
(19) United States 
(12) Reissued Patent 

Neuhauser et a]. 
(10) Patent Number: 
(45) Date of Reissued Patent: 

USO0RE42627E 

US RE42,627 E 
Aug. 16, 2011 

(54) ENCODING AND DECODING OF 2,630,525 A 3/1953 Tomberlin et a1. 
INFORMATION IN AUDIO SIGNALS 2,660,511 A 11/ 1953 Scherbatskoy et a1. 

2,660,662 A 11/1953 Scherbatskoy 

(75) Inventors: Alan R. Neuhauser, Silver Spring, MD i gihfi?zrtlikoy 
(Us); Wendell D- Lyllch, East Lanslng, 3,004,104 A 10/1961 Hembrooke 
MI (U S); James M. Jensen, Shelton, 3,397,402 A 8/1968 Schneider 
WA (Us) 3,492,577 A 1/1970 Reiter et a1. 

3,760,275 A 9/1973 Ohsawa et a1. 
. . . 3,803,349 A 4/1974 Wt b 

(73) Ass1gnee: Arbitron, Inc., Columbia, MD (US) 3,845,391 A “M974 Crass; 6 
3,919,479 A 11/1975 Moon et a1. 

(21) Appl- No: 11/726,762 4,025,851 A 5/1977 Haselwood et 31. 
4,225,967 A 9/1980 MiWa et a1. 

(22) Filed: Mar, 22, 2007 4,230,990 A 10/1980 LeIt, Jr. et a1. 
4,238,849 A 12/1980 Gassmann 

Related US. Patent Documents 4,306,308 A * 12/1981 Nossen ....................... .. 375/275 

Reissue of: (Continued) 
(64) Patent No.: 6,871,180 

Issued: Mar. 22, 2005 FOREIGN PATENT DOCUMENTS 

APP1-NO-1 09/318,045 CA 1208 761 A 7/1986 
Flled. May 25, 1999 (Continued) 

(51) Int. Cl. 
H04Q 11/04 (200601) OTHER PUBLICATIONS 
H 041V 9/00 (2006.01) De?nition of Checksum. Webpedia. 
H04L 1/08 (2006.01) _ 
H04L 27/26 (2006.01) (Commued) 

(52) US. Cl. ........... .. 704/500; 380/205; 725/14; 725/18 Primar Examiner i Martin Lerner 

(58) Field of Classi?cation Search ................ .. 704/200, 7 4 Ay A F B & Th b LLP 
704/2001, 201, 205, 206, 270, 273, 501, ( ) “my! 86”’! "r m” * ames Om “rg 

704/502, 503, 504; 380/201, 202, 205, 3, 
380/4, 6; 375/355, 362, 365, 366, 132; 348/1; (57) ABSTRACT 

725/ 14, 18; 370/511 Systems and methods are provided for decoding a message 
See application ?le for complete search history. symbol in an audio signal. This message symbol is repre 

sented by ?rst and second code symbols displaced in time. 
(56) References Cited Values representing the code signals are accumulated and the 

accumulated values are examined to detect the message sym 
U.S. PATENT DOCUMENTS bO1_ 

2,470,240 A 5/1949 Crosby 
2,573,279 A 10/1951 Scherbatskoy 112 Claims, 10 Drawing Sheets 

51 SI S11 53 54 5a 51 l‘8)m0d 4 512410011 I 5(3+s)mod 1 514481111011 I 

N N I ll 



US RE42,627 E 
Page 2 

US. PATENT DOCUMENTS 6,396,413 B2 5/2002 Hines et al. 
6,421,445 B1* 7/2002 Jensen e161. ................ .. 380/253 

?gs/?g: 513g: 6,424,939 B1 7/2002 Herre e161. 

A 2233832 3} 11822; 2:11, 
4,554,669 A * 11/1985 Demanetal. ............... .. 375/133 6’5l9’769 B1 2/2003 Hopple and‘ 
4,599,732 A * 7/1986 LeFever ...................... .. 375/346 6’546’257 B1 400% Stewart ' 
4613 904 A 9/1986 Lurie ’ ’ 
4,618,995 A “M986 Kem 6,571,279 B1 5/2003 HerZetal. 
4’626’904 A l2/l986 Lung) 6,580,916 B1 6/2003 We1sshaaretal. 

4,639,779 A 1/1987 Greenberg 222932; 5; $588; E3532; 
4,677,466 A 6/1987 Len’Jr'etal' 6:647:548 B1* 11/2003 Lu e161. ........................ .. 725/20 

1333332 A 13132; 516W“ Cf‘ a1~ 6,675,383 B1* 1/2004 Wheeler et al. ............... .. 725/19 
4,718,106 A 1/1988 Wgifhrlatt g’zgg’izg 5% ‘£88: 31mg“; 

’ ’ , , asse 1 

4,739,398 A ‘V1988 Thomas et a1~ 6,845,360 B2* 1/2005 Jensen e161. ................ .. 704/500 

jag/32(5): Z1323 garey?maet a1~ 6,862,355 B2 3/2005 Kolessaretal. 
4,843,562 A M989 K2?“ er‘fal 6,871,180 B1* 3/2005 Neuhauseretal. ......... .. 704/500 

’ ’ Yone ' 6,934,508 B2 8/2005 Ceresolietal. 

gig/gag: lg?ggg ge?tft a1~ 6,958,710 B2 10/2005 Zhang e161. 
4,930,011 A “990 Kielxljfe 6,996,237 B2* 2/2006 Jensen e161. ................ .. 380/252 

4,942,607 A 7/1990 Schroderetal. 98(1)??? 5% ggggg (sjomlnsen 
4 943 973 A 7/1990 Werner ’ ’ Op ey 

’ r 7,222,071 B2* 5/2007 Neuhauseretal. ......... .. 704/231 
4,945,412 A 7/1990 Kramer 2001/0053190 A1 12/2001 Srinivasan 
4,955,070 A 9/1990 Welsh ‘ital 2002/0097193 A1 7/2002 Powers 

gig/42$: F5338 greenbergi 2002/0107027 A1 8/2002 O’Neil 
5,023,929 A M991 CS1“ eta' 2003/0005430 A1 1/2003 Kolessar 

’ ’ “992 B t t 1 2003/0055707 A1 3/2003 Buscheetal. 

A * $1993 NfcsDgnjmet al 375/130 2003/0097302 A1 5/2003 OverhultZ e161. 
5,213,337 A “993 Sherman ' ~~~~~~~~~ " 2003/0110485 A1 6/2003 Luetal. 

5,214,788 A * 5/1993 Delaperriere e161. ...... .. 375/132 5883;85338? 2} 3588; gig“ 31' 
5,214,793 A 5/1993 Conwayetal 2003/0171833 A1 9/2003 Crystal etal 
5,311,541 A * 5/1994 Sanderford, Jr. ............ .. 375/131 2003/017l975 A1 900% Kirshenbaum 
5,319,735 A 6/1994 Preussetal 2004/0019675 A1 1/2004 Hebeler, Jr. e161. 

2,332,322 5133; gienberg 2004/0102961 A1 5/2004 Jensen e161. 
5,404,377 A M995 MOSES 2004/0122727 A1 6/2004 Zhangetal. 
5’408’496 A * 4/l995 Ritzetal 375/l32 2004/0127192 A1 7/2004 Ceresolletal. 
5’425’l00 A 619% Thomas ét'é'l'l' """""""" " 2004/0170381 A1 9/2004 Sr1n1vasan 

5,450,490 A * 9/1995 Jensen e161. ................ .. 380/253 gggggggggg; 2} ggggg ?hanggtal' 
OWBI 

5,461,390 A 10/1995 Hoshen 2005/0201826 A1 9/2005 Zhang e161. 
gig/532A 51332 grlgglise‘zta‘lll 2006/0222179 A1 10/2006 Jensen e161. 
5,510,828 A 4/ 1996 Lutterbach et al. FOREIGN PATENT DOCUMENTS 
5,512,933 A 4/1996 Wheatley e161. 
5,526,427 A * 6/1996 Thomas et al. ............... .. 725/18 CA 2036205 C 12/1991 
5,541,585 A 7/1996 Duhame e161. DE 3806411 A1 9/1989 
5,574,962 A 11/1996 Fardeau e161. EP 0372601 A1 6/1990 
5,579,124 A 11/1996 Aijalaetal. FR 2559002 A1 8/1985 
5,581,800 A 12/1996 Fardeau e161. WO 91/11062 A1 7/1991 
5,594,934 A 1/1997 Lu e161. W0 WO91/11062 7/1991 
5,612,729 A 3/1997 Ellis et al. W0 9307689 A1 4/1993 
5,612,741 A 3/1997 Loban e161. W0 WO 93/07689 4/1993 
5,687,191 A * 11/1997 Lee e161. .................... .. 375/216 WO 95/12278 A1 5/1995 
5,737,025 A 4/1998 Dougherty e161. WO 96/27264 A1 9/1996 
5,758,315 A 5/1998 Mori WO 98/l0539 A2 3/1998 
5,761,240 A * 6/1998 Croucher, Jr. ............... .. 375/224 WO 98/26529 A2 6/1998 
5,764,763 A * 6/1998 Jensen e161. ................ .. 380/253 WO 98/32251 A1 7/1998 
5,768,680 A 6/1998 Thomas WO 99/59275 A1 11/1999 
5,787,334 A 7/1998 Fardeau e161. WO 00/04662 B2 1/2000 
5,796,785 A @1998 Spiem WO 00/72309 A1 11/2000 
5,809,013 A * 9/1998 Kackman .................... .. 370/253 W0 2006/14362 A1 2/2006 

5,828,325 A 10/1998 WoloseWicZ et al. 
5,848,129 A 12/1998 Baker OTHER PUBLICATIONS 

2 1322:5211‘ De?nition of Checksum. SearchSecurity. 
539453932 A 8/1999 Smith et ai‘ Namba, Seiichi, et al., “A Program Identi?cation Code Transmission 
5,960,048 A * 9/1999 Hamsen ,,,,,,,,,,,,,,,,,,,,, H 375/366 System Using Low-Frequency Audio Signals”; NHK Laboratories 
5,966,696 A 10/1999 Giraud Note; Ser. N6.314, Mar. 1985. 
6,005,598 A 12/1999 Je0I_1g McGraW-Hill Encyclopedia of Science & Technology, 6th Edition, 
6,148,020 A * 11/2000 EH11 ~~~~~~~~~~~~~~~~~~~~~~~~~~~~ ~~ 375/132 McGraw-Hill Book Company, 1987, Vol.8, pp. 328-341. 

g1 £Zg§i§a a1 Rossing, The Science of Sound, AddisoniWesleyPublishingCom 
6:252:522 B1 60001 Hampton et a1‘ pany, 1990, Chapters 5 and 6 (pp. 65-108) and sect1on 16.4 (pp. 
6,266,442 B1 7/2001 Laumeyeretal. 336-338) 
6,286,005 B1 9/2001 Cannon ZWislocki, J.J. “Masking: Experimental and Theoretical 
6,330,293 B1 * 12/2001 Klank et al. ................ .. 375/344 Aspects . . . ”, 1978, in Carterette, et al., ed., Handbook ofPerception 

6,360,167 B1 3/2002 Millington et al. vol. IV, pp. 283-316, Academic Press, New York . 



US RE42,627 E 
Page 3 

Bender, et al., “Techniques for Data Hiding”, IBM Systems Journal, 
vol. 35, Nos. 3 & 4, 196. 
RabinowitZ, M. et al, A New Positioning System Using Television 
Synchronization Signals, date unknown, pp. 1-1 1. 
RabinowitZ, M. et al, Is a Next Generation Positioning Technology 
Necessary?, Jun. 17, 2002, 22 pages. 
www.rosum.com, various pages from website, Rosum TV-GPS, 
printed Feb. 16, 2005, 13 pages total. 
Apr. 22, 2009 Complaint in Arbitron Inc., v. John Barrett Kiq‘l in 
United States District Court for the Southern Distric of New York. 
Case l:09-cv-040l3-PAC. 

Apr. 8, 2009 Letter from John S. Macera (representing Kie?) to 
Michael SkarZynski (of Arbitron) re: alleged patent infringement. 
(Exhibit 1 of the Apr. 22, 2009 Complaint in Arbitron Inc., v. John 
Barrett Kie? in United States District Court for the Southern Distric 

ofNewYork. Case l:09-cv-040l3-PAC.). 
Apr. 24, 2009 Letter from Michael SkarZynski (of Arbitron) to John 
S. Macera (representing Kie?) re: alleged patent infringement. 

* cited by examiner 



US. Patent Aug. 16, 2011 Sheet 1 or 10 US RE42,627 E 

FIG. / 

INFORMATION 
GNAI. SI '2 

SYMBOL GENERATING J 

1Q SYMBOL SEOJENOE ,4 
GENERATING 

SYMBOL ENOOOING LIB 

ACOUSTIC HAS-KING 
'1 mm ~|a 

EVALUATION/ADJUSTMENT 

1 ENOODED 
H ooosmcwsmn -—>Auo|o 

1 SIGNAL 

2O 

AUDIO 
SIGNAL 



US. Patent Aug. 16, 2011 Sheet 2 or 10 US RE42,627 E 

F l G' . Z 

mrom‘nou 
SIGNAL 5mm 

corvmemcn 5| 
WORK 

AUTHOR S2 

BROADCASTING 5,5 
smlon 

DATE 34 



US. Patent Aug. 16, 2011 Sheet 3 0f 10 US RE42,627 E 

x 6 \ \ 

$55.5 r??? ~ 2%.? 125.5 m» J x “w _m <m 

Um, .m\h\ 

J mm N” x E J nm N” a S J nm N” _m Q” J mm mm .@ <w 

mm, ..@\|.\ 

a x. N” _w 

Sm, 6F.‘ 



US. Patent Aug. 16, 2011 Sheet 4 or 10 US RE42,627 E 

:8» 212:: . ‘Ev mEh wEu E; a: 5: z 221:: 2. 52.5% . 215 21; six: 5-5» 275* i 33w 7: 

. . . . . . . . . . E2023 

z: 24:: . v: m: N: 3* ad <: Q 35:35 
=n¥ SIS: . 1% mm‘ um» _mw m3 <m~ m E.“ 2.58 . 5 3 Na 5 me <8 N z; 2.5: . v: m: 2.. Zw m: <C _ 

zw Tzw . em mm mm _m mm 4m 

, 32% 

V .Q?x 



US. Patent Aug. 16, 2011 Sheet 5 0f 10 US RE42,627 E 

AUDIO SIGNAL 50 
‘L765 FEED / 

[\42 
RECORDING AUDIO r 54 
INFORMATION SIGNAL 58 / SIGNAL 5 ENOODER 

_, nzcoanmc 
56 6° mum 

91% 
RECORDER \sz 

v64 

. es 

PJi‘é?‘i‘éfJL? 2.1121 / 
SIGNAL ea ENOODER \m 

#12 
BROADCASTER 

f.“ 

RELAY STATION 16 
mromnou \ / 
SIGNAL 5 V 

1a 

RELAY snmou 

QI‘BIEL \ 
88'“ DECODER 8° 

LISTENER 



US. Patent Aug. 16, 2011 Sheet 6 0f 10 US RE42,627 E 

mg 2: 'IIIIIIIIQIII'IIIIIIIIIIIIIII 



US. Patent Aug. 16, 2011 Sheet 7 0f 10 US RE42,627 E 

m2 5 $53 
a 2 

25:3 3:; a 2.5.5: 2225: um?ww? 2%» 23: Eng“ , 

25:23 32.: 2:: 8- a: :2 N2: 

. g 

k .Q\.u~ 

3 .253 



US. Patent Aug. 16, 2011 Sheet 8 0f 10 

GET AID SAMPLES 

FIG. 8 

FIND NOISE FOR 
EACH SYMBOL 
AND SUBTRADT 
FROM SNR'S 

L 
EXANINE PATTERN 
0F MAX, NOISE - 
ADJUSTED SNR'S 
FDR MESSAGE 

I62 
NO 

YES 

LOG MESSAGE, 
DLEAR SNR 

US RE42,627 E 

BUFFER 



US. Patent Aug. 16, 2011 Sheet 9 0f 10 US RE42,627 E 

can-t m 33:5 



US. Patent Aug. 16, 2011 Sheet 10 or 10 US RE42,627 E 

FIG. l0 

an AID sums 7 
/-ISO 

ENOUGH SAMPLES 
FOR FFT 

? 

I38 
PEFORM m AND ‘"’ 
DETERMINE sun's 

ADD SNR's T0 —-\ no 
sun aurrsa 

EXAMINE PATTERN \ 
0F MAXIMUM SNR'S 
FOR MESSAGE 

LOG MESSAGE —-_-* 



US RE42,627 E 
1 

ENCODING AND DECODING OF 
INFORMATION IN AUDIO SIGNALS 

Matter enclosed in heavy brackets [ ] appears in the 
original patent but forms no part of this reissue speci?ca 
tion; matter printed in italics indicates the additions 
made by reissue. 

CROSS-REFEREN CE T 0 RELATED 
APPLI CA T 1 ONS AND U.S. PA TENT DOCUMENT 

This is an application to reissue US. Pat. No. 6,871,180 
issued Man 22, 2005?’0m application Sen No. 09/318,045 
?led May 25, 1999. 

BACKGROUND OF THE INVENTION 

The present invention relates to methods and apparatus for 
extracting an information signal from an encoded audio sig 
nal. 

There are various motivations to permanently or indelibly 
incorporate information signals into audio signals, referred to 
as “watermarking.” Such an audio watermark may provide, 
for example, an indication of authorship, content, lineage, 
existence of copyright, or the like for the audio signals so 
marked. Alternatively, other information may be incorporated 
into audio signals either concerning the signal itself or unre 
lated to it. The information may be incorporated in an audio 
signal for various purposes, such as identi?cation or as an 
address or command, whether or not related to the signal 
itself. 

There is considerable interest in encoding audio signals 
with information to produce encoded audio signals having 
substantially the same perceptible characteristics as the origi 
nal unencoded audio signals. Recent successful techniques 
exploit the psychoacoustic masking effect of the human audi 
tory system whereby certain sounds are humanly impercep 
tible when received along with other sounds. 
One particularly successful utilization of the psychoacous 

tic masking effect is described in US. Pat. No. 5,450,490 and 
US. Pat. No. 5,764,763 (Jensen et al.) in which information is 
represented by a multiple-frequency code signal which is 
incorporated into an audio signal based upon the masking 
ability of the audio signal. The encoded audio signal is suit 
able for broadcast transmission and reception as well as for 
recording and reproduction. When received the audio signal 
is then processed to detect the presence of the multiple-fre 
quency code signal. Sometimes, only a portion of the mul 
tiple-frequency code signal, e.g., a number of single fre 
quency code components, inserted into the original audio 
signal are detected in the received audio signal. If a suf?cient 
quantity of code components is detected, the information 
signal itself may be recovered. 

Generally, an acoustic signal having low amplitude levels 
will have only minimal capacity, if any at all, to acoustically 
mask an information signal. For example, such low amplitude 
levels can occur during a pause in a conversation, during an 
interlude between segments of music, or even within certain 
types of music. During a lengthy period of low amplitude 
levels, it may be dif?cult to incorporate a code signal in an 
audio signal without causing the encoded audio signal to 
differ from the original in an acoustically perceptible manner. 
A further problem is the occurrence of burst errors during 

the transmission or reproduction of encoded audio signals. 
Burst errors may appear as temporally contiguous segments 
of signal error. Such errors generally are unpredictable and 
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2 
substantially affect the content of an encoded audio signal. 
Burst errors typically arise from failure in a transmission 
channel or reproduction device due to severe external inter 
ferences, such as an overlapping of signals from different 
transmission channels, an occurrence of system power 
spikes, an interruption in normal operations, an introduction 
of noise contamination (intentionally or otherwise), and the 
like. In a transmission system, such circumstances may cause 
a portion of the transmitted encoded audio signals to be 
entirely unreceivable or signi?cantly altered. Ab sent retrans 
mission of the encoded audio signal, the affected portion of 
the encoded audio may be wholly unrecoverable, while in 
other instances alterations to the encoded audio signal may 
render the embedded information signal undetectable. In 
many applications, such as radio and television broadcasting, 
real-time retransmission of encoded audio signals is simply 
unfeasible. 

In systems for acoustically reproducing audio signals 
recorded on media, a variety of factors may cause burst errors 
in the reproduced acoustic signal. Commonly, an irregularity 
in the recording media, caused by damage, obstruction, or 
wear, results in certain portions of recorded audio signals 
being unreproducable or signi?cantly altered upon reproduc 
tion. Also, misalignment of or interference with the recording 
or reproducing mechanism relative to the recording medium 
can cause burst-type errors during an acoustic reproduction of 
recorded audio signals. Further, the acoustic limitations of a 
speaker as well as the acoustic characteristics of the listening 
environment may result in spatial irregularities in the distri 
bution of acoustic energy. Such irregularities may cause burst 
errors to occur in received acoustic signals, interfering with 
code recovery. 

OBJECTS AND SUMMARY OF THE 
INVENTION 

Therefore, an object of the present invention is to provide 
systems and methods for detecting code symbols in audio 
signals which alleviate the problems caused by periods of low 
signal levels and burst errors. 

It is another object of the invention to provide such systems 
and methods which afford reliable operation under adverse 
conditions. 

It is a further object of the invention to provide such sys 
tems and methods which are robust. 

In accordance with an aspect of the present invention, 
systems and methods are provided for decoding at least one 
message symbol represented by a plurality of code symbols in 
an audio signal. The systems and methods comprise the 
means for and the steps of, respectively, receiving ?rst and 
second code symbols representing a common message sym 
bol, the ?rst and second code symbols being displaced in time 
in the audio signal, accumulating a ?rst signal value repre 
senting the ?rst code symbol and a second signal value rep 
resenting the second code symbol, and examining the accu 
mulated ?rst and second signal values to detect the common 
message symbol. 

In accordance with another aspect of the present invention, 
a system is provided for decoding at least one message sym 
bol represented by a plurality of code symbols in an audio 
signal. The system comprises, an input device for receiving 
?rst and second code symbols representing a common mes 
sage symbol, the ?rst and second code symbols being dis 
placed in time in the audio signal; and a digital processor in 
communication with the input device to receive data there 
from representing the ?rst and second code symbols, the 
digital processor being programmed to accumulate a ?rst 
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signal value representing the ?rst code symbol and a second 
signal value representing the second code symbol, the digital 
processor being further programmed to examine the accumu 
lated ?rst and second signal values to detect the common 
message symbol. 

In certain embodiments, the ?rst and second signal values 
are accumulated by storing the values separately and the 
common message symbol is detected by examining both of 
the separately stored values. The ?rst and second signal val 
ues may represent signal values derived from multiple other 
signal values, such as values of individual code frequency 
components, or a single signal value, such as a measure of the 
magnitude of a single code frequency component. Moreover, 
a derived value may be obtained as a linear combination of 
multiple signal values, such as a summation of Weighted or 
unWeighted values, or as a non-linear function thereof. 

In further embodiments, the ?rst and second signal values 
are accumulated by producing a third signal value derived 
from the ?rst and second values. The third signal value in 
some embodiments is derived through a linear combination of 
the ?rst and second signal values, such as a Weighted or 
unWeighted summation thereof, or as a nonlinear function 
thereof. 

Other objects, features, and advantages according to the 
present invention Will become apparent from the folloWing 
detailed description of certain advantageous embodiments 
When read in conjunction With the accompanying draWings in 
Which the same components are identi?ed by the same refer 
ence numerals. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a functional block diagram of an encoding appa 
ratus; 

FIG. 2 is a table to Which reference Will be made in explain 
ing a methodology for encoding information in an audio 
signal; 

FIGS. 3A, 3B, and 3C are schematic diagrams Which illus 
trate an audio signal encoding methodology; 

FIG. 4 is another table to Which reference Will be made in 
explaining a methodology for encoding information in an 
audio signal; 

FIG. 5 is a block diagram illustrating a multiple-stage 
audio signal encoding system; 

FIG. 6 is a functional block diagram of a personal portable 
meter; 

FIG. 7 is a functional block diagram illustrating a decoding 
apparatus; 

FIG. 8 is a ?owchart illustrating a methodology for retriev 
ing an information code from an encoded audio signal; 

FIG. 9 is a schematic diagram of a circular SNR buffer used 
in carrying out the methodology of FIG. 8; 

FIG. 10 is a How chart illustrating another methodology for 
retrieving an information code from an encoded audio signal. 

DETAILED DESCRIPTION OF CERTAIN 
ADVANTAGEOUS EMBODIMENTS 

The present invention relates to the use of especially robust 
encoding Which converts information into redundant 
sequences of code symbols. In certain embodiments, each 
code symbol is represented by a set of different, predeter 
mined single-frequency code signals; hoWever, in other 
embodiments different code symbols may optionally share 
certain single-frequency code signals or may be provided by 
a methodology Which does not assign predetermined fre 
quency components to a given symbol. The redundant 
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4 
sequence of symbols is incorporated into the audio signals to 
produce encoded audio signals that are unnoticed by the 
listener but nevertheless recoverable. 
The redundant code symbol sequence is especially suited 

for incorporation into audio signals having loW masking 
capacity, such as audio signals having many loW amplitude 
portions or the like. Additionally, When incorporated into 
audio signals, the redundant sequence of code symbols resists 
degradation by burst errors Which affect temporally contigu 
ous audio signals. As described hereinabove, such errors may 
be the result of imperfect audio signal recording, reproduc 
tion, and/ or storage processes, transmission of the audio sig 
nals through a lossy and/or noisy channel, irregularities in an 
acoustic environment, or the like. 

To recover the encoded information in certain advanta 
geous embodiments, the encoded audio signals are examined 
in an attempt to detect the presence of predetermined single 
frequency code components. During the encoding process, 
some single-frequency code components may not have been 
incorporated into the audio signals in certain signal intervals 
due to insu?icient masking capacity in the audio signals in 
these intervals. Burst errors Which have corrupted portions of 
the encoded audio signals can result in the deletion of certain 
code signals from the encoded audio signals or in the insertion 
of erroneous signals, such as noise, into the encoded audio 
signals. Thus, examination of the encoded audio signals is 
likely to reveal a much distorted version of the original 
sequence of sets of single-frequency code signals that repre 
sented the information. 
The single-frequency code components that are recovered, 

along With the erroneous additional signals that are mistak 
enly detected as code signals, are processed to discern the 
original sequence of code symbols, if possible. The code 
signal detection and processing operations are speci?cally 
adapted to exploit the strengths of the encoding methodology. 
As a result, the detection and processing methodology of the 
present invention provides improved error tolerance. 

FIG. 1 is a functional block diagram of an audio signal 
encoder 10. Encoder 10 implements an optional symbol gen 
eration function 12, a symbol sequence generation function 
14, a symbol encoding function 16, an acoustic masking 
effect evaluation/adjustment function 18, and an audio signal 
inclusion function 20. Preferably encoder 10 comprises a 
softWare-controlled computer system. The computer may be 
provided With an analog processor for sampling an analog 
audio signal to be encoded, or may input the audio signal 
directly in digital form, With or Without resampling. Altema 
tively, encoder 10 may comprise one or more discrete signal 
processing components. 
The symbol generation function 12, When employed, trans 

lates an information signal into a set of code symbols. This 
function may be carried out With the use of a memory device, 
such as a semiconductor EPROM of the computer system, 
Which is prestored With a table of code symbols suitable for 
indexing With respect to an information signal. An example of 
a table for translating an information signal into a code sym 
bol for certain applications is shoWn in FIG. 2. The table may 
be stored on a hard drive or other suitable storage device of the 
computer system. The symbol generation function may also 
be carried out by one or more discrete components, such as an 
EPROM and associated control devices, by a logic array, by 
an application speci?c integrated circuit, or any other suitable 
device or combination of devices. The symbol generation 
function may also be implemented by one or more devices 
Which also implement one or more of the remaining functions 
illustrated in FIG. 1. 
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The symbol sequence generating function 14 formats the 
symbols produced by the symbol generating function (or 
input directly to the encoder 10) into a redundant sequence of 
code or information symbols. As part of the formatting pro 
cess, in certain embodiments marker and/or synchronization 
symbols are added to the sequence of code symbols. The 
redundant sequence of code symbols is designed to be espe 
cially resistant to burst errors and audio signal encoding pro 
cesses. Further explanation of redundant sequences of code 
symbols in accordance With certain embodiments Will be 
provided in connection With the discussion of FIGS. 3A, 3B, 
and 3C beloW. Preferably, the generating function 14 is imple 
mented in a processing device, such as a microprocessor 
system, or by a dedicated formatting device, such as an appli 
cation speci?c integrated circuit or a logic array, by a plurality 
of components or a combination of the foregoing. The symbol 
sequence generating function may also be implemented by 
one or more devices Which also implement one or more of the 
remaining functions illustrated in FIG. 1. 
As noted above, the symbol sequence generating function 

14 is optional. For example, the encoding process may be 
carried out such that the information signal is translated 
directly into a predetermined symbol sequence, Without 
implementing separate symbol generating and symbol 
sequence generating functions. 

Each symbol of the sequence of symbols thus produced is 
converted by the symbol encoding function 16 into a plurality 
of single-frequency code signals. In certain advantageous 
embodiments the symbol encoding function is performed by 
means of a memory device of the computer system, such as a 
semiconductor EPROM, Which is prestored With sets of 
single-frequency code signals that correspond to each sym 
bol. An example of a table of symbols and corresponding sets 
of single-frequency code signals is shoWn in FIG. 4. 

Alternatively, the sets of code signals may be stored on a 
hard drive or other suitable storage device of the computer 
system. The encoding function may also be implemented by 
one or more discrete components, such as an EPROM and 

associated control devices, by a logic array, by an application 
speci?c integrated circuit or any other suitable device or 
combination of devices. The encoding function may also be 
carried out by one or more devices Which also implement one 
or more of the remaining functions illustrated in FIG. 1. 

In the alternative, the encoded sequence may be generated 
directly from the information signal, Without implementing 
the separate functions 12, 14, and 16. 

The acoustic masking effect evaluation/adjustment func 
tion 18 determines the capacity of an input audio signal to 
mask single-frequency code signals produced by the symbol 
encoding function 16. Based upon a determination of the 
masking ability of the audio signal, the function 18 generates 
adjustment parameters to adjust the relative magnitudes of the 
single-frequency code signals so that such code signals Will 
be rendered inaudible by a human listener When incorporated 
into the audio signal. Where the audio signal is determined to 
have loW masking capacity, due to loW signal amplitude or 
other signal characteristics, the adjustment parameters may 
reduce the magnitudes of certain code signals to extremely 
loW levels or may nullify such signals entirely. Conversely, 
Where the audio signal is determined to have a greater mask 
ing capacity, such capacity may be utiliZed through the gen 
eration of adjustment parameters that increase the magni 
tudes of particular code signals. Code signals having 
increased magnitudes are generally more likely to be distin 
guishable from noise and thus detectable by a decoding 
device. Further details of certain advantageous embodiments 
of such evaluation/adjustment function are set forth in Us. 
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6 
Pat. No. 5,764,763 and Us. Pat. No. 5,450,490 to Jensen, et 
al., each entitled Apparatus and Methods for Including Codes 
in Audio Signals and Decoding, Which are incorporated 
herein by reference in their entirety. 

In certain embodiments, the function 18 applies the adjust 
ment parameters to the single-frequency code signals to pro 
duce adjusted single-frequency code signals. The adjusted 
code signals are included in the audio signal by the function 
20. Alternatively, the function 18 supplies the adjustment 
parameters along With the single-frequency code signals for 
adjustment and inclusion in the audio signal by the function 
20. In still other embodiments, the function 18 is combined 
With one or more of the functions 12, 14, and 16 to produce 
magnitude-adjusted single-frequency code signals directly. 

In certain embodiments, the acoustic masking effect evalu 
ation/adjustment function 18 is implemented in a processing 
device, such as a microprocessor system Which may also 
implement one or more of the additional functions illustrated 
in FIG. 1. The function 18 may also be carried out by a 
dedicated device, such as an application speci?c integrated 
circuit or a logic array, or by a plurality of discrete compo 
nents, or a combination of the foregoing. 
The code inclusion function 20 combines the single-fre 

quency code components With the audio signal to produce an 
encoded audio signal. In a straightforward implementation, 
the function 20 simply adds the single-frequency code signals 
directly to the audio signal. HoWever, the function 20 may 
overlay the code signals upon the audio signal. Alternatively, 
modulator 20 may modify the amplitudes of frequencies 
Within the audio signal according to an input from acoustic 
masking effect evaluation function 18 to produce an encoded 
audio signal that includes the adjusted code signals. More 
over, the code inclusion function may be carried out either in 
the time domain or in the frequency domain. The code inclu 
sion function 20 may be implemented by means of an adding 
circuit, or by means of a processor. This function may also be 
implemented by one or more devices described above Which 
also implement one or more of the remaining functions illus 
trated in FIG. 1. 
One or more of the functions 12 through 20 may be imple 

mented by a single device. In certain advantageous embodi 
ments, the functions 12, 14, 16 and 18 are implemented by a 
single processor, and in still others a single processor carries 
out all of the functions illustrated in FIG. 1. Moreover, tWo or 
more of the functions 12, 14, 16 and 18 may be implemented 
by means of a single table maintained in an appropriate stor 
age device. 

FIG. 2 illustrates an exemplary translation table for con 
verting an information signal into a code symbol. As shoWn, 
an information signal may comprise information regarding 
the content of, the characteristics of, or other considerations 
relating to a particular audio signal. For example, it is con 
templated that an audio signal could be modi?ed to include an 
inaudible indication that copyright is claimed in the audio 
program. Correspondingly, a symbol, such as S1, may be 
utiliZed to indicate that copyright is claimed in the particular 
Work. Similarly, an author may be identi?ed With a unique 
symbol S2 or a broadcasting station identi?ed With a unique 
symbol S3. Further, a particular date could be represented by 
a symbol S4. Of course many other types of information could 
be included in an information signal and translated into a 
symbol. For example, information such as addresses, com 
mands, encryption keys, etc., may be encoded in such sym 
bols. Alternatively, sets or sequences of symbols, in addition 
to or instead of individual symbols, may be utiliZed to repre 
sent particular types of information. As another alternative, an 
entire symbolic language may be implemented to represent 
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any type of information signal.Also, the encoded information 
need not be related to the audio signal. 

FIG. 3A is a schematic diagram illustrating a stream of 
symbols Which might be generated by the symbol generating 
function 12 of FIG. 1, While FIGS. 3B and 3C are schematic 
diagrams illustrating sequences of symbols Which might be 
generated by the symbol sequence generating function 14 of 
FIG. 1 in response to the symbol stream of FIG. 3A. In FIGS. 
3A through 3C, S1, S2, S3, and S4 are used as examples of 
symbols to illustrate features of the present invention and are 
not meant to limit its applicability. For example, the informa 
tion represented by any one or more of the symbols S1, S2, S3 
or S4 may be selected arbitrarily Without regard to that repre 
sented by any one or more of the other symbols. 

FIG. 3B illustrates an example of a core unit of a redundant 
symbol sequence representative of an input set of four sym 
bols, S1, S2, S3, and S4. The core unit begins With a ?rst 
message segment having sequence or marker symbol, S A, 
folloWed by the four input data symbols, folloWed by three 
repeating message segments each comprised of a sequence or 
marker symbol, SB, and the four input symbols. For many 
applications, this core unit alone is suf?ciently redundant to 
provide the required level of survivability. Alternatively, this 
core unit may itself be repeated to increase survivability. 
Moreover, the core unit may have more or less than four 
message segments, as Well as segments having more or less 
than four or ?ve symbols. 

Generalizing from this example, an input set of N symbols, 
S1, S2, S3, . . . , SN_1, SN, is represented by the redundant 
symbol sequence comprising SA, S1, S2, S3, . . . SN_l, SN, 
folloWed by (P-l) repeating segments comprising S B, S1, S2, 
S3, . . . SN_l, SN. As in the example, this core unit may itself 
be repeated to increase survivability. In addition, the 
sequence of symbols in the message segments may be varied 
from segment to segment so long as the decoder is arranged to 
recognize corresponding symbols in the various segments. 
Moreover, different sequence or marker symbols and combi 
nations thereof may be employed, and the positions of the 
markers With respect to the data symbols may be arranged 
differently. For example, the sequence can take the form, 
S1...,S2,...,SA,...,SNortheform,S1,S2...,SN,SA. 

FIG. 3C illustrates an example of an advantageous core 
unit of a redundant symbol sequence representative of an 
input set offour data symbols, S1, S2, S3, and S4. The core unit 
begins With a sequence or marker symbol, S A, folloWed by the 
four input data symbols, folloWed by a sequence or marker 
symbol, SB, folloWed by SW45) mod M, S(2+B) mod M, S(3+B) 
mod M, SW45) mod M, Where M is the number of different 
symbols in the available symbol set and Where [3 is an offset 
having a value betWeen Q and M. In an advantageous embodi 
ment, the offset [3 is selected as a CRC checksum. In still other 
embodiments, the value of the offset [3 is varied from time to 
time to encode additional information in the message. For 
example, if the offset can vary from 0 to 9, nine different 
information states can be encoded in the offset. 

Generalizing from this example, an input set of N symbols, 
S1, S2, S3, . . . SN_l, SN, is represented by the redundant 
symbol sequence comprising SA, S1, S2, S3, . . . SN_l, SN, SB, 
SW45) mod M, S(2+|5) mod M, S(3+|5) mod M, . . . S(N_1+B) mod 
M, S(N+B)mod M. That is, the same information is represented 
by tWo or more different symbols in the same core unit and 
recognized according to their order therein. In addition, these 
core units may themselves be repeated to increase survivabil 
ity. Since the same information is represented by multiple 
different symbols, the coding is made substantially more 
robust. For example, the structure of an audio signal can 
mimic the frequency component of one of the data symbols 
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S N, but the likelihood that the audio signal Will also mimic its 
corresponding offset SUWB) mod M at its predetermined 
occurrence is very much loWer. Also, since the offset is the 
same for all symbols Within a given segment, this information 
provides a further check on the validity of the detected sym 
bols Within that segment. Consequently, the encoding format 
of FIG. 3C substantially reduces the likelihood of false detec 
tions induced by the structure of the audio signal. 
A particular strength of the redundant sequence exempli 

?ed in FIG. 3 is its utilization of the input symbols in their 
original order folloWed by (a) a different arrangement of the 
input symbols, (b) an arrangement of symbols that includes 
other symbols in place of one or more of the input symbols, 
With or Without rearrangement of input symbol order, or (c) an 
arrangement of symbols different from the input symbols. 
Arrangements (b) and (c) are particularly robust since, upon 
symbol encoding, an increased diversity of single-frequency 
code signals is achieved. Assuming that the input symbols are 
encoded collectively from among a ?rst group of code sig 
nals, symbols in arrangements (b) and (c) Will be encoded 
With another group of code signals Which to some extent does 
not overlap the ?rst group. A greater diversity of code signals 
Will generally increase the likelihood that some code signals 
are Within the masking capacity of the audio signal. 
The table of FIG. 4 illustrates an exemplary conversion for 

a sequence or marker symbol, S A, a sequence or marker 

symbol, SB, andNdata symbols, S1, S2, S3, . . . , SN_l, SN, into 
corresponding sets of M single-frequency code signals flx, 
fzx, f3x, . . . , f[M_ 11x, fMx, Where x references the identifying 
subscript of the particular symbol. Although the single-fre 
quency code signals may occur throughout the frequency 
range of the audio signal and, to some extent, outside such 
frequency range, the code signals of this embodiment are 
Within the frequency range 500 Hz to 5500 Hz but may be 
selected as a different frequency range. In one embodiment, 
the sets of M single-frequency code signals may share certain 
single-frequency code signals; hoWever, in a preferred 
embodiment, the single-frequency code signals are com 
pletely non-overlapping. Moreover, it is not necessary that all 
symbols be represented by the same number of frequency 
components. 

FIG. 5 illustrates a multiple-stage audio signal encoding 
system 50. This system implements multiple audio signal 
encoders to successively encode an audio signal 52 as it 
travels along a typical audio signal distribution netWork. At 
each stage of distribution, the audio signal is successively 
encoded With an information signal pertinent to the particular 
stage. Preferably, the successive encodings of the respective 
information signals do not produce code signals that overlap 
in frequency. Nevertheless, due to the robust nature of the 
encoding methodology, partial overlap among the frequency 
components of the respective encoded information signals is 
tolerable. System 50 includes a recording facility 54; a broad 
caster 66; a relay station 76; audio signal encoders 58, 70, and 
80; an audio signal recorder 62; a listener facility 86; and an 
audio signal decoder 88. 

Recording facility 54 includes apparatus for receiving and 
encoding audio signals and recording encoded audio signals 
upon a storage medium. Speci?cally, facility 54 includes 
audio signal encoder 58 and audio signal recorder 62. Audio 
signal encoder 58 receives an audio signal feed 52 and a 
recording information signal 56 and encodes audio signal 52 
With information signal 56 to produce an encoded audio sig 
nal 60. Audio signal feed 52 may be produced by any con 
ventional source of audio signals such as a microphone, an 
apparatus for reproducing recorded audio signals, or the like. 
Recording information signal 56 preferably comprises infor 



US RE42,627 E 
9 

mation regarding audio signal feed 52, such as its authorship, 
content, or lineage, or the existence of copyright, or the like. 
Alternatively, recording information signal 56 may comprise 
any type of data. 

Recorder 62 is a conventional device for recording encoded 
audio signals 60 upon a storage medium Which is suitable for 
distribution to one or more broadcasters 66. Alternatively, 
audio signal recorder 62 may be omitted entirely. Encoded 
audio signals 60 may be distributed via distribution of the 
recorded storage media or via a communication link 64. Com 
munication link 64 extends betWeen recording facility 54 and 
broadcaster 66 and may comprise a broadcast channel, a 
microWave link, a Wire or ?ber optic connection, or the like. 

Broadcaster 66 is a broadcasting station that receives 
encoded audio signals 60, further encodes such signals 60 
With a broadcaster information signal 68 to produce a tWice 
encoded audio signal 72, and broadcasts the tWice-encoded 
audio signal 72 along a transmission path 74. Broadcaster 66 
includes an audio signal encoder 70 Which receives encoded 
audio signal 60 from recording facility 54 and a broadcaster 
information signal 68. Broadcaster information signal 68 
may comprise information regarding broadcaster 66, such as 
an identi?cation code, or regarding the broadcasting process, 
such as the time, date or characteristics of the broadcast, the 
intended recipient(s) of the broadcast signal, or the like. 
Encoder 70 encodes encoded audio signal 60 With informa 
tion signal 68 to produce tWice-encoded audio signal 72. 
Transmission path 74 extends betWeen broadcaster 66 and 
relay station 76 may comprise a broadcast channel, a micro 
Wave link, a Wire or ?ber optic connection, or the like. 

Relay station 76 receives a tWice-encoded audio signal 72 
from broadcaster 66, further encodes that signal With a relay 
station information signal 78, and transmits the thrice-en 
coded audio signal 82 to a listener facility 86 via a transmis 
sion path 84. Relay station 76 includes an audio signal 
encoder 80 Which receives tWice-encoded audio signal 72 
from broadcaster 66 and a relay station information signal 78. 
Relay station information signal 78 preferably comprises 
information regarding relay station 76, such as an identi?ca 
tion code, or regarding the process of relaying the broadcast 
signal, such as the time, date or characteristics of the relay, the 
intended recipient(s) of the relayed signal, or the like. 
Encoder 80 encodes tWice-encoded audio signal 72 With relay 
station information signal 78 to produce thrice-encoded audio 
signal 82. Transmission path 84 extends betWeen relay station 
76 and listener facility 86 and may comprise a broadcast 
channel, a microWave link, a Wire or ?ber optic connection, or 
the like. Optionally, transmission path 84 may be an acoustic 
transmission path. 

Listener facility 86 receives thrice-encoded audio signal 82 
from relay station 76. In audience estimate applications, lis 
tener facility 86 is located Where a human listener may per 
ceive an acoustic reproduction of audio signal 82. If audio 
signal 82 is transmitted as an electromagnetic signal, listener 
facility 86 preferably includes a device for acoustically repro 
ducing that signal for the human listener. HoWever, if audio 
signal 82 is stored upon a storage medium, listener facility 86 
preferably includes a device for reproducing signal 82 from 
the storage medium. 

In other applications, such as music identi?cation and com 
mercial monitoring, a monitoring facility is employed rather 
than listener 86. In such a monitoring facility, the audio signal 
82 preferably is processed to receive the encoded message 
Without acoustic reproduction. 

Audio signal decoder 88 may receive thrice encoded audio 
signal 82 as an audio signal or, optionally, as an acoustic 
signal. Decoder 88 decodes audio signal 82 to recover one or 
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10 
more of the information signals encoded therein. Preferably, 
the recovered information signal(s) are processed at listener 
facility 86 or recorded on a storage medium for later process 

ing. 
Alternatively, the recovered information signal(s) may be 

converted into images for visual display to the listener. 
In an alternate embodiment, recording facility 54 is omit 

ted from system 50. Audio signal feed 52, representing, for 
example, a live audio performance, is provided directly to 
broadcaster 66 for encoding and broadcast. Accordingly, 
broadcaster information signal 68 may further comprise 
information regarding audio signal feed 52, such as its author 
ship, content, or lineage, or the existence of copyright, or the 
like. 

In another alternate embodiment, relay station 76 is omit 
ted from system 50. Broadcaster 66 provides tWice-encoded 
audio signal 72 directly to listener 86 via transmission path 74 
Which is modi?ed to extend therebetWeen. As a further alter 
native, both recording facility 54 and relay station 76 may be 
omitted from system 50. 

In another alternate embodiment, broadcaster 66 and relay 
station 76 are omitted from system 50. Optionally, commu 
nication link 64 is modi?ed to extend betWeen recording 
facility 54 and listener facility 86 and to carry encoded audio 
signal 60 therebetWeen. Preferably, audio signal recorder 62 
records encoded audio signal 60 upon a storage medium 
Which is thereafter conveyed to listener facility 86. An 
optional reproduction device at listener facility 86 reproduces 
the encoded audio signal from the storage medium for decod 
ing and/ or acoustic reproduction. 

FIG. 6 provides an example of a personal portable meter 40 
for use in audience estimate applications. The meter 90 
includes a housing 92, illustrated in phantom lines, having a 
siZe and shape permitting it to be carried on the person of an 
audience member. For example, the housing may have the 
same siZe and shape as a pager unit. 
A microphone 93 is Within the housing 92 and serves as an 

acoustic transducer to transduce received acoustic energy, 
including encoded audio signals, to analog electrical signals. 
The analog signals are converted to digital by an analog to 
digital converter and the digital signals are then supplied to a 
digital signal processor (DSP) 95. The DSP 95 implements a 
decoder in accordance With the present invention in order to 
detect the presence of predetermined codes in the audio 
energy received by the microphone 93 indicating that the 
person carrying the personal portable meter 90 has been 
exposed to a broadcast of a certain station or channel. If so, the 
DSP 95 stores a signal representing such detection in its 
internal memory along With an associated time signal. 
The meter 90 also includes a data transmitter/ receiver, such 

as an infrared transmitter/receiver 97 coupled With the DSP 
95. The transmitter/receiver 97 enables the DSP 95 to provide 
its data to a facility for processing such data from multiple 
meters 90 to produce audience estimates, as Well as to receive 
instructions and data, for example, to set up the meter 90 for 
carrying out a neW audience survey. 

Decoders in accordance With certain advantageous 
embodiments of the present invention are illustrated by the 
functional block diagram of FIG. 7. An audio signal Which 
may be encoded as described hereinabove With a plurality of 
code symbols, is received at an input 102. The received audio 
signal may be a broadcast, intemet or otherWise communi 
cated signal, or a reproduced signal. It may be a direct coupled 
or an acoustically coupled signal. From the folloWing 
description in connection With the accompanying draWings, it 
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Will be appreciated that the decoder 100 is capable of detect 
ing codes in addition to those arranged in the formats dis 
closed hereinabove. 

For received audio signals in the time domain, the decoder 
100 transforms such signals to the frequency domain by 
means of a function 106. The function 106 preferably is 
performed by a digital processor implementing a fast Fourier 
transform (FFT) although a direct cosine transform, a chirp 
transform or a Winograd transform algorithm (WFTA) may 
be employed in the alternative. Any other time-to-frequency 
domain transformation function providing the necessary 
resolution may be employed in place of these. It Will be 
appreciated that in certain implementations, the function 106 
may also be carried out by analog or digital ?lters, by an 
application speci?c integrated circuit, or any other suitable 
device or combination of devices. The function 106 may also 
be implemented by one or more devices Which also imple 
ment one or more of the remaining functions illustrated in 
FIG. 7. 

The frequency domain-converted audio signals are pro 
cessed in a symbol values derivation function 110, to produce 
a stream of symbol values for each code symbol included in 
the received audio signal. The produced symbol values may 
represent, for example, signal energy, poWer, sound pressure 
level, amplitude, etc., measured instantaneously or over a 
period of time, on an absolute or relative scale, and may be 
expressed as a single value or as multiple values. Where the 
symbols are encoded as groups of single frequency compo 
nents each having a predetermined frequency, the symbol 
values preferably represent either single frequency compo 
nent values or one or more values based on single frequency 
component values. 

The function 110 may be carried out by a digital processor, 
such as a digital signal processor (DSP) Which advanta 
geously carries out some or all of the other functions of 
decoder 100. HoWever, the function 110 may also be carried 
out by an application speci?c integrated circuit, or by any 
other suitable device or combination of devices, and may be 
implemented by apparatus apart from the means Which 
implement the remaining functions of the decoder 100. 

The stream of symbol values produced by the function 110 
are accumulated over time in an appropriate storage device on 
a symbol-by-symbol basis, as indicated by the function 116. 
In particular, the function 116 is advantageous for use in 
decoding encoded symbols Which repeat periodically, by 
periodically accumulating symbol values for the various pos 
sible symbols. For example, if a given symbol is expected to 
recur every X seconds, the function 116 may serve to store a 
stream of symbol values for a period of nX seconds (n>l ), and 
add to the stored values of one or more symbol value streams 
of nX seconds duration, so that peak symbol values accumu 
late over time, improving the signal-to-noise ratio of the 
stored values. 
The function 116 may be carried out by a digital processor, 

such as a DSP, Which advantageously carries out some or all 
of the other functions of decoder 100. HoWever, the function 
110 may also be carried out using a memory device separate 
from such a processor, or by an application speci?c integrated 
circuit, or by any other suitable device or combination of 
devices, and may be implemented by apparatus apart from the 
means Which implements the remaining functions of the 
decoder 100. 

The accumulated symbol values stored by the function 116 
are then examined by the function 120 to detect the presence 
of an encoded message and output the detected message at an 
output 126. The function 120 can be carried out by matching 
the stored accumulated values or a processed version of such 
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values, against stored patterns, Whether by correlation or by 
another pattern matching technique. HoWever, the function 
120 advantageously is carried out by examining peak accu 
mulated symbol values and their relative timing, to recon 
struct their encoded message. This function may be carried 
out after the ?rst stream of symbol values has been stored by 
the function 116 and/or after each subsequent stream has been 
added thereto, so that the message is detected once the signal 
to-noise ratios of the stored, accumulated streams of symbol 
values reveal a valid message pattern. 

FIG. 8 is a How chart for a decoder according to one 
advantageous embodiment of the invention implemented by 
means of a DSP. Step 130 is provided for those applications in 
Which the encoded audio signal is received in analog form, for 
example, Where it has been picked up by a microphone (as in 
FIG. 6 embodiment) or an RF receiver. 
The decoder of FIG. 8 is particularly Well adapted for 

detecting code symbols each of Which includes a plurality of 
predetermined frequency components, eg ten components, 
as Within a frequency range of 1000 HZ to 3000 HZ. It is 
designed speci?cally to detect a message having the sequence 
illustrated in FIG. 3C Wherein each symbol occupies an inter 
val of one half-second. In this exemplary embodiment, it is 
assumed that the symbol set consists of tWelve symbols, each 
having ten predetermined frequency components, none of 
Which is shared With any other symbol of the symbol set. It 
Will be appreciated that the FIG. 8 decoder may readily be 
modi?ed to detect different numbers of code symbols, differ 
ent numbers of components, different symbol sequences and 
symbol durations, as Well as components arranged in differ 
ent frequency bands. 

In order to separate the various components, the DSP 
repeatedly carries out FFTs on audio signal samples falling 
Within successive, predetermined intervals. The intervals 
may overlap, although this is not required. In an exemplary 
embodiment, ten overlapping FFT’s are carried out during 
each second of decoder operation. Accordingly, the energy of 
each symbol period falls Within ?ve FFT periods. The FFT’s 
may be WindoWed, although this may be omitted in order to 
simplify the decoder. The samples are stored and, When a 
suf?cient number are thus available, a neW FFT is performed, 
as indicated by steps 134 and 138. 

In this embodiment, the frequency component values are 
produced on a relative basis. That is, each component value is 
represented as a signal-to-noise ratio (SNR), produced as 
folloWs. The energy Within each frequency bin of the FFT in 
Which a frequency component of any symbol can fall pro 
vides the numerator of each corresponding SNR Its denomi 
nator is determined as an average of adjacent bin values. For 
example, the average of seven of the eight surrounding bin 
energy values may be used, the largest value of the eight being 
ignored in order to avoid the in?uence of a possible large bin 
energy value Which could result, for example, from an audio 
signal component in the neighborhood of the code frequency 
component. Also, given that a large energy value could also 
appear in the code component bin, for example, due to noise 
or an audio signal component, the SNR is appropriately lim 
ited. In this embodiment, if SNRI>6 .0, then SNR is limited to 
6.0, although a different maximum value may be selected. 
The ten SNR’s of each FFT and corresponding to each 

symbol Which may be present, are combined to form symbol 
SNR’s Which are stored in a circular symbol SNR buffer, as 
indicated in step 142 and illustrated schematically in FIG. 9. 
In certain embodiments, the ten SNR’s for a symbol are 
simply added, although other Ways of combining the SNR’s 
may be employed. 
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As indicated by FIG. 9, the symbol SNR’s for each of the 
twelve symbols A, B and 0-9, are stored in the symbol SNR 
buffer as separate sequences, one symbol SNR for each FFT 
for 50 pl FFT’s. After the values produced in the 50 FFT’s 
have been stored in the symbol SNR buffer, neW symbol 
SNR’s are combined With the previously stored values, as 
described beloW. 
When the symbol SNR buffer is ?lled, this is detected in a 

step 146. In certain advantageous embodiments, the stored 
SNR’s are adjusted to reduce the in?uence of noise in a step 
152, although this step is optional in many applications. In 
this optional step, a noise value is obtained for each symbol 
(roW) in the buffer by obtaining the average of all stored 
symbol SNR’s in the respective roW each time the buffer is 
?lled. Then, to compensate for the effects of noise, this aver 
age or “noise” value is subtracted from each of the stored 
symbol SNR values in the corresponding roW. In this manner, 
a “symbol” appearing only brie?y, and thus not a valid detec 
tion, is averaged out over time. Referring also to FIG. 3C, in 
order to avoid in?ating the noise value at the decoder, pref 
erably the encoding scheme is constrained so that the same 
symbol does not appear tWice in the ?rst half of the message 
(i.e., Within symbol sequence SA, S1, S2, S3, S4). 

After the symbol SNR’s have been adjusted by subtracting 
the noise level, the decoder attempts to recover the message 
by examining the pattern of maximum SNR values in the 
buffer in a step 156. In certain embodiments, the maximum 
SNR values for each symbol are located in a process of 
successively combining groups of ?ve adjacent SNR’s, by 
Weighting the values in the sequence in proportion to the 
sequential Weighting (6 l0 l0 l0 6) and then adding the 
Weighted SNR’s to produce a comparison SNR centered in 
the time period of the third SNR in the sequence. This process 
is carried out progressively throughout the ?fty FFT periods 
of each symbol. For example, a ?rst group of ?ve SNR’s for 
the “A” symbol in FFT periods 1 through 5 are Weighted and 
added to produce a comparison SNR for FFT period 3. Then 
a further comparison SNR is produced using the SNR’s from 
FFT periods 2-6, and so on until comparison values have been 
obtained centered on FFT periods 3 through 48. HoWever, 
other means may be employed for recovering the message. 
For example, either more or less than ?ve SNR’s may be 
combined, they may be combined Without Weighing, or they 
may be combined in a non-linear fashion. 

After the comparison SNR values have been obtained, the 
decoder examines the comparison SNR values for a message 
pattern. First, the marker code symbols S A and S B are located. 
Once this information is obtained, the decoder attempts to 
detect the peaks of the data symbols. The use of a predeter 
mined offset betWeen each data symbol in the ?rst segment 
and the corresponding data symbol in the second segment 
provides a check on the validity of the detected message. That 
is, if both markers are detected and the same offset is observed 
betWeen each data symbol in the ?rst segment and its corre 
sponding data symbol in the second segment, it is highly 
likely that a valid message has been received. 

With reference both to FIGS. 3C and 9, assuming that the 
beginning of the buffer corresponds With the beginning of the 
message (Which usually is not the case), a peak P of the 
comparison SNR’s for the “A” symbol should appear in the 
third FFT period, as indicated. Then the decoder Will expect 
the next peak to appear in the position corresponding to the 
?rst data symbol 0-9 in the eighth FFT period. In this 
example, it is assumed that the ?rst data symbol is “3”. If the 
last data symbol is “4” and the value of 6 is 2, the decoder Will 
?nd a peak of the symbol “6” in FFT period 48, as indicated 
in FIG. 9. If the message is thus detected (i.e., markers 
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14 
detected With data symbols appearing Where expected and 
With the same offset throughout), as indicated in steps 162 and 
166, the message is logged or output and the SNR buffer is 
cleared. 

HoWever, if the message is not thus found, a further ?fty 
overlapping FFT’s are carried out on the folloWing portions 
of the audio signal and the symbol SNR’s so produced are 
added to those already in the circular buffer. The noise adjust 
ment process is carried out as before and the decoder attempts 
to detect the message pattern again. This process is repeated 
continuously until a message is detected. In the alternative, 
the process may be carried out a limited number of times. 

It Will be apparent from the foregoing to modify the opera 
tion of the decoder depending on the structure of the message, 
its timing, its signal path, the mode of its detection, etc., 
Without departing from the scope of the present invention. For 
example, inplace of storing SNR’s, FFT results may be stored 
directly for detecting a message. 

FIG. 10 is a ?oW chart for another decoder according to a 
further advantageous embodiment likeWise implemented by 
means of a DSP. The decoder of FIG. 10 is especially adapted 
to detect a repeating sequence of ?ve code symbols consisting 
of a marker symbol folloWed by four data symbols Wherein 
each of the code symbols includes a plurality of predeter 
mined frequency components and has a duration of one-half 
second in the message sequence. It is assumed that each 
symbol is represented by ten unique frequency components 
and that the symbol set includes tWelve different symbols A, 
B and 0-9, as in the code of FIG. 3C. HoWever, the FIG. 9 
embodiment may readily be modi?ed to detect any number of 
symbols, each represented by one or more frequency compo 
nents. 

Steps employed in the decoding process illustrated in FIG. 
10 Which correspond to those of FIG. 8 are indicated by the 
same reference numerals, and these steps consequently are 
not further described. The FIG. 10 embodiment uses a circu 
lar buffer Which is tWelve symbols Wide by 150 FFT periods 
long. Once the buffer has been ?lled, neW symbol SNRs each 
replace What are than the oldest symbol SNR values. In effect, 
the buffer stores a ?fteen second WindoW of symbol SNR 
values. 
As indicated in step 174, once the circular buffer is ?ll, its 

contents are examined in a step 178 to detect the presence of 
the message pattern. Once full, the buffer remains full con 
tinuously, so that the pattern search of step 178 may be carried 
out after every FFT. 

Since each ?ve symbol message repeats every 21/2 seconds, 
each symbol repeats at intervals of 21/2 seconds or every 25 
FFT’s. In order to compensate for the effects of burst errors 
and the like, the SNR’s Rl through R150 are combined by 
adding corresponding values of the repeating messages to 
obtain 25 combined SNR values SNR”, n:l, 2 . . . 25, as 
folloWs: 

Accordingly, if a burst error should result in the loss of a 
signal interval i, only one of the six message intervals Will 
have been lost, and the essential characteristics of the com 
bined SNR values are likely to be unaffected by this event. 
Once the combined SNR values have been determined, the 

decoder detects the position of the marker symbol’s peak as 


























