
WO 01/78271 PCT/US01/10790  MULTI-BAND SPECTRAL AUDIO ENCODING Related
Application This application contains disclosure similar to the  disclosure
in U.S. Patent Application Serial No. 09/116,397 5 filed July 16, 1998, in
U.S. Patent Application Serial No.  09/427,970 filed October 27, 1999, and
in U.S. Patent Applica- tion Serial No. 09/428,425 filed October 27, 1999.
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- quently retrieving that code. Such a code may be used, for  example,
in an audience measurement application in order 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/USO1/10790  broadcasts of television programming as well as
the times of  such broadcasts. Other known video encoding systems have
sought to  bury ancillary codes in a portion of a television signal's  5
transmission bandwidth that otherwise 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 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 audio 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. 



-2 WO 01/78271 PCT/US01/10790  3,845,391, teaches an audio encoding
approach in which the  code is inserted in a narrow frequency "notch" from
which the  original audio signal is deleted. The notch is made at a  fixed
predetermined frequency (e.g., 40 Hz). This approach 5 leads to codes 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  -3 WO 01/78271
PCT/US01/10790  frequencies and using one of two masking signals. The
choice  of masking signal is made on the basis of a frequency analysis  of
the audio signal to which the code is to be added. Jensen  et al. do not
teach arrangements for selecting a maximum 5 acceptable code energy 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  -4 WO 01/78271 PCT/USO1/10790
ten pre-selected frequencies in a high resolution spectrum are  added to
the original audio in order to represent either a  binary bit (0 or 1) and
the start and end of an embedded  message. Forty unique frequencies are
required for encoding 5 these four symbols. Their values range from 1046.9
Hz to  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
significantly 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) -5 WO 01/78271 PCT/US01/10790  or that
otherwise may damage an ancillary code. In this  regard, it is particularly
important for an ancillary code to  survive compression and subsequent
de-compression by the AC-3  algorithm or by one of the algorithms
recommended in the 5 ISO/IEC 11172 MPEG standard, which is expected to be
widely  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  1397 application and in the 1425 application, the audio
sam- -6 WO 01/78271 PCT/US01/10790  pling process during encoding imposes a
delay in excess of  twenty milliseconds in the audio portion of a
television  program. Left uncorrected, this delay results in a percepti-
ble loss of synchronization between the audio 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 1425 application, codes are added by
manipulating pairs of frequencies that are spaced apart by  about 100 Hz.
These systems 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  -7 WO 01/78271 PCT/USO1/10790  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
perceivable signal delay. The  processor is arranged to combine the
plurality of short blocks 5 into a long block having a predetermined
minimum duration. The frequency transformation is arranged to transform the
long  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 -8 WO 01/78271 PCT/US01/10790  predetermined number of
frequency indices included in a fre- quency neighborhood; b) determining
from the sampling rate  and from the frequency difference a duration of a
block of  samples; c) determining an integral number of sequential sub 5
blocks to make up the block, where the integral number is  selected so that
each of the sub-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
frequency 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, if a respective predetermined one of the
frequency indices is modulated. The vote determiner is arranged to  -9 WO
01/78271 PCT/USO1/10790  determine that the one block is the
synchronization block if,  in a majority of the frequency bands, the
respective modulated  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 blocks received  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, if one of the
frequency  indices is modulated; b) comparing each modulated frequency
index found in step a) with that index selected for modulation -10 WO
01/78271 PCT/US01/10790  in the respective frequency band of the
synchronization block;  c) determining that the one block is the
synchronization block  if the majority of the comparisons made in step b)
result in a  match, and otherwise repeating steps a) through b); d) deter 5
mining, in each of the frequency bands of one of the data  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
-11 WO 01/78271 PCT/US01/10790  duration. The frequency transformation is
arranged to trans- form the long block into a frequency domain signal
comprising  a plurality of independently modulatable frequency indices
located in a plurality of frequency bands. The encoder is 5 arranged to
modulate two or more of the indices in each of the  frequency bands so as
to make a respective 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 frequency domain -12 WO 01/78271
PCT/USO1/10790  signal comprising a plurality of independently modulatable
frequency indices; d) identifying those neighborhoods, if  any, of the
predetermined number of frequency neighborhoods in  which the tone-like
audio portion has a tone-like character; 5 and, e) modulating a respective
index in each neighborhood not  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. -13 WO 01/78271 PCT/US01/10790  According to
another aspect of the present inven tion, a broadcast audience measurement
system, in which an  inaudible code added to an audio signal is read within
a  statistically sampled dwelling unit, comprises an encoding 5 apparatus,
a receiver, and a decoder. The encoding apparatus  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 -14 WO 01/78271 PCT/US01/10790  audio
signal, wherein each of the short blocks has a duration  less than a
minimum audibly perceivable signal delay; b) combining the plurality of
short blocks into a long block; c)  transforming the long block into a
spectrum comprising a 5 plurality 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  -15 WO 01/78271 PCT/USO1/10790
These and other features and advantages will become more apparent from a
detailed consideration of the invention  when taken in conjunction with the
drawings in which: Figure 1 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 Description of the Invention Audio signals 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  -16 WO 01/78271 PCT/USO1/10790
sample of the audio signal is ninety-six dB. This decibel  measure is the
ratio of the square of the highest audio ampli- tude (216 = 65536) to the
square of the lowest audio amplitude  (12 = 1). The dynamic range resulting
from using twenty-four 5 bits per sample is 144 dB. Raw audio, which is
sampled at 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, overlapping 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, -17 WO 01/78271 PCT/USO1/10790  where each
band comprises a group of several neighboring  frequencies. The power in
each of these bands can be calcu- lated by summing the squares of the
amplitudes of the fre- quency components within the band. 5 Audio
compression is based on the following princi- 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 WO 01/78271 PCT/USO1/10790  like sounds, in which
only one, or a few, frequencies are  present in the acoustic spectrum,
present special masking  problems that are not encountered when dealing
with a broad- band acoustic signal. Thus, a signal, that would be masked if
5 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 -19 WO 01/78271 PCT/US01/10790  directly to an audio
output 28 available at the receiver 20 or  to a microphone 30 placed in the
vicinity of the speakers 24  through which the audio is reproduced. The
received audio  signal can be either in a monaural or stereo format. 5 As
disclosed in the 1397 application and in the 1425  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 M as long as the blocks used in the 1397 and 1425  applications. -20
WO 01/78271 PCT/US01/10790  According to the 1397 application and the 1425
application, a spectral analysis of a sampled interval of the  audio signal
that is long enough to form a block of 512 sam- ples collected at a
sampling rate of 48 kHz yields frequency 5 "lines" separated from one
another by 93.75 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 `it,
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  -21 WO 01/78271 PCT/US01/10790  at 48 kHz) is
used. This longer sampling interval reduces the  spacing between spectral
lines to 5.85 Hz. As will be de- scribed in greater detail hereinafter,
this preferred system  writes an energy-exchange code bit in a frequency
neighborhood 5 containing eight adjacent frequency indices. Thus, this
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. -22 WO 01/78271 PCT/USO1/10790 A short block is constructed at
a step 42 by reading  128 samples of new data from the audio signal portion
14 into  the second half of the In Buffer which combines these 128 new
samples with the last 128 samples of a previous block stored 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 NS of the audio signal that is used for  coding may
be chosen such that, for example, NS = N1/j, where j  is an integer, and
where N1 is the length in samples of a long  block. A suitable value for NS
is 256, for example, and a suitable value for N1 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  -23 WO 01/78271 PCT/US01/10790  interval at a step 43. To this
end, a "window function" is  defined according to the following equation: 1
- cos( Win) w(n) = 2 s (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 fs. 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 fj, where frequency is  measured in kHz,
resulting from the Fourier Transform is given  by the following equation:
128f. (2)  24 ~  -24 WO 01/78271 PCT/USO1/10790  where equation (2) is used
in the following discussion to  relate a frequency fj to its corresponding
short-block index  j. As noted above, in the preferred coding arrangement,
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 fJ in kHz is given  



10 by the following: J 4096fJ = (3)  24 From equations (2) and (3), it is
clear that J = 32j for  frequencies which are common to both the high (long
block) and  low (short block) resolution spectra. 15 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 20 block indices JL = JS - 4, Js
- 3, Js - 2, JS - 1, JS, JS + 1,  JS + 2, JS + 3 is defined about a central
short block index js  -25 WO 01/78271 PCT/USO1/10790  with JS = 32js. In
one such embodiment, the selected frequen- cies and indices are shown in
the following table: Band Inde 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 eight 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,
-26 WO 01/78271 PCT/US01/10790  thereby rendering the code more susceptible
to interference  effects. Let it be assumed that a long block L consists of
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 (l)-. 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 Si, where the short block index i 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 Eb 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 -27 WO 01/78271 PCT/USO1/10790  critical band
influences the masking energy of its neighbors.  Algorithms for computing
the masking effect are described in  the standards document such as ISO/IEC
13818-7:1997. These  analyses may be used to determine for each audio block
the 5 masking contribution due to "tonality" as well as "noise" like
features of the audio 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 Ej, the maximum amplitude
of a code signal is given by  15 the following equation: M = 128 E (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 Sm with a sub-block
index m and a coding band b -28 WO 01/78271 PCT/US01/10790  is considered,
and if a spectral frequency having a long block  index of ib is enhanced,
an appropriate code waveform will  have 256 samples, which can be denoted
as Cb(p), where the  index p runs from 0 to 255. In a preferred embodiment,
each 5 of these. components is selected to follow the relationship:  Cb(p)
= AbCOS(4)m + 2 ]J p + kbAbCOS(n + + 2-njbp (5)  8192 256 where Ab is a
nominal code amplitude level, Jb is an index in  the long block frequency
space, ib is the central index of the  corresponding short block, cpm is
given by the following equa- 10 tion: 



21cJbm128  4m 8192 (6)  (~m is the starting phase angle for sub-block m,
and Oj is the  phase angle of the short block frequency index ib obtained
from the Fourier Transform analysis. The quantity Pm ensures 15 that the
code component having a frequency index of ib 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. -29 WO 01/78271 PCT/USO1/10790
The above choice for a code waveform provides an energy exchange coding
feature. For a given large block index  Jb, the first cosine term in
equation (5) represents an added  energy. The corresponding short block
index jb term, because 5 of the change in phase angle of ri, subtracts a
compensating  amount of energy with the assumption that the spectral energy
at jb 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 Jb,
influences not only the spectral  amplitude at jb but also its neighbors.
The most significant  impact is on the immediate neighbors jb - 1 and jb +
1. The  



constant kb with a value in the range 0 to 0.8 is used to 15 control the
extent to which a single index jb 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 Jb 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 -30 WO 01/78271 PCT/USO1/10790  code energy
for all 64 blocks is calculated, a component with  frequency index 223 has
a higher energy level than the other  indices in the neighborhood from 220
to 227. The nominal code amplitude level Ab is chosen such 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 Ab
is expected to be well  below the corresponding masking amplitude level Mj.
However,  in cases where Mj is not greater than Ab, Mj replaces Ab 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 if several sub-blocks are tonal, coded data can still be -31 WO
01/78271 PCT/US01/10790  successfully retrieved because there are 64
sub-blocks in each  long block. It is the spectrum of the long block that
is  analyzed during decoding. A preferred encoding arrangement of the
invention  5 uses a redundant transmission scheme to make the system more
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 skilled 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  -32 WO 01/78271 PCT/US01/10790
encoding method of the present invention does not require  introducing a
compensating delay in another portion of the  signal. When used for
television audience research purposes,  the present system has the
advantage that it can be used 5 without a video delay circuit and without
disturbing the  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 0,
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  -33 WO 01/78271
PCT/US01/10790  block and finds a match in at least three of the five fre-
quency bands, the system determines that a potential synchro- nization
block has been detected, and interprets the long  blocks following a
synchronization block as the actual message  5 data. 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. In  one preferred
arrangement, the system encodes a value of k  (where k is in the range of
zero to seven) by modulating the 20 kth available index. In this
arrangement, for example, to send  a code group having a value = five, the
6th 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 -34 WO
01/78271 PCT/USO1/10790  block followed by sixteen long data blocks. For
the choice of  code blocks and sampling frequency disclosed above, sending
these seventeen long blocks requires 2.89 seconds. This  arrangement
provides a clear distinction from the synchroniza 5 tion block, which has a
different index enhanced in each band.  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. In  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. -35 WO 01/78271 PCT/US01/10790  This arrangement of sending the
same data in each of five bands at the same time fits well with the masking
algo- rithms discussed above. That is, one can select a masking  algorithm
that suspends coding in one or more of the bands, 5 but that continues to
encode in the other ones of the bands.  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 -36 WO 01/78271 PCT/USO1/10790
counter has been reset to zero, program flow returns to the  block 41.
DECODING THE SPECTRALLY MODULATED SIGNAL 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 quality
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 -37 WO 01/78271 PCT/USO1/10790  bands as discussed above
increases the likelihood that the  code can be successfully recovered. In
the case where the microphone 30 is used, or in  the case where the signal
on the audio output 28 is analog, 5 the decoder 26 converts the analog
audio to a sampled digital  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. In the case of half-rate 10 sampling, each short block would
consist of NS/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. In  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 WO 01/78271 PCT/USO1/10790  based hardware of the sort typically
used in such applica- tions. As disclosed above, the incoming encoded audio
signal  may be made available to the decoder 26 from either the audio
output 28 or from the microphone 30 placed in the vicinity of  5 the
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. -39 WO 01/78271 PCT/US01/10790  Let it be assumed that, for the
audio buffer cur rently stored in the circular buffer, there are a spectral
amplitude B0[J] and a phase angle (~O[J] at a frequency with  index J. The
spectral amplitude BO[J] and the phase angle 



5 (~0[J] represent the spectral values for the 4096 audio samples
currently in the circular buffer. If two new time domain  samples V4094 and
V4095 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
v0 and v1 in the circu 10 lar buffer, then the new spectral amplitude B1[J]
and phase  angle 01[J] for each of the indices J are determined at a step
53 in accordance with the following equation: B1Mexp41[J] = B0[J]exp40[J] +
(v4094eXp(i27rJ(4096 - 2) )) +  4096  i2irJ(4096 - 1) _ _ i27tJ2 _ i21cJ
(V4095eXp( 4096 (vexp( 4096 )) - (viexp( 4096) ( 7 )  15 Thus, the spectrum
of the circular buffer can be computed  merely by updating the existing
spectrum for the samples  contained in the circular buffer according to
equation (7).  Even when all the spectral values - amplitude and phase -
are  initially set to 0 at the step 50, as new data enters the -40 WO
01/78271 PCT/US01/10790  circular buffer, and as old data gets discarded,
the spectral  values gradually change until they correspond to the actual
FFT spectral values for the data currently in the circular  buffer. In
order to overcome certain instabilities that may 5 arise during
computation, multiplication of the incoming audio  samples by a stability
factor (usually set to 0.99995) and  



multiplication of the discarded samples by a factor 0.999952048  = 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 -41 WO 01/78271 PCT/US01/10790  only
every 64 samples. Thus, 4096/64 = 64 SIS structures are  used to track the
intermediate results of the decoding opera- tion. These SIS structures are
indexed as SIS0, SIS1, . .  SIS63. Each SIS structure is updated at 4096
sample intervals, 5 which corresponds to the length of a long block in the
half- 



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 SISk 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 tics. 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 -42 WO 01/78271 PCT/US01/10790  sponding SIS
structure is set to one. In a practical imple- mentation, more than one SIS
structure can have its synchroni- zation flag set to one. Usually several
adjacent SIS struc- tures, for example, SISk_2, SISk_1, SISk, SISk+l,
SISk+2, may all 



5 have synchronization flags set to one because the spectrum of  a long
audio block does not change rapidly. When SISk is analyzed 4096 samples
later, the algo- rithm recognizes the synchronization 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 is 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 SISk 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 - 43  WO 01/78271 PCT/US01/10790  ture's counter
increments to sixteen, it contains a full  message packet consisting of
forty-eight bits that could be  transmitted out, as indicated in step 55 of
the flow chart in  



Figure 3. For example, the message packet may be transmitted 5 to a Central
Office. When this transmission is done, the  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. -44 WO 01/78271 PCT/US01/10790  WHAT IS CLAIMED IS:
1 1. A system for adding an interference-resistant,  2 inaudible code to an
audio signal comprising: 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. -45 WO
01/78271 PCT/US01/10790  1 2. The system of claim 1 wherein the processor 2
comprises a digital computer having a buffer memory. 1 3. The 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 S. A
method of adding a code to a frequency 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 quency 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 -46 WO 01/78271 PCT/US01/10790  13 selected so that
each of the sub-blocks has a sub-block dura- 14 tion less than the
perceptible delay; and, 15 d) processing the block so as to modulate a
selected  16 one of the frequency indices without changing a total signal
17 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 comprising 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 -47 WO 01/78271 PCT/US01/10790  9 of frequency bands, wherein each
of the frequency bands com- 10 prises a respective neighborhood of
frequency indices; 11 a processor arranged to determine, for each of the
12 neighborhoods, if a respective predetermined one of the fre- 13 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 processor 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. -48 WO 01/78271 PCT/US01/10790  1 10. The apparatus
of claim 8 wherein the processor  2 comprises a general purpose digital
computer operating under 3 program control and having a plurality of
algorithms stored in  4 a memory. 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; -49 WO 01/78271 PCT/US01/10790  16 c) determining that the one block
is the synchroni- 17 zation block if the majority of the comparisons made
in step  18 b) result in a match, and otherwise repeating steps a) through
19 b) ; 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 associated 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 kth 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.  -50 WO 01/78271
PCT/US01/10790  1 15. A system for adding an inaudible code to a 2
tone-like audio portion of a composite signal having two or  3 more
portions, the system comprising: 4 a sampling apparatus arranged to sample
audio at a  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. -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
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 5 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  11 long block having a predetermined minimum duration; -52 WO
01/78271 PCT/US01/10790  12 c) transforming the long block into a frequency
13 domain signal comprising a plurality of independently  14 modulatable
frequency indices; 15 d) identifying those neighborhoods, if any, of the
16 predetermined number of frequency neighborhoods in which the  17
tone-like audio portion has a tone-like 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. -53 WO 01/78271 PCT/US01/10790  1 23. A
broadcast audience measurement system in 2 which an inaudible code added to
an audio signal is read by a  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. -54 



WO 01/78271 PCT/US01/10790  1 26. The broadcast audience measurement system
of  2 claim 23 wherein the receiver comprises an audio output jack.  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  -55 WO 01/78271 PCT/US01/10790  



21 the short blocks, the buffer memory being arranged to store a  22 long
block. 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 frequency 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; -56 WO 01/78271 PCT/US01/10790  8 c) transforming the long block
into a 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. -57 


