions. As disclosed above, the incom ng encoded audio
si gnal OR&EPUSe 290 fran dhice nignaphane Gl ed ol dilheriehitnde®

out put 28 or fromthe m crophone 30 placed in the vicinity of 5 the
spaker §hg4 speakers 24.

As shown by step 50 in the flow chart of Figure 3, a
circular buffer capable of storing 4096 samples is initialized
by setting all of its storage locations to zero. Also, a set
of frequency bins are set to zero. At a block 51, 256 samples

10 are read into an audio buffer. Also, a block sample counter
is set to zero. Before recovering the actual data bits repre-
senting code information, it is necessary to locate the syn-
chronization block which is preferably encoded by enhancing
(or diminishing) the amplitude of a unique set of frequencies.

15 In one preferred embodiment these frequencies have indexes
220, 349, 478, 607, and 736 and'each one is in a different
coding band. In order to search for the synchronization
block, as well as to extract data from subsequent blocks
within an incoming audio stream, the circular buffer is used.

20 The circular buffer has a sufficient size to store 4096 sam-
ples in the case of half rate sampling. This arrangement is
essential in order to implement a near real-time decoding
scheme based on a sliding FFT routine which forms part of the

decoding algorithm shown in the flow chart of Figure 3.
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As shown by step 50 in the flow chart of Figure 3, a circular buffer
capabl e of storing 4096 sanples is initialized by setting all of its

st or age |ﬂﬁﬁhﬁ@ to zero. Also, a set of frequency bins @hey &?%50%9 zero.
At a block 51, 256 sanples 10 are read into an audio buffer. a bl ock
sanple counter is set to zero. Before recovering the actual data bits
repre- senting code information, it is necessary to |locate the syn-

chroni zati on bl ock which is preferably encoded by enhancing (or

di m ni shing) the anplitude of a unique set of frequencies. 15 In one
preferred enbodi nent these frequencies have i ndexes 220, 349, 478, 607,

and 736 and each one is in a different coding band._|n order to search for
the synchronizati &8¢ Bitolie aFsumad HEwto &% r %&ﬂ%?fb%ﬁﬁ%%b@@ﬁUent )
bl ocks w thin an incomng audio stream _the circular buffer is used. 20

The ci r ER&LYbEEPERhAS &
case of half rate sa I|n

FHRGERT RHED sthree 098 Rl in the
. This arrangenent is essential in order to
i npl emeAPd ikeide Bedilt ée@@éﬁﬁganggﬁeﬁbfgéséﬁ éntxegrParHgWEER routi ne
which forns part of the decodi ng al gorithm shown in the flow chart of
Fi gure 3ndezgJdwp Ghe7Spertpel/ @sel/itnrr Bildtl endydhes phase emstle for the
audi o buffer cur rently stored in the circular buffer, there are a spectral
ampl i t ude [BD[ Sppundeatphlice sargtaal-Cpdiest oY MO wWudio ismimldel The
spectral anplitude BJJ] and the phase angle

currently in the circular buffer. If two new time domain

samples Vvyp9, and vyge; are read from the audio buffer and are

inserted into the circular buffer as indicated by a step 52 so

as to replace the two earliest samples v, and v; in the circu-
10 lar buffer, then the new spectral amplitude B;[J] and phase

angle ¢,[J] for each of the indices J are determined at a step

53 in accordance with the following equation:

i2mJ(4096 -

2y,
006 )

Bl[J]eXp(I)l[J] = Bo['}]eXp(bo[J] +

(V49048%D(

i21J(4096 -
4096

i2nJ2
4096

xp(- 2%y

Dy - ) - (- 2 7

(V40956Xp( (voeXp( -

15 Thus, the
merely by
contained
Even when

initially

gpectrum of the circular buffer can be computed
updating the existing spectrum for the samples

in the circular buffer according to equation (7).
all the spectral values - amplitude and phase - are

set to 0 at the step 50, as new data enters the
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5 (~0[J] represent the spectral values for the 4096 audi o sanpl es

currently in the circular buffer. If two new tine domain sanples V4094 and
V4095 ar ewieahsis1om the audio buffer and are inserted inﬁqnhﬂ%ngﬁgular
buffer as indicated by a step 52 so as to replace the two earliest sanples
vO and vl in the circu 10 lar buffer, then the new spectral anplitude Bl[J]
and phase angle 01[J] for each of the indices J are determned at a step
53 in accordance with the foll ow ng equation: BlMexp4l[J] = BO[J] exp40[J] +
(v4094eXp(i27rJ(4096 - 2) )) + 4096 i2irJ(4096 - 1) _ _i27tJ2 _ i21lcd
(V4095eXp( 4096 (vexp( 4096 )) - (viexp( 4096) ( 7 ) 15 Thus, the spectrum

of the circular buffer caggge conputed nerely by updating the existjng
spect r umfEH ek RidfSTes ARt 93+ et r@u‘%/%ﬁ CB?fi'f &%%C%Rﬁﬁlf?gl to
equation (7). Even when all the spectral values - anplitude and phase -
are i niveilaesy sfgdupd ly ghange dndpl50-hes GRIWRBRAPEH RIS REtuL WO
01/ 78271 PCT/US01/ 10790 «circular buffer, and as old data gets discarded,
t he speffrlalSPardigds Vrladraligr dih R amtGuriansil e okt ddppiaiidikae act ual
FFT spectral values for the data currently in the circular buffer. In
order t ®Uffercond e @1GEIH Yo Avgang eentwin rgs Bkl el eririiy may
conputation, multiplication of the incom ng audio sanples by a stability
fack or EXEES Aprdag CeMPURdgRN gighltiplication of the incoming audio
samples by a stability factor (usually set to 0.99995) and
multiplication of the discarded samples by a factor 0.999952%%48
= 0.902666 is known to most practitioners in this field. The
sliding FFT algorithm provides a computationally efficient
10 means of calculating the spectral components of interest for
the 4095 samples preceding the current sample location and the
current sample itself. The frequency bins are updated at the
block 53 with the results of the analysis performed according
to equation (7)
15 If the block sample counter has a count which is a
multiple of 64, the frequency bins are analyzed and the re-
sults of the analysis are stored in a Status Information
Structure (SIS) as indicated in step 54 of Figure 3. This
value 64 may be used because the frequency spectrum of a long
20 block of 4096 samples changes very little over a small number
of samples of an audio stream. Even though the sliding FFT
algorithm is used to update the spectral values in two sample

increments, the analysis of the spectrum to locate the syn-

chronization block and to extract data needs to be performed
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mul tiplication of the discarded sanples by a factor 0.999952048

= 0. 902666

is known to nost practitioners in this field. The sliding FFT algorithm
provi des geamyational ly efficient 10 means of cal cul atigg, tda¢ 1§R6Ct r al
conponents of interest for the 4095 sanples preceding the current sanple
| ocation and the current sanple itself. The frequency bins are updated at
the block 53 with the results of the analysis perforned according to
equation (7) 15 If the block sanple counter has a count which is a
multiple of 64, the frequency bins are analyzed and the re- sults of the
analysis are stored in a Status Information Structure (SIS) as indicated
in step 54 of Figure 3. This value 64 may, be used because the frequency

spect r uRPol §VEEHg 620 SHMBdeSof 4896 s AN L L marfdes VerSFI4uweHare a

smal | nunber of sanples of an audio stream Even t ou9

h
al gori t BFfrs t@sEdach hGateterdediets Aesiditfe LS i

h the sliding FFT
AP IRRYENeNt S,

t he anal ysis of the spectrumto | ocate the syn- chronization block and to
ext ract tdgPa ndBgset §Lfe Sf&ichivasd e WOOSKem 2R 386, USGEL10790 -only
every 64 sanples. Thus, 4096/64 = 64 SIS structures are used to track the
i nter ne8il&se r BAMN SBY $heueieesei by wperbediabniOThegamgls snkgevales are
i ndexed as SISO, SIS1, . . SIS63. Each SIS structure is updated at 4096
safpl e Whiehy gosrespaideh teorthes gemdsht ©f Ive Jansytlastk aln orge Brakk-in the

hal f -

sampling rate case. Each SIS structure contains a synchroni-

zation flag and a data storage location. Also, the SIS in-

cludes a counter.

The search for the synchronization block is the

10 first step in the decoding process. Let us assume that at a

sample location where the SIS SIS, needs to be updated because

a spectrum, which satisfies the characteristics of a synchro-

nization block, is found. In such a spectrum, indexes 220,

.349, 478, 607, 736 are enhanced and possess higher spectral

15 power than their neighbors in the respective bands. Due to

factors such as audio compression, audio degradation due to

amplifier-speaker-microphone non-linearities, or ambient noise

in the case of microphone based decoding systems, it is possi-

ble that not all the five bands have the desired characteris-

20 ties. The redundant transmission feature described above

enables detection of a long block as being a synchronization

block even if only three of the five bands satisfy the crite-

ria for a synchronization block. Once a synchronization block

has been detected, a synchronization flag within the corre-
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sanpling rate case. Each SIS structure contains a synchroni- zation flag
and a data storage location. Also, the SIS in- cludes a counter. The search
for the swichiyg®miizati on block is the 10 first step in the pdgeadiagopr ocess.
Let us assune that at a sanple location where the SIS SISk needs to be
updat ed because a spectrum which satisfies the characteristics of a
synchro- nization block, is found. In such a spectrum indexes 220, 349,
478, 607, 736 are enhanced and possess higher spectral 15 power than their
nei ghbors in the respective bands. Due to factors such as audio

conpr essi on, audio degradation due to anplifier-speaker-m crophone

Cyet oms EPpALES, 535.-?%' BHE o T R v %a%oé’rréh"”%nba@% Frea

characteri 0 trcs redunda r snlssron featu escri bed abpve
Chabi o TRBEREL L BPTE | Laresﬁ?crh%r%ar S YRR b on | f

only three.of the five bands satlsf the crite- for igchronlzatlon

bl ock. GAEECR SyAGhEET £t iV bl TS TR et ALt HER G SYACRIDHF 24t i on
flag within the corre -42 WD 01/ 78271 PCT/USOl/10790 gondlng SIS
struct uFB S s&PTt 6% 18 HPractT 11 nPlee: mhtati oAlSwoer eMeKaftldne SIS
structure can have its synchrgoni- zation flag set to one. Usually several
adj acenpagﬁssyflrc@é‘”onﬂ@raéslonf dFrlagefifite, txIBE Deguge 1th€!‘5l specrEp L

Sl Sk+2, nay al |
long audio block does not change rapidly.

When SIS, is analyzed 4096 samples later, the algo-
rithm recognizes the gynchronization flag and attempts to
extract the first three-bit data value encoded in the spec-

10 trum. This extraction may be done by means of a voting algo-
rithm that compares test values taken from each of the neigh-
borhoods and that accepts a test value as the data value if
the same test value is found in three out of the five band
neighborhoods. In addition, if a valid data value in the

15 range zero to seven isg extracted, the counter within the SIS
is incremented to show that the first member of the sixteen
member message data has been extracted. The extracted three-
bit datum is also stored within the structure at a correspond-
ing data storage location. In the event a valid datum is not

20 found either at the current location or at any one of the
fifteen subsequent locations where SIS, is updated, the SIS
structure’s synchronization flag is reset to zero and the
counter is reset to zero. These actions frees the SIS to once

again look for synchronization blocks. When an SIS struc-
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5 have synchroni zation flags set to one because the spectrumof a |ong
audi o bl ock does not change rapidly. Wien SISk is anal yzed 4096 sanpl es
later, thg@i@8z71"1 thmrecognizes the synchronization flag@ngkdhbéRIPLs to
extract the first three-bit data value encoded in the spec 10 trum This
extraction may be done by neans of a voting algo- rithmthat conpares test
val ues taken from each of the neigh- borhoods and that accepts a test val ue
as the data value if the same test value is found in three out of the five
band nei ghborhoods. In addition, if a valid data value in the 15 range
zero to seven is extracted, the counter wthin the SIS is increnented to
show that the first nenber of the sixteen nenber nessage data has been

ext r act EHYSTRe COXPFEET e TIFERLHi %0 BTGy al s FRGEHE i thi t he
structure at a correspond- ing data storage |lqcation. In the event a valid

dat um | ¥eRERISOPRGHRY STEStEngG I dattemeiBathide dihalt LD RE of the

fifteen subsequent_ | ocations where SISk is updated, the SIS structure's
synchr ofir2BEMSEteAagUts Pesdindigatad idhdar ST qinttdie iklowsdhatto Her o.
These actions frees the SIS to once again |ook for synchronizatjon bl ocks.
Wien anF$P8Tst Buc Foz3 exXpRrds .7 $EL MREHAIE0 Bardedd mayirke st isgiaidited
increments to sixteen, it contains a full nessage packet consisting of
f oPt y- etg§ht FensreRaCifdwied bdhery &ivm thransuissien i irlidened the step 55 of
the flow chart in
synchronization flag is reset to zero and the counter is
reset.
At a block 56, the block sample counter is incre-
mented by two corresponding to the two samples read from the
10 audio buffer to the circular buffer at the step 52. If the
block sample counter does not have a count equal to 256, flow
returns to the step 52 where two more samples from the audio
buffer are read into the circular buffer. On the other hand,
if the block sample counter does have a count equal to 256,
15 flow returns to the step 51 where another 256 samples are
inserted into the audio buffer.
Although the present invention has been described
with respect to several preferred embodiments, many modifica-
tions and alterations can be made without departing from the
20 invention. Accordingly, it is intended that all such modifi-

cations and alterations be considered as within the spirit and

scope of the invention as defined in the attached claims.
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Figure 3. For exanple, the nessage packet may be transmtted 5 to a Centra
O fice. Wien this transm ssion is done, the synchronization flag is reset
to zero ap@) ihgy[gounter is reset. At a block 56, the bl ogl1S@EpherogouUNnt er
is incre- nmented-by two corresponding to the two sanples read fromthe 1
audio buffer to the circular buffer at the step 52. If the block sanple
counter does not have a count equal to 256, flow returns to the step 52
where two nore sanples fromthe audio buffer are read into the circular
buffer. On the other hand, if the block sanple counter does have a count
equal to 256, 15 flowreturns to the step 51 where another 256 sanples are
inserted intao the audi o _huffer. Although the present invention has been
describ Lo j several preferred enbodi nents, many nodifica-
tions and alterations can be nade w t hout departing fromthe 20 invention.
Accordingly, it is intended that all such nodifi- cations and alterations
be considered as wwthin the spirit and scope of the invention as defined
| nlt he attached clai m® sY&tefpiey pestingety dssariersmcanreristanta MED | S:
A system for adding an |nterference resistant, 2 inaudible code to an

au&. 0 sF@ﬁ&ldlé’éﬁpﬂoﬁ%dio P auhsl &1l Al REPHE Nhpl e the audi o signal at

3 a sampler arranged to sample the audio signal at a

4 sampling rate and to generate therefrom a plurality of short

5 blocks of sampled audio, each of the short blocks having a

6 duration less than a minimum audibly perceivable signal delay;
7 a processor arranged to combine the plurality of

8 short blocks into a long block having a predetermined minimum
9 duration;

10 a frequency transformation arranged to transform the
11 long block into a frequency domain signal comprising a plural-
12 ity of independently modulatable frequency indices, wherein a
13 frequency difference between two adjacent ones of the indices
14 is determined by the minimum duration and the sampling rate;
15 a frequency selector arranged to select a neighbor-
16 hood of frequency indices so that the frequency difference

17 between a lowest index and a highest index within the neigh-
18 borhood is less than a predetermined value; and,

19 an encoder arranged to modulate two or more of the
20 indices in the neighborhood so as to make a selected one of

21 the indices an extremum while keeping the total energy of the
22 neighborhood constant.
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4 sanpling rate and to generate therefroma plurality of short

5 bl ocks of

sanpl ed audi o, each of the short blocks having a 6 duration |less than a

m ni nrum awd Ql7g27mer cei vabl e signal delay; 7 a processor agdra@edoio
conbine the plurality of 8 short blocks into a | ong bl ock having a
predeterm ned mninmum 9 duration; 10 a frequency transformation arranged

to transformthe 11 long block into a frequency domai n signal
plural - 12 ity of independently nodul atabl e frequency indices,

conprising a
wherein a

13 frequency difference between two adjacent ones of the indices 14 is
determ ned by the m ninumduration and the sanpling rate; 15 a frequency
sel ector arranged to select a neighbor- 16 hood of frequency indices so
that the frequency difference 17 between a | owest index and a hi ghest index

wi thin the neigh- .18 rhood . is | ess_than._a _predeter
endoder arranged £0 gpgtfﬁbcgfcﬂﬁYQP(ﬁ Qﬁ?

ned val ue; and, 19 an

& S GRS The

ne?ghborhood.so as tQ n%k a selected one of .2 he indices an extrenum
whi &

e kEEPPRG et

eFQYEoF The'? V22N & Hodf st ant . - 45 WO

01/78271 PCT/US01/ 10790 1 2. The systemof claim1 wherein the processor 2
conprises a digital conputer having a buffer nenory. 1 3. The system of
clgin11 wherein the fr%gyenc 2 tranﬁfqrnati n compri.ses_a Fast Fourier

Tr

nsfornlalgoritﬁﬁl T system of claim 1 wherein the frequency
2 transformation comprises a Fast Fourier Transform algorithm.
1 4. The system of claim 1 wherein the encoder com-
2 prises an algorithm that increases the energy of a selected
3 index in the neighborhood and that decreases the energy of a
4 short block associated therewith.
1 5. A method of adding a code to a fregquency band of
2 a sampled audio portion of a composite signal without thereby
3 introducing a perceptible delay between the encoded audio
4 portion and another portion of the composite signal, the
5 method comprising the steps of:
6 a) selecting a sampling rate and a frequency differ-
7 ence between adjacent ones of a predetermined number of fre-
8 guency indices included in a frequency neighborhood;
9 b) determining from the sampling rate and from the
10 frequency difference a duration of a block of samples;
11 c) determining an integral number of sequential sub-
12 blocks to make up the block, where the integral number is
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1 4. The systemof claim1 wherein the encoder com 2 prises an algorithm
that increases the energy of a selected 3 index in the neighborhood and
that decrgasA e energy of a 4 short block associated t i 1S A
met hod of add?ﬁgﬂa code to a frequency band of 2 a sanplggqgﬁﬁ?%gggrtion
of a conposite signal wthout thereby 3 introducing a perceptible delay
bet ween the encoded audio 4 portion and anot her portion of the conposite
signal, the 5 nmethod conprising the steps of: 6 a) selecting a sanpling
rate and a frequency differ- 7 ence between adjacent ones of a
predet erm ned nunber of fre 8 quency indices included in a frequency
nei,ghbor hqod; 9 b) determning froqmthe sanpling rate and fromthe 10

fr quen@?qﬁcltre@r gﬁ’céﬁ’é‘tdl?raﬁki &t d?cilea %]?)"(Hkl%k%g?ﬁﬁ e’ SYR-RIoget &R ni ng an
iﬁgegral,nunber of _sequential sub- 12 bl ocks to nake up the bl ock, where

tHE i nt &4PR ledPodhars thfs AREIRRTgRA 89S0 139790 13 sel ected so that
each of the sub-blocks has a sub-block dura- 14 tion less than the

pércepti bl e del ayd)amFocessiing ridredBiork t9e ¥ dek Belwkate Fpwrletecd

sel ected 16 one of the frequency indices wthout changing a total signal
17A0ener gpeoPtt khepfreauersy TRl irathoH BIowl fhamIingrai otak sopodbite 2

si%nal conprises a television broadcast signal and wherein the
1 energy of the band.

1 6. The method of claim 5 wherein the composite

2 signal comprises a television broadcast signal and wherein the
3 another portion of the composite signal comprises a video

4 signal.

1 7. The method of claim 5 wherein in step d) the

2 processing comprises modulating two or more of the frequency

3 indices within the neighborhood so as to make a selected one

4 of the indices an extremum.

1 8. Apparatus for reading a code from an audio

2 signal, the code compriging a sequence of blocks having a

3 predetermined number of samples of the audio signal, the code
4 comprising a synchronization block followed by a predetermined
5 number of data blocks, the apparatus comprising:

6 a buffer memory arranged to hold one of the blocks;
7 a frequency transformation arranged to transform the
8 one block into spectral data spanning a predetermined number
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3 anot her portion of the conposite signal conprises a video 4 signal. 1 7.
The nmethod of claim5 wherein in step d) the 2 processing conprises

modul ati ng,gWeg9; nore of the frequency 3 indices wthinddhesda¢hghbor hood
so as to make a selected one 4 of the indices an extremum 1 8. Apparatus
for reading a code froman audio 2 signal, the code conprising a sequence
of bl ocks having a 3 predeterm ned nunber of sanples of the audio signal,
the code 4 conprising a synchronization block followed by a predeterm ned
5 nunber of data bl ocks, the apparatus conprising: 6 a buffer menory
arranged to hold one of the blocks; 7 a frequency transformation arranged
to transformthe 8 one block into spectr at a_ spanni ng .a edet er m ned
nutber &7 TRBWEREEL PELSET/ E’ﬁ@f/ef@ﬁ?‘ﬁg%lf % %%}%ﬁﬁ&ﬁrﬁg&?f &t h each
of, the frequency bands com 1Q prises a respective nei ghborhood of

f rquen®F 1SR FedeSPECE ol edirorioath&f i BIGH g1 %S ieach of the
12 nei ghborhoods, if a respective predeterm ned one of the fre- 13 quency
i di ces is nmodul aPe®rOse@SOK, ar hpsiae i 9R tRIMide affdd ari&fertite t hat
the one 15 block is the synchronization block if, in a majority of the 16
f ridquen&p ishheshoors 1 ddpec tiorPamidiatriedataiiEimss ik he fre-

respective index selected for inclusion in the synchronization
1 quency indices is modulated; and,

14 a vote determiner arranged to determine that the one
15 block is the synchronization block if, in a majority of the

16 frequency bands, the respective modulated frequency index is a
17 respective index selected for inclusion in the synchronization
18 block;

19 wherein the procesgsor is further arranged to deter-
20 mine if, in one of the data blocks received subsequent to the
21 synchronization block, a respective predetermined one of the
22 frequency indices is modulated;

23 wherein the vote determiner is further arranged to
24 determine if, in a majority of the frequency bands,'the re-

25 spective modulated frequency index is a respective index

26 selected for inclusion in the one data block.

1 : 9. The apparatus of claim 8 wherein the frequency

2 transformation comprises a Fast Fourier Transform algorithm

3 executed by a digital computer.
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18 bl ock; 19 wherein the processor is further arranged to deter- 20 m ne
if, in one of the data bl ocks received subsequent to the 21
synchronlwdl% Rl ock, a respective predeterm ned one of thgydidfgauency
indices is nodul ated; 23 wherein the vote determiner is furtﬁer arranged to
24 determine if, ina mjority of the frequency bands, the re- 25 spective
nodul at ed frequency index is a respective index 26 selected for inclusion
in the one data block. 1 9. The apparatus of claim8 wherein the frequency
2 transformation conprises a Fast Fourier Transformalgorithm 3 executed
by a digital conmputer. -48 WO 01/78271 PCT/ US01/ 10790 1 10. The appar at us
of .claim8 wherein the rocessor C rises a neraI rpose digital
coﬁputer operatln&ound 6H¥E813£h§ 4hquEﬁQQ%F
aI orithnms stored in nennr 1 11., The apparatus of claim8 wherein
vot EOE‘P&étS&Sman&ren@&ﬁdr Pé%@oasr? éﬁléﬁr‘%atlhrﬁ%%’cﬁﬁred”ﬂﬁ?aatﬂd}%ﬁ%e%om 3
puter. 1 12. A nethod_of reading a code fronran audro si gnal
seéuent PEPEY iy §RELEOH F&S NS¥diigh Ge R lddis gﬂr@%rﬁﬂ@e‘a@ MR
spectral data spanning a predeterm ned nunber of 4 frequency bands,
whér ei n2eBEROFY -t he frequency bands conprises

1 11. The apparatus of claim 8 wherein the vote

2 determiner comprises an algorithm executed by a digital com-

3 puter.

1 12. A method of reading a code from an audio signal
2 by sequentially transforming a sequence of blocks of audio

3 samples into spectral data spanning a predetermined number of
4 frequency bands, wherein each of the frequency bands comprises
5 a predetermined number of frequency indices, wherein each of

6 the blocks comprises a predetermined number of the samples,

7 and wherein the code comprises a synchronization block fol-

8 lowed by a predetermined number of data blocks, the method

9 comprising the steps of:

10 a) determining, in each of the frequency bands of

11 one of the blocks of audio samples, if one of the frequency

12 indices is modulated;

13 b) comparing each modulated frequency index found in
14 step a) with that index selected for modulation in the respec-
15 tive frequency band of the synchronization block;
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5 a predeterm ned nunber of frequency indices, wherein each of 6 the bl ocks
conprises a predeterm ned nunber of the sanples, 7 and wherein the code
conprisesﬁﬁnﬁwggﬁronization block fol- 8 lowed by a predeggﬁmhﬁ@gqﬂynber of
data bl ocks, the method 9 conprising the steps of: 10 a) determ ning, in
each of the frequency bands of 11 one of the blocks of audio sanples, if
one of the frequency 12 indices is nodulated; 13 b) conparing each
nodul at ed frequency index found in 14 step a) with that index selected for
nodul ation in the respec- 15 tive frequency band of the synchronization

bl ock; -49 WD 01/78271 PCT/US01/10790 16 c) determning that the one bl ock
is the synchroni- 17 zation hlock. if the majority of the conparisons nade

[ ﬁ6st ep 18 b) re§3]l feterindnch thaty t&’tehé’fr{ﬁ @%%é‘a? itﬁbe SPEHEDME Bir ough
19.b) ; 20.d) geterntnin , in each of the frequency bands of 21 one of the
ddt’a” bl 8ekdoreBePFEd 1§ut§g’§qﬁ@r¥t°rtl§yt R S IIBIMFRLS DT Mgt Hb KSR f a
respective one_of the frequency indices is 23 nodul ated; and, 24 e)

cdfpari Ry EREUAESPBCRI Ve LrddulEace @t iER et et aRsuRl) i HhEeesh o)
with ones of a plurality of predeter- 26 mned index patterns, each of the
i Adex p&terns uniquely 27 associated with a respective code bit, and

readi ng the code
20 d) determining, in each of the frequency bands of

21 one of the data blocks received subsequent to the synchroniza-
22 tion block, if a respective one of the frequency indices is

23 modulated; and,

24 e) comparing the respective modulated frequency

25 indices found in step d) with ones of a plurality of predeter-
26 mined index patterns, each of the index patterns uniquely

27 associlated with a respective code bit, and reading the code

28 bit only if the majority of modulated indices match the prede-

29 termined index pattern.

1 13. The method of claim 12 wherein a value of k is
2 read as the code bit in step e) if the k*® index in each of the
3 bands is modulated.

1 14. The method of claim 12 wherein the predeter-

2 mined index pattern comprises a pseudo-random sequence.
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28 bit only if the majority of nodul ated indices match the prede- 29
termned index pattern. 1 13. The nethod of claim 12 wherein a val ue of k
is 2 rea code bit in step e) if the kth index in RaGH e 3
bands | o WO Coe e mothod of ol arm 15 whor ai n RD progfclioe?gr- 2
m ned i ndex pattern conprises a pseudo-random sequence. -50 WD 01/78271
PCT/ US01/ 10790 1 15. A system for adding an inaudible code to a 2
tone-li ke audio portion of a conposite signal having two or 3 nore
portions, the systemconprising: 4 a sanpling apparatus arranged to sanple
audio at a 5 sanpling rate and to generate therefroma plurality of short
6 Rkl ocks of sanpled audi o, each of the short bl ocks, having a 7 duration

| ess than a mi ni mim-audt BXPERH St iadE"g garﬁllrﬂ%i‘i’;)? e LEBrR & sor
arranged to cqnbine the plurality of 9 short blocks jnto a | ong bl ock

havi ng &OPfedéts RUE® BMTARR O & HFMITH: £ BL13 b RARERT tF3¥As?Hr mat i on
arranged to transformthe 12 |long block into a frequency domai n signal
corpr i sRF Sa POLkASmSs 1 Fhe ST eh RPEHISTHIS: nodul at abl e frequency i ndi ces
located in 14 a plurality of frequency bands; 15 an encoder arranged to
modul ate two or ndr PR aPIrRiveRyrAngRh W I3OI¢ i y@bands so
as to nmake a respec-

5 sampling rate and to generate therefrom a plurality of short

6 blocks of sampled audio, each of the short blocks having a

7 duration less than a minimum audibly perceptible signal delay;
8 ' a processor arranged to combine the plurality of

9 short blocks into a long block having a predetermined minimum
10 duration;

11 a frequency transformation arranged to transform the
12 - long block into a frequency domain signal comprising a plural-
13 ity of independently modulatable frequency indices located in

14 a plurality of frequency bands;

15 an encoder arranged to modulate two or more of the
16 indices in each of the frequency bands so as to make a respec-
17 tive selected one of the indices an extremum while keeping a
18 total acoustic energy of the audio constant;

19 a signal analyzer arranged to determine if the tone-
20 like audio portion has a tone-like character within any one of
21 the predetermined number of neighborhoods; and,

22 an encoder suspender arranged to suspend the encod-
23 ing of the encoder within any neighborhood in which the tone-
24 like audio portion has a tone-like character.
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17 tive selected one of the indices an extremum while keeping a 18 total
acoustic energy of the audio constant; 19 a signal analyzer arranged to
det er m negy tone- 20 like audio portion has a tone-Ii er

W t hin aﬁ?k%%gﬁg? 21 the predeterm ned nunber of neighbo#ﬁgg%??ﬁgﬁg, 22 an
encoder suspender arranged to suspend the encod- 23 ing of the encoder

wi t hin any nei ghborhood in which the tone- 24 |ike audio portion has a
tone-like character. -51 WO 01/ 78271 PCT/US01/10790 1 16. The system of
claim 15 wherein the audio signal 2 is part of a television broadcast
signal. 1 17. The system of claim 15 wherein the frequency 2
transformati on conprises a Fast Fourier Transformalgorithm 1 18. The
system of claim 16 wherein the signal 2 anal yzer conprises a conputer
arranged to carry _out a_masking 3 algorjithmdescribed . in |ISQIEC

13418-7: 1997. 1 186-A Lh&a TS %lcﬁ%ﬁgl“arﬁ TRAF DI bt ars st
one of a predeterm ned _nunber of freguency nei ghborhoods 3 within a
to?e-liR@ BGdito Oport iter S Sl Wb RFFIP S g laving 4 one or nore
additional portions, the nethod conprising the 5 steps of: 6 a) sanpling

t he audi o portion and generating from 7 the sanpled signal a plurality of
short bl ocks, each of the 8 short blocks having a duration |less than a

nlﬂinunlaudibly 17. The system of claim 15 wherein the frequency

2 transformation comprises a Fast Fourier Transform algorithm.
1 18. The system of claim 16 wherein the signal

2 analyzer comprises a computer arranged to carry out a masking
3 algorithm described in ISO/IEC 13818-7:1997.

1 19. A method for adding an inaudible code to at

2 least one of a predetermined number of frequency neighborhoods
3 within a tone-like audio portion of a composite signal having
4 one or more additional portions, the method comprising the

S steps of:

6 a) sampling the audio portion and generating from

7 the sampled signal a plurality of short blocks, each of the

8 short blocks having a duration less than a minimum audibly

9 perceptible signal delay;
10 b) combining the plurality of short blocks into a

i1 long block having a predetermined minimum duration;

-52-



9 perceptible signal delay; 10 b) conbining the plurality of short bl ocks
into a 11 long block having a predeterm ned m ni num duration; -52 WO

01/ 78271 Reld144994/ 10790 12 c) transform ng the |ong bIoc@di@ﬂfMﬁﬁequency
13 domain signal conprising a plurality of independently 14 nodul atabl e
frequency indices; 15 d) identifying those neighborhoods, if any, of the

16 predeterm ned nunber of frequency nei ghborhoods in which the 17
tone-li ke audio portion has a tone-like character; and, 18 e) nodulating a
respective index in each nei ghbor- 19 hood not identified in step d) so as
to make a selected index 20 in such neighborhood an extrenun1mhi|e keepi ng
t total 21 acous |c ener qf the audio t|on const , and not nodu-

2 ating an indeX’i éﬁﬁéﬁéﬁﬁb Iehed 14 %ﬁﬁ??PCQS step d).
0. The nethod of cIa|n119 mhereln t he conposite 2 signal_ conprises a
%ew s ﬁ‘al?rf“o§d€51§tl SOFRAL ARG Bh St o‘fndcqﬁéerég‘?ﬂ?}r}bnal portions
co rises a_videq signal. 1 21. The nethod of cIa|n119 wherein step ¢) com
ise?oéﬁéa§@§ﬂeb TERIFIIDT iAYY- 8% | ong bl ock according to a 3 Fast

rier Transforn1 1 22. The nmethod of claim 19 wherein step c) com 2

pﬂ%ses a sub- st ep 9f idembiifygneutthestadigikadmadsmide-any, of the

16 predetermined number of frequency neighborhoods in which the
17 tone-like audio portion has a tone-1like character; and,

18 e) modulating a respective index in each neighbor-
19 hood not identified in step d) so as to make a selected index
20 in such neighborhood an extremum while keeping the total

21 acoustic energy of the audio portion constant, and not modu-
22 lating an index in any of those neighborhoods identified in

23 step d).

1 20. The method of claim 19 wherein the composite

2 signal comprises a television broadcast signal and wherein one
3 of the additional portions comprises a video signal.

1 21. The method of claim 19 wherein step c¢) com-

2 prises the step of transforming the long block according to a
3 Fast Fourier Transform.

1 22. The method of claim 19 wherein step c¢) com-

2 prises a sub-step of carrying out a masking algorithm de-

3 scribed in ISO/IEC 13818-7:1997.
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3 scribed in ISOIEC 13818-7:1997. -53 WO 01/78271 PCT/USO1/10790 1 23. A
br oadcast audi ence neasurenent systemin 2 which an inaudi ble code added to
an audi 0 §ifidks271S read by a 3 decoding apparatus | ocat e tddiRoRo
statistically sanpled 4 dwelling, the systemconprising: 5 an encoder
arranged to add a predeterm ned code bit 6 to each of a predeterm ned
nunber of odd frequency bands 7 within a bandwi dth of the audio signal; 8 a
receiver within the dwelling arranged to receive 9 the encoded audio
portion; and, 10 a decoder having an input fromthe receiver, the 11
decoder arranged to acquire a respective test value of the 12 code bit from
each of the frequency bands, to conpare the test 13 values, to determ ne
that one of the test values is the code 14 bit only if that test value is

acciui red froma myority of the 15 frequency bands, and to ot herw se
detler mi ne that noZdode fhRroatsasts AbPadieaswEme e FFHRRaSt audi ence
measur enent _system of_ 2 claim 23 wherein the audio signal is part of a
t ePevi siodch Broddeasibdiegisade poed fie 3t AR tSHRA bt TRAE Rerent
systemof 2 claim 23 wherein the receiver includes a mcrophone. -54

3 decoding apparatus located within a statistically sampled

4 dwelling, the system comprising:

5 an encoder arranged to add a predetermined code bit
6 to each of a predetermined number of odd frequency bands

7 within a bandwidth of the audio signal;

8 a receiver within the dwelling arranged to receive

9 the encoded audio portion; and,

10 a decoder having an input from the receiver, the

11 decoder arranged to acquire a respective test value of the

12 code bit from each of the frequency bands, to compare the test
13 values, to determine that one of the test values is the code
14 bit only if that test value is acquired from a majority of the
15 frequency bands, and to otherwise determine that no code bit
16 has been read.

1 24. The broadcast audience measurement system of

2 claim 23 wherein the audio signal is part of a television

3 broadcast signal.

1 25. The broadcast audience measurement system of

2 claim 23 wherein the receiver includes a microphone.
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WO 01/78271 PCT/US01/ 10790 1 26. The broadcast audi ence neasurenent system
of 2 claim23 wherein the receiver conprises an audi o output jack. 1 27.
A broadcagiy gugdhgnce neasurenent systemin 2 which an inaq@h%%glﬁ@g@ added
to an audio signal is read 3 within a statistically sanpled dwelling unit,
the system 4 conprising: 5 an encodi ng apparatus arranged to add a code
bit to 6 a sanpled |long block of the audio signal, the |long block 7
conprising a predeterm ned nunber of short bl ocks, each of the 8 short

bl ocks having a predeterm ned duration that is selected 9 to be short
enough not to be perceptible to a nenber of a 10 broadcast audi ence, the
encodi ng apparatus being further 11 arranged to nodul ate a sel ected
frequency index in each of a 12 plurality of frequency nei ghborhoods so as
to . make each se- 13 lected index an extremumin the respective nei ghborhood
141t her eof whi I e Kéepi e AEAICH e A 4 SCARH TS GnafYS 4= Hnot ant
16 a receiver within the dwelling, the receiver being ., 17 arranged to

acqui r e tRdMeACoHEFTRIR &S FIRAST VR, CORPLL IR e U APt 138 t he
code fromthe audio 19 signal, the decoder having an input fromthe
receiver, the 20 decoder conprising a buffer menory arranged to store one

of -55 WD 01/78271 PCT/ US01/ 10790
1 27. A broadcast audience measurement system in

2 which an inaudible code added to an audio signal is read

3 within a statistically sampled dwelling unit, the system

4 comprising:

5 an encoding apparatus arranged to add a code bit to
6 a sampled long block of the audio signal, the long block

7 comprising a predetermined number of short blocks, each of the
8 short blocks having a predetermined duration that is selected
9 to be short enough not to be perceptible to a member of a

10 broadcast audience, the encoding apparatus being further

11 arranged to modulate a selected frequency index in each of a
12 plurality of frequency neighborhoods so as to make each se-
13 lected index an extremum in the respective neighborhood

14 thereof while keeping a total energy of the audio signal

15 constant;

16 a receiver within the dwelling, the receiver being
17 arranged to acquire the encoded audio signal; and,

18 a decoder arranged to read the code from the audio
19 signal, the decoder having an input from the receiver, the

20 decoder comprising a buffer memory arranged to store one of
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21 the short blocks, the buffer nenory being arranged to store a 22 |ong
bl ock. 1 28. The broadcast audi ence systemof claim27 2 wherein the audio
signal iswRAflsofh a television signal. 1 29. The broadcasicraudigies System
of claim?27 2 wherein the encoder conprises a frequency transformation 3
arranged to transformthe long block into a frequency domain 4 signal. 1
30. The broadcast audi ence systemof claim27 2 wherein the receiver
conprises a mcrophone. 1 31. The broadcast audi ence systemof claim27 2
wherein the receiver conprises an audi o output jack. 1 32. A nethod of
encodi ng an audi o signal conprising 2 the follow ng steps: 3 a) generating
aplurality of short blocks fromthe 4 audio signal, wherein each of the
stort bF&@k§%ﬁé§ % i Gite PYHESE MERPR RSGFIAERRIY R am e
signal delay; 6 b) conbining the plurality of short blocks into a 7 |ong
bl%ck; SBIWBIOEAZ8271 PCT/ USO1/ 10790 8 c) transforming the | ong bl ock
into a spectrum9 conprising a plurality of independently nodul at abl e
frequency 10 indices; and, 11 d) nodulating at |east two of the indices so
as to
1

28. The broadcast audience system of claim 27

2 wherein the audio signal is part of a television signal.

1 29. The broadcast audience system of claim 27

2 wherein the encoder comprises a frequency transformation

3 arranged to transform the long block into a fregquency domain

4 signal.

1 30. The broadcast audience system of claim 27

2 wherein the receiver comprises a microphone.

1 31. The broadcast audience system of claim 27

2 wherein the receiver comprises an audio output jack.

1 32. A method of encoding an audio signal comprising

2 the following steps:

3 a) generating a plurality of short blocks from the
4 audio signal, wherein each of the short blocks has a duration
5 less than a minimum audibly perceivable signal delay;

6 b) combining the plurality of short blocks into a

7 long block;
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12 make one of the indices an extrenmum while keeping the total 13 energy
of a nei ghborhood of the nodul ated indices substan- 14 tially constant. 1
33. A nmet{efhiPkrfieading a code el enment froman 2 audi o Siggdhse$R89e6i Si Ng
the followi ng steps: 3 a) transformng at |east a portion of t%e audio 4
signal into spectral data spanning a predeterm ned nunber of 5 frequency
bands having a plurality of frequency nei ghborhoods; 6 b) determ ning, for
each of the nei ghborhoods, if 7 one of the frequency indices is nodul at ed,;
and, 8 c) assigning a transnmtted code value to the code 9 elenent if, in a
majority of the nei ghborhoods, the respective 10 nodul ated frequency i ndex
is_an index selec%?d for inclysion, 11 in &Hﬁxﬂydio signal . -57

8 transforming the long into & spectrum

9 comprising a plurality of independently modulatable frequency
10 indices; and,

11 d) modulating at least two of the indices so as to
12 make one of the indices an extremum while keeping the total

13 energy of a neighborhood of the modulated indices substan-

14 tially constant.

1 33. A method of reading a code element from an

2 audio signal comprising the following steps:

3 a) transforming at least a portion of the audio

4 signal into spectral data spanning a predetermined number of

5 frequency bands having a plurality of frequency neighborhoods;
6 b) determining, for each of the neighborhoods, if

7 one of the frequency indices is modulated; and,

8 c) assigning a transmitted code value to the code

9 element if, in a majority of the neighborhoods, the respective
10 modulated frequency index is an index selected for inclusion
11 in the audio signal.
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