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10  particular mention is made of audio coding applications; however, it should be understood that the
present invention is also applicable to other applications.

Background Art

Many digital signal processing (DSP) applications attempt to reduce the amount of

information required to adequately represent an input signal. By reducing information capacity
15  requirements, a signal representation can be transmitted over channels having lower bandwidth or
stored on media using less space.

Coding can reduce the information capacity requirements of an input signal by eliminating
either redundant components or irrelevant components in the signal. So called perceptual coding
methods and systems often use filter banks to reduce redundancy by decorrelating an input signal

20  into a basis set of spectral components, and reduce irrelevancy by adaptive bit allocation according
to psycho-perceptual criteria based on estimates of spectral power or magnitude. Other
techniques, sometimes referred to as joint-stereo coding and multi-channel coupling, attempt to
reduce redundancy between channels. As explﬁned below, both preceptual coding and multi-
channel coding techniques require accurate measures of spectral magnitude and phase to achieve

25  optimum performance.

In audio coding, for example, perceptual coding systems often employ psycho-acoustic
models based on the work of E. Zwicker, Psychoacoustics, 1981, which relates spectral masking
to spectral power. An example of a perceptual model based on spectral magnitude is discussed in
M. Schroeder; et al.; "Optimizing Digital Speech Coders by Exploiting Masking Properties of the

30 Human Ear,” ], Acoust, Soc. Am,, December 1979, pp. 1647-1652.

Many digital perceptual coding systems employ perceptual models such as that discussed in
Schroeder, et al., cited-above. These models attempt to predict the audibility of each spectral
component in a signal from ﬂ.\e frequency and magnitude of all spectral components in the signal.
Spectral components, deemed to be irrelevant because they are not expected to be audible, need
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Many coding systems use single-sideband (SSB) filter banks. A "single-sideband” filter
bank, as discussed in R. Crochiere and L. Rabiner, "Multirate Digital Signal Processing,”

Prentice-Hall, 1983, pp. 366-376, generates a spectral representation having component values

which are either purely real or purely imaginary in response to real-valued input signal samples.
20  ‘The use of certain SSB filter banks in coding applications is often very attractive because they | _

permit implementation of perfect-reconstruction critically-sampled filter banks. Perfect

reconstruction refers to the property of an analysis/synthesis filter bank pair to reconstruct

perfectly an input signal in the absence of errors caused by finite precision. Critical sampling

refers 1o the property of an analysis filter bank to generate a number of spectral components which
25 is no greater than the number of samples used to convey the input signal.

The concept of critical sampling deserves some comment. Although the DFT, for
example, generates one spectral component for each sample in a signal sample block, in many
coding applications, DFT-based analysis and synthesis filter banks do not allow perfect

-reconstruction of the input signal with critically sampling because the transform is applied to a

30  sequence of overlapping signal sample blocks. The overlap allows use of non-rectangular shaped
window functions which improir&s analysis filter bank frequency response characteristics and which
eliminates blocking artifacts; however, the overlap also prevents perfect reconstruction with critical
.sampling because the analysis filter bank must generate more coefficient values than the number of
input signal samples. 'i‘his.loss of critical sampling increases the information capacity '

35  requirements of the encoded signal.

Two weli known SSB analysis filter banks implemented by overlapping-blocl; transforms
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and_Applications, Elsevier Science Publishers B.V., 1990, pp. 585-588, H. Malvar, "Lapped
25  Transforms for Efficient Transform/Subband Coding,” IEEE Trans. Acoust.. Speech, and Signal
Proc,, ASSP-38, June 1990, pp. 969-78, R. Gluth, "Regular FFT-Related Transform Kernels for
DCT/DST-Based Polyphase Filter Banks," JCASSP 1991 Conf. Proc,, vol. 3, May 1991, pp.
2205-2208, P. Duhamel, Y. Mahieux, and J. Petit, "A Fast Algorithm for the Implementation of
Filter Banks Based on Time Domain Aliasing Cancellation,” ICASSP 1991 Conf. Proc., vol. 3,
30  May 1991, pp. 2209-2212, and M. Antill and G. Davidson, US 5,297,236 issued March 22, 1994.
 An example of a digital audio coding'system using a SSB TDAC filter bank which

adaptively allocates bits according to 2 model based on Zwicker’s work to quantize spectral

components is disclosed in Y. Mahieux, U.S. 5,185,800 issued February 9, 1993. Unfortunately,

the accuracy of percept:xal medels in coding systems which use the TDAC filter banks is generally
35 not optimum because the transforms used to implement SSB filter banks do not generate

information sufficient to derive accurate estimates of spectral magnitude. Because accurate
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of an approximation to the original subband signal in each channel. Unfortunately, the side

information does not always provide a good measure of contribution from the channels because it
is based on peak sample values rather than accurate measures of channel power. Furthermore, if
the two respective subband signals are somewhat correlated but significantly out of phase with

20  respect to one another, they combine destructively and grossly misrepresent the acoustic effects of
the two channels. Accurate detection of such out-of-phase situations is difficult because accurate
measures of phase are not available.

What is needed is an efficient technique which impletﬁents a critically-sampled filter bank

permitting perfect reconstruction and which also provides sufficient information for dériving

25 accurate measures of spectral magnitude and phase.

Disclosure of Invention

It is an object of the present invention to provide for an efficient critically-sampled filter
bank permitting perfect reconstruction and which also provides accurate measures of spectral
magnitude and phase. '

30 In accordance with the teachings of the present invention, a single-channel processing
method includes the steps of receiving input signal samples and forming a sequence of signal
sample blocks, generating a first spectral representation of the sequence of signal sample blocks,
generating a second spéctra! representation of the sequence of signal sample blocks, deriving
measures of spectral magnitude and phase from the first and second spectral representations, and

35 generating an output signal by processing the first spectral representation using a process adapted
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magni t ude wepe embodied in gevicas implemented by various technologies including linear circuits and
15  microprocessor-controlled DSP devices. Various features and alternatives are described in the
following discussion and illustrated in the accompanying drawings in which like reference
numerals refer to like elements in the several figures. The contents of the following discussion
and the drawings are set forth as examples only and should not be understood to represent
limitations upon the scope of the praent invention. Although the present invention is more
20  particularly described for audio encoding applications, it should be appreciated that the invention is

much broader and may be applied to other applications.

Brief Description of Drawi
Figure 1 is a functional block diagram of a single-channel device incorporating various
aspects of the present invention.
25 Figures 2a-2b are schematic representations of two embodiments of a block generator
which forms blocks of signal samples. |
Figure 3 is a functional block diagram of a two-channel device incorporating various
aspects of the present invention.
Figures 4a-4c are schematic repiesentations of circuits which may be used to implement a
30  generalized O-TDAC filter bank. '

Modes for Carrying Out the Invention
1. Basic Embodiments
Figure 1 illustrates the basic functions incorporated into a single-channel device according
to one aspect of the present invention. Block generator 10 buffers input samples received from
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second spectr Eﬂhasw 6 ﬁﬁ? ﬁWei rﬂaﬁlresaf&dboth spectral magnitude and phase as described below. In
coding applications, processor 50 may encode the derived measures of magnitude and/or phase
received from path 41 and assemble the encoded measures into the output signal.

25 A basic embodiment of the present invention is introduced in some detail before alternative
embodiments are discussed. An input signal comprises signal samples which represent an audio
signal. In a digital implementation of the basic embodiment, the input signal comprises discrete-
valued samples. In an analog implementation, the input signal comprises analog signals with
amplitudes which may vary continuously over a given range. The signal samples are formed into

30  a sequence of blocks each of N samples.. Filter banks are implemented by one or more N-point
transforms.

A. Block Generator
Block generator 10 receives input signal samples and groups them into a sequence of signal
sample blocks. The sig'nal_ samples may be received from the sampling of an analog signal, from

35 the generation of samples representing or simulating an analog signal, or from any other source of
samples which correspond to a time-domain signal. The signal sample blocks may overlap, if
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15 by digital multiplication circuits or micro-processors in digital implementations, or by amplifiers in

analog implementations.

The way in which block generator 10 is implemented is not critical to the practice of the
present invention. Figure 2a illustrates in functional form a circuit which may be used to
implement block generator 10. Signal samples received from path 1 are stored in buffer 101 and

20  the value of each sample in a block is obtained along a respective one of paths 11-1 to 11-N,
collectively referred to as path 11. The value obtained from path 11-1 represents the oldest sample
in a block and the value obtained from path 11-N represents the most recent sample in the block.
Signal samples received from path 1 are also stored in buffer 102 and the value of each sample in
a block is obtained along a respective one of paths 12-1 to 12-N, collectively referred to as path

25 12. The value obtained from path 12-1 represents the most recent sample in the block and the
value obtained from path 12-N represents the.old&st sample in the block. In this particular
embodiment, block generator 10 passes along path 11 the samples in normal time order and passes
along path 12 the samples in time-reversed order. As explained below; having samples in time-
reversed order allows for certain efficiencies in filter bank implementation.

30 Figure 2b illustrates in functional form another circuit which may be used to implement
block generator 10. Signal samples received from path 1 are stored in buffer 101 and the value of
each sample in a block may be obtained along either of two paths. Values obtained from paths
11-1 to 11-N, collectively referred to as path 11, are in normal time order. Values obtained from
paths 12-1 to 12-N, coliectively referred to as path 12, are in time-reversed order.

k5] In another embodiment not shown in any figure, block generator 10 comprises one buffer
and paths 11 and 12 are identical. Neither path provides time-reversal. This embodiment is
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generates along path 21 " (

— 1

Colmt) = ZED 3 x(n)-cos (27 (v)

")} for osk<.’2*_’ )

10  where C,fm.k) = spectral component £ in signal sample block m,
xfn) = windowed, real-valued signal sample », and
ny, = UN + . _
Filter bank 20 may also be an E-TDAC filter bank which may be implemented by the
alternate application of the modified DCT (MDCT) and the modified DST (MDST) to a sequence
15  of signal sample blocks

Colmk) = (~1y*-cos(ZT)- Ex(n) cos et N"")] for 0 <k <_2’Y @
--o

Sg(m.k) = (-l)"'"-sin(-".';) Zx(n) sm[21rk( n,,)] for 0 <k s-zN- 3)
l-O

where Cgfm,k) = MDCT spectral component % in signal sample block m,
Sgfm,k) = MDST spectral component & in signal sample block m, and
20 n, = UN + %, :
The E-TDAC filter bank generates alternating sets of spectral components {Cyfm,k})} and {Sgfim.k)}
in response to a sequence of signal sample blocks.

The O-TDAC and E-TDAC filter banks achieve critical sampling by discarding haif of the
spectral components. The loss of these components generates time-domain aliasing in the synthesis

25 filter bank, however, this aliasing is cancelled by overlapping and adding the blocks recovered by
the synthesis filter bank.

Because the TDAC filter banks are critically sampled, they are used in many coding
applications such as perceptual coding systems. Digital perceptual coders adaptively allocate bits
to quantize spectral conponents accbrding to psycho-perceptual models. These models are often

30  derived from empirical data expr.éssed as a function of spectral magnitude and sometimes phase.
Unfortunately, neither TDAC filter bank generates a set of spectral components from which
accurate measures of spectral magnitude and/or phase may be derived. Perceptual coding systems
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A. Block Generat orgg zl; w‘BF'l‘}C‘R generator 10 receives input signal @)
sanpl es and groups thenN to a sequence of signal

and the spectral components obtained from the G-TDAC filter banks may be expressed as

Coolk) = Re{X(k)}, ko= Yoandmy = YN + %, for0 < k < N, (53)
25 Coclk) = Re{X(k)}, k = Oand n, = YN + 4, and (5b)
Seelk) = Im{X(k)}, ko = Oand ny = UN + ¥, for 0 < k < %N, (5¢)

where Cgok) = MDCT spectral component & for the GO-TDAC fiiter bank,
Cgsfk) = MDCT spectral component k for the GE-TDAC filter bank,
Sgsk) = MDST spectral component & for the GE-TDAC filter bank,
30 Re{X(k)} = real part of the complex function X(%), and
Im{X(k)} = imaginary part of the oomplex function X(k).
It can be showr. that

N-1

Y Xz (k) +X: * = EX(k) X = Ex’(u) : ©)

k=0 k+0 l-O
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X(©)-X*(0) L (g) X °(§) 1 ¥ (8b)
P e —— D — 2
=2-2 EX(I:) X 5 .};x (n)
where k,=0.

15 As a result of these relationships, it follows that

PR = XK -X* (0 ' (92)
Im{X(®)} XE)-X"(k) | - (9b)
IR = Ak-x K
(k) = arctan [ e {X(k)}] arctan [X(k)+X ‘(k)]

where Pk) = measure of estimated magnituﬂe of spectral component %, and
$(k) = measure of estimated phase of spectral component %.

20 Measures of estimated spectral magnitude and phase can be derived from fiiter banks
generating a spectral representation comprising the spectral components Xtk). These components
can be obtained from a G-TDAC filter bank implemented by the complex transform shown above
in expression 4, or from two filter banks implemented by separate transforms. Efficient
techniques for implementing these filter banks are discussed below.

25 The measures of magnitude and phase derived from the spectral representations are only
estimates. This is not caused by any deficiency in the technique used by the present invention but
is rather caused by an linayoidab_le tradeoff between the resolution of spatial or temporal
measurement and the resolution of spectral measurement. As the length of the signal sample block
or filter bank decreases, the temporal resolution of magnitude measurement increases but the
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advant age in filt brcodinglappliceliomseprocesson S0 may also assemble the encoded signal into an output
15 signal suitable for transmission or storage. Any additional side-information needed by a decoder is
also assembled into the output signal. Frame synchronization bits and error detection/correction
codes may be used as needed for transmission. Database pointers or keys may be added as needed

for storage.

I. Alternative Embodiments
20 A. Multi-Channet Coder

Figure 3 illustrates the basic functions incorporated into a two-channel device according to
another aspect of the present invention. Although only two channels are illustrated and discussed
below, it should be appreciated that the present invention may be incorporated into devices for
more than two channels. Block generator 10a groups input samples received from a first-channel

25 input signal path 1a into a sequence of signal sample blocks, filter bank 20a generates along path
21a a first spectral representation of the sequeace of signal sample blocks received from path 11a,
filter bank 30a generates along path 31a a second spectral representation of the sequence of signal
sample blocks received from path 12a, and phasor 40a derives measures of magnitude and phase
of spectral components in the first-channe! input signal from the first and second spectral

30  representations received from paths 21a and 31a, respectively, and passes the derived measures
along path 41a.

Block generator 10b groﬁps input samples received from a second-channel input signal path
1b into a sequence of s:ignal sample blocks, filter bank 20b generates along path 21b a first
spectral reprosentatioh of the sequence of signal sample blocks received from path 11b, filter bank

35  30b generates along path 31b a second spectral representation of the sequence of signal sample
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30

35

along path 41c. Measures of combined spectral phase can also be derived but they are not needed
in many applications.

Processor 50° generates an output signal along path 51 in response to the first spectral
representations received from paths 21a, 21b and 21c, using a process adapted in response to the
derived measures received from paths 41a, 41b and 4lc.

| Many alternatives including those discussed above for a single-channel device are
applicable to a multi-channel device .;.uch as that just described and illustrated in Figure 3.

The functions performed by the block generator, filter bank and phasor components are
substantially the same as that discussed above for a single-channel device. The following discusses
additional and alternative functions appropriate for a multi-channel device such as that illustrated in
Figure 3. _

B. Combiner

Combiners 20c and 30c combine speqtral representations of multiple input signals to form
combined spectral representations which, in effect, represent the spectral composition of a signal
that could be created by combining the input signals. In a simple embodiment, the combining is
accomplished by merely adding signal components together; however, it should be apparent that
out-of-phase components combine destructively. For example, two equal-magnitude components
180 degrees apart in phase will cancel when combined. This problem is discussed in more detail
below. For ease of discussion, errors in amplitude caused by combining signal components with
unequal phase are referred to herein simply as "cancellation”.

C. Processor

In coding applications, processor 50’ generates an encoded signal by encoding the spectral
representations received from paths 21a, 21b and 21c. Processor 50° may also encode the
measures of magnitude and/or phase received from paths 41a, 41b and 41c, and/or it may encode
some information representing the spectral representations received from paths 312, 31b and 3ic.
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average of individual channel subband signals and side-information is generated representing the
15  peak spectral amplitude of each individual channel in the coupled subband. Unfortunately, as
mentioned briefly above, out-of-phase spectral components combine destructively, and the side-
information will generally misrepresent the contribution of each individual channel subband signal
to the coupled signal because the side-information is obtained from subband signal amplitude rather
than spectral magnitude. In a coding .system incorporating various aspects of the present

20  invention, a coupled channel can be formed which avoids the problems of cancellation and side-
information can be generated which more accurately represents the true contribution of each
individual channel. A few techniques are discussed here and others will be apparent.

1. Magnitude .
Accurate measures of magnitude are needed in perceptual coding systems so that encoders

25  can make optimum bit allocations and so that decoders can properly reconstruct individual spectral
components from a coupled representation. Allocations to a coupled representation can be based
on the magnitude of the coupled representation or on the magnitude of the largest spectral
component from the individual channels included in the coupled representation.

Reconstruction of individual spectral components from a coupled representation may be .

30  done using the relative magnitude of the individual spectral components included in the coupled
representation. In one embodiment, the encoded signal includes information representing the ratio
of the magnitude of each individual spectral component to the total magnitude of the coupled
representation.

. 2. Phase

35 According to one technique, processor 50’ avoids cancellation by ensuring that the encoded

signal does not include a coupled representation of any spectral components which have phase
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According to yet another technique, processor 50" identifies spectral coefficients 1o be
coupled and examines the difference in phase between those components in the first-channel input
15  signal and the second-channel input signal. If the difference in phase is substantially constant over
a period of say 50 to 100 msec., the phase of one or both of those spectral components is adjusted
so that the phase difference converges to zero. The speed of convergence is limited to avoid
audible artifacts. This technique is very useful in situations where the spectral components of the
first-channel and the second-channel signals are highly correlated. This condition arises, for '

20  example, when a solo instrument or voice is recorded by multiple microphones.

II1. Efficient Filter Bank Implementation _
The conventional TDAC filter banks may be impleménted efficiently using techniques such
as those disclosed in references cited above. The G-TDAC filter banks may also be implemented
efficiently; however, two spectral representations are required to derive measures of magnitude or
25  phase. _
One implementation for generating a first spectral representation also implements the
GO-TDAC filter bank. The implementation includes the steps of (1) “folding® and "shuffling” a
block of N real-valued input signal samples xfa) to form %N complex-valued samples yfn),
(2) rotating the complex-vaiued samples in the complex plane to form %N rotated samples z(n),
30 (3) transforming the rotated samples into %N interim transform coefficients Z(k), (4) rotating the
interim transform coefficients to form %N rotated transform coefficients ¥(), and (5) shuffling the
complex-valued rotated transform coefficients to form a block %N spectral values Coof%).
Referring to Figures 1 and 3, the Cg,(k) values represent the first spectral representation generated
by filter bank 20, 20a and 20b.
35 A technique for generating the corresponding second spectral representation includes the
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where X err] (k) = Re{X(k)} and - X, (k) = Im{X(k)}. This expression indicates
that the Parseval identity holds with no restriction _on the val ue of
k[err] or nl@PeJ08s4 It can al so be shown that XEEHUSHHPER ) can
be derived froma conplex rotation of X(k) for 2k[err] =1, where i
is an integer, or X(N-k-2k[eTH‘) = X. (k).e[err]

5

(7) t hereby al | ow the sequence IX(1/2.N), ... X(N-1)} to be
derived frorff®% S,d'*?@%’%@%)"zwf)‘g' mgper "'i“xe'(e““&f'gg‘@fﬁ ag¢ Qié[ e)PPf'E 1/ 2.
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ilter : I ch can_he expressed as, ., [err] . . ere
Lo 1< 11 2 Sgatkssmplss 2HhL5 st SPIR Sk VPG ol 48 apoie implemetaionethy Rt
filter bank,sighiil saiplestire folded andShefEd RSPQIghipdifibredtimianner which effectiMaf ®ombines
K[ err] —Os 15ﬂzeeffects oﬁim% rgv%ﬁsu,tfolgi];:gwdes%?xfﬂ’ix?gl. ationships, it follows that

For the filter bank generating the first spectral representation, folding and shuffling a block

of N real-valued input signal samples to form 4N complex-valued samples y(n) may be expressed

” .
N N
Y (®) = x(=-+2n)-x(—-~2n~1)
’ 43N 4 N : for 0 <n <X (10a)
yi(n) = '1(T+2ll) -x(—4--2n-l) 8
N 5N ...
¥p(n) = x(Z+2n) +x(=>-2n-1)
0 Y 3 3 for .‘g.’sn <.4‘Y (10b)

) = x(-Na2n)-x (3N -2n-
y,(n) x( ry 2n)-x( 3 2n-1)

where yy(n) = real part of the complex-valued sample y(n), and
yi(n) = imaginary part of the complex-valued sample y(m).
For the filter bank generating the second spectral representation, as noted above, the
folding and shuffling may be performed according to these same equations provided the order of
15  the input signal samples x(n) in each signal sample block is first reversed in time order.
Alternatively, folding and shuffling without time reversal may be performed according to

Yoln) = —x(fa’-‘-’+2n)+x(14’!-zn-1)

N N ’ .for 0<n '<..N_ (113)
y;(") = =x(—+2n)~-x(—-2n-1) 8

4 4 .
yg(’*) = X(--A-’+2n)+x(_3..h_’-2n-1)

N SN for —sn<~ {11b)
» () = -x(-:‘-+2n) +X(—4—-2n—l) 8 4

The rotation of the complex-valued samples may be expressed as

L i )
2 2n) = )" (2

Interim transform coefficients are generated by applying a Fast Fourier Transform to the
rotated samples, which may be expressed as '



P(k) = X(k).X *(k)
(9a) [err] where P(k) = neasure of estimted magnitude of
spectral conponent k, and [err] (k) = neasure of estimated phase

of spectral conponent k. 20 Measures of estimted }%ﬁ@s&%
magni t ude an&%@?‘can be derived fromfilter banks %“a
spect.ral representation conprising the spectral conponents X(k). These

conmponent s can be obtained froma G TBAC filter bank i npl enment ed by
the conplex transform shown above in expression 4, or fromtwo filter
banks i npl ement ed Séepﬁ[g(éﬁ Lm;( pBwEf ficient techni ques for (13
I npl enenti ng these | ter ks Nofs | Scussed bel ow. 25 The
measures of magnitude and phase derived fromthe spectral representations
are only est RERicAS the thidritSraléTornt GIAR LN ¥nag 'b¥ efffRbss& 8NCY i N the
techni que used by the present invention but I's rather caused by an
unavoi dabl e tradeo&& bg%}(‘\ﬁ.emr-ﬁ,ﬁe resol ution of spatial or tenporal (14)
measur enent and t h&&} & £i on of spectral nmeasurement. As the |ength of

the signal sanpl e BlGlated coefficillis %lsﬁ@ﬁem%ng%rsﬁéﬁﬂ%epﬂlﬁaﬁﬁgp%abﬁmd
resol ution of magnitude nmeasurenent |ncreases but the
06/ 30894 S5  values in the first spectral representation correspond to the spectral values generated by the

PCT/ U89_6/ 038280-TDAC filter bank. The odd-numbered spectral values may be obtained from - 11 -
resolution of spectral measurement decreases. In spite of these
uncertainties,. Systew"(%-zk—l) = Re{Y(k)} for 0<k <¥ (153)

and the even-numbered spectral values may be obtained from
N

Coo(2k) = ~Im{¥%)} for 0<k <3 (15b)
10 The sp?ctral values Sg,f%) in the second spectral representation may be obtained in similar
fashion. The odd-numbered spectral values may be obtained from ‘
sw(.’; -2k-1) = Re{¥k)} for 0<k <X (162)
and the even-numbered spectral values may be obtained from
Soo(2k) = Im{Y@®)} for 0<k <%’ (16b)
15 From expression 5a it is known that Cofk) = Xfk) and it can be shown that

Scofk) = X,(k); therefore, from expressions 9a and 9b discussed above, it follows that measures of
estimated spectral magnitude and phase, respectively, may be obtained from the two expressions

PR) = (Coo®)f + (Soo®) | an

) Saol®)
& (k) = arctan [m]

20 Figures 4a-4c illustrate in schematic form a circuit which generates spectral signals
representing the Cgo(k) values. For ease of illustration and discussion, the circuit shown in the
figures implements an 8-point transform. Short transforms, for example four to sixteen points, are
often used in video coding applications but longer transforms, for example 128 to 4096 points, are
typically used in audioicoding applications. It should be apparent that the circuit may be extended

25  to implement transforms of various lengths.

Referring to Figure 4a, eight signal samples x(i) are received from a buffer along paths
11-1 to 11-8. The folding and shuffling of the input signal samples is provided by inverters 202a
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done and, if it is done, where or how itis done Other implementations of the FFT may be
substituted for the circuit shown in the figure, _

Referring to Figure 4c, the signais received from paths 22_0a and 220b, respectively,
represent the real and imaginary parts of a complex-valued signal representing interim transform

25  coefficient Z(0) and the signals received from paths 220c and 220d, respectively, represent the real
and imaginary parts of a complex-valued signal representing interim transform coefficient Z(1). A
rotation of these signals is provided by amplifiers 222a to 222h and combiners 224a to 224d. The
gain of these amplifiers may be determined from expression 14. In this example, the gains of
amplifiers 222a to 222d are cosf,, -sinf,, cosd, and sind,, respectively, where 8, = 2= / 64)

30  radians. The gains of amplifiers 222e to 222h are cos#,, -sin®,, cosf, and sind,, respectlvely,
where 8, = 2x (65 / 64) radians. The signals passed by combiners 224a and 224b, respectively,
represent the real and imaginary part of a complex-valued signal Y{0) and the signals passed by
combiners 224c and 224d respectively, represent the real and imaginary part of a complex-valued
signal X(1). .

35 The rotated transform sxgnals are then shuffled and changed in sign as needed to provide
spectral signals representing the Cgo(k) values of the first spectral representation. Inverters 226a
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15 The circuits illustrated in Figures 4a-4c represent an analog embodiment. A digital
embodiment may also be implemented using either digital circuits to calculate sums, differences,
products and quotients of digital values or software-controlled processor to perform these same
functions. As discussed in "DSP Principles,” Siudio Sound, April 1994, pp. 73-78,
implementation by a DSP "chip" such as the Motorola DSP 56001 is attractive because it offers

20  advantages in flexibility and cost. An example of an encoder including filter banks and coding
processes implemented by a DSP chip is disclosed in Fielder and Davidson, U.S. 5,109,417 issued
April 28, 1992,

In processor-based implementations, various calculatiéns may be combined to improve
efficiency and scaling of interim calculations éz:ay be desired to prevent arithmetic overflow. For

25 example, in an embodiment using the Motorola DSP56001 processor, efficiency can be improved
by concurrently performing additions and subtractions, for the folding and shuffling of input signal
samples, with multiplications for applying an analysis-window function. As a further example, the
input signal samples can be scaled by one-haif to ensure arithmetic overflow does not occur during
folding and shuffling or during subsequent calculations. In a preferred embodiment of a coding

30  system, for example, windowed input signal samples are scaled by one-half prior to or concurrent
with folding and shuffling, and compensation for the scaling is made during or after overlap-add of
signal blocks recovered by a complementary synthesis filter bank. Different considerations apply

to other implementations such as those using floating-point arithmetic,
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PCT/ US96/ 03820 signal suitable for transmission or storage, wherein said processing is adapted in mﬁon%‘g’ to

said measures of magnitude and/or phase of spectral components.

15 2. A device according to claim 1 wherein successive blocks in said sequence of signal sample
blocks overlap one another and said first and second single-sideband filter banks are implemented by
discrete transforms.

3. A device according to claim 2 wherein said first and second single-sideband filter banks are
critically-sampled.

20 4. A device according to claim 3 wherein said first single-sideband filter bank comprises
means for folding said input signal samples in a respective signal sample block into
a set of first combined samples, :
means for shuffling the order of said first combined samples into a set of first
complex-valued samples,
25 means for applying a first complex rotational function to said first complex-valued
samples, |
means for generating first interim transform coefficients by applying a first transform
function to said rotated first complex-valued 'samples, |
means for applying a second complex rotation function to said first interim transform
30 coefficients, and '
means for shuffling’ said rotated first interim transform coefficients into a respective
first spectral representation,

and wherein said second single-sideband filter bank comprises
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representations by applying a second single-sideband filter bank to said sequence of signal

25 sample blocks, and | _
| phasor means for deriving measures of magnitude and/or phase of spectral components
in said respective input signal in response to said first and second spectral representations,

and further cbmprises '

procésor means for processing first spectral representations for each respective input
30 signal to generate an output signal suitable for transmission or storage, wherein said
processing is adapted in response to said measures of magnitude and/or phase of spectral

components corresponding to each of said input signals.
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manner , éh YS2PE st f er ences are never allowed to exceed 90 degrees. |If
t he phase dlfference fluctuates on either si de of 90 degrees,

however, audible §.tA BéVideSactiding®® AR whedéln Bald RKIEA %&ﬁd&ﬁﬁﬂﬂﬁ&b&ﬂ:%ﬁ%lo
i nversion. This effect can _be reduced b\émum ng twg thresholds on either

side of 90 degrees i nsieags for folding sgjg i g3 sAmplss dn & respestivg sigral sample plack intg
sone hysteresis igké of fifst dssbinddamples,i nvert a spectral conponent .

Coofficients o be . means dor ddiag, o Sriepoend e cosipnedr Smples IHoph 38 s i
bet ween mhose conpmiptextvalued sinkptesf i r st - channel input 15 signal and the
conatant over T SRR g sopying h st gttt %gtt%néo P dE5 Gy
bot h of those spemnpbk conponent s | S adj ust ed
means for generating first interim transform coefficients by applying a first transform
function to said rotated first complex-valued samples,
15 means for applying a second complex rotation function to said first interim transform
coefficients, and
means for shuffling said rotated first interim transform coefﬁclents into a respective
first spectral representation,
and wherein said second single-sideband filter bank comprises
20 means for folding said input signal samples in a respective signal sample block into
a set of second combined samples,
means for shuffling the order of said second combined samples into a set of second
complex-valued samples, '
means for applying a third complex rotational function to said second complex-valued
25 samples, .
means for generating second interim transform coefficients by applying a second
transform function to said rotated second complex-valued samples,
means for applying 2 fourth complex rotation function to said second interim transform
coefficients, and
30 means for shuffling said rotated second interim transform coefficients into a respective
second spectral representation. |

11. A device according to claim 7 wherein said first and second single-sideband filter banks

are critically-sampled.
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so that the phase difference converges to zero. The speed of convergence is

limted to avoid audi bte artifacts. This technique is- very useful in
situations where the spectral conponents of the first-channel and

t he second- chgy ignals are highly correlated. This condipéfiissaiodssss.

for 20 exanple, when a solo instrunent or voice is recorded by nultiple
m cr ophones. [11. Efficient Filter
Bank | npl ement ati on The conven%lonal TDAC filter banks may be

i npl enented effici as EEg Q?EQ
references cited a oveX i‘l,’;ﬁ‘e rﬁrﬁ%%?i"r‘@ggﬁﬁm promsor 'so &a&} emen
efficiently; Bhyencoding said\firstypeatual represepiationsaning s Fkimhﬁf aflasraéq:cwdndlqcvedmrrme
measures of df HSSurey ol‘%?ectral RE@REde, and assembles said en U sighd i ’E@Ero@&:ﬁ

generating a first spectral representation also |nrp ment’s t
GO-TDAC filter bank. The inplenentation includes the steps of (1) "fol ding"
and "shuffling" a 13. A devidelacevkding tol\¢iaim 1 wheedinisalll progessor miegns xbmprsep| es x(n)

to form' conplexvlued ) t he '
conpl ex-val ued sa ?’%%&%‘%‘w gﬁ'@lefl pfcé"%?mrep%hm %‘P’gtbgdm@r‘ﬂﬁgegpm
z(h), 30 ( 3ompoacmst ofrﬁmmemhbrepmeammmm said twb dn more énpunsignals,
transform coeffi ci . i ' r ..
coefficients to foﬁ%@%ﬁheﬁg@"ﬂ ans (#Fn 08 fl?%rle‘eaﬂ#gslbwka‘“’%%%(og}pm
shuffling thecomponents WMWSGIMMPMBM representdtionm coefficients to form

a block 1/2 N specff.akn Q’% ngatxx%()an encoded sx@ﬁf ﬁ* "ehHdis O%:Ec{ %Jr?‘?e% gpe@tpaii

3, the Jerr](k) values represent theTfirst s ect epres

gener at ecl0  repres¢matipn nusing a sumber 26 bitp adaptively ﬂ pated3iy response to said measurss lof) spgctenl

for generati ng,%dtc%g espondi ng second spectral .representation includes
033 PCT

t he _
-15 - - formatting means for assembling said encoded signal and said side-informagion into said output

~ signal.

14, A device according to claim 13 wherein said coupling means adapts said combining in
15 response to said measures of phase so0 as 10 avoid cancellation.

15. A method for processing an input signal comprising input signal samples representing
audio information, said device comprising
- receiving a plurality of said input signal samples and forming a sequence of signal
sample blocks,

20 generating first spectral representations by applying a first single-sideband filter bank
to said sequence of signal sample blocks, and generating second spectral representations by
applying a second single-sideband filter bank to said sequence of signal sample blocks,

deriving measures of magnitude and/or phase of spectral components in said audio
information in response to said first and second spectral representations, and

25 processing said first spectral representations to generate an output signal suitable for
transmission or storage, wherein said processing is adapted in response to said measures of

magnitude and/or phase of spectral components.

16. A method according to claim 15 wherein successive blocks in said sequence of signal
sample blocks overlap one another and said first and second single-sideband filter banks are

30  implemented by discrete transforms.

17. A method according to claim 16 wherein said first and second single-sideband filter banks

A, 0 g

are critically-sampled.




| . A device for processing an input signal conprising input signal sanples

I epr eseftAg—ate-o—————nformat rom—sai d device conprTsing

buffer nmeans for receiving a plurality of said input signal sanples and

formng a sequence of signal sanple bl ocks,
spectr al rregg'sm?o"r! Igenerati ng first spectral representations 6‘§/ apnfoyl ng a
first, single- sideband filtgr bank to said sequence of

signal sanple bl ocks and generating second™spectr al

representations |

sequence of i gn‘if{ R%Peh‘éhg&o?du?g%%}ﬂn i‘( %%.ﬁ. %kedﬁ)%%g o sdid Bfse ?‘%Eie-sia&aﬁ@hﬁer
phasor neansbaﬂmnmasesuhmm&sures of magni t ude and/ or phase of spectral
conponent s Dy :Sa [ O] SB“ ] . '
first and second spec rl%{ érago'rgdsteﬁ?z'\lﬂa | #;grﬂg% : 'ﬁglﬁgsﬁg%ﬁfmwa&b&ﬁt
processor nmeans ftembipadssmwples,ng said first spectral representations to
gener at eg an out put th Siafl st & fiek I f ey

storage,es wher ei n sai dwgf%%gesggfdﬂngagﬁs [ st adapt ed’ﬁl’l o‘grmetésgna cBkiplSh-valued
to said neasur ess@_lplﬁagnl tude and/ or phase of spectral conponents. 15
2. A device accordi ngafyfyify £ifft dontii BiafloriH &RA by RiPHRCmpled.vithd! st enCe
of signal sanple I"ocks overl ap one anot her and salg first an
second si ngl e- si debangenerafipg:firshinterim wansformsoeffisisgischy applying a first tgAnsferng fumction

t ransf or ns. to said rotated first c3mpléx-(ed s@mpleCor ding to claim 2 wherein said
first and second single- S|deband filter banks are

criticaldy-sanpl ed. - applyingasecond complex rotationdynction 1g s3idfirst ipterim srapsferm goefficients,
wherein said firgid single-si deband filter bank conprises

means for folding sai ut . sa Ies | ective signal | e
block into Sho ﬂp‘& @Pﬁlﬁf“? ﬂ%‘bl°°§§5 s {nto a respettive first sphetral
means for shuffli-dp@sémo@rder of said fi rst conbi ned sanples into a set of

f t - yal.ued 2 . f
appi yi ng a P EReren A5 B ol ok e R s i pane cppasiset B s o e
sanpl esls folding said inpuresignal Sampleg dm e rrespectige Signal isampié dlocknirits arsef afr m

coefficients by ?e%)njndyéoﬂﬁin@d fsinﬁp?&, transform

shuffling the order of said second combined samples into a set of second complex-
valued samples, ‘
applying a third complex rotational function to said second complex-valued samples,
20 generating second interim transform coefficients by applying a second transform
function to said rotated second complex-valued samples,
applying a fourth complex rotation function to said second interim transform
coefficients, and '
shuffling said rotated second interim transform coefficients into a respective second
25 spectral representation. ' -

19. A method according to claim 15 wherein said first and second single-sideband filter banks
are critically-sampled.

20. A method according to claim 15 wherein said processing generates an encoded signal by
encoding said first spectral representations using a number of bits adaptively allocated in response to
30  said measures of spectral magnitude, and assembles said encoded signal in said output signal.
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function to said rotated first conpl ex-val ued sanpl es,
nmeans—f-or—apptyi ng—a—second—conpl ex rotatton functron t o—sard—frrst—TmterTm

transform 30 coefficients, and nmeans for
shuffling said rotated first interimtransformcoefficients_into a
respective %vgmmm first spectral representation, PCTISWRR ei n
sai d second single-sideband filter bank conprises .DOL033 PCT
means for folding said input signal sanples in a respective signal sanple
bl ock into a set of second ddmbi ned sanpl es,

means for shuffling the order of said second conbined sanples into a set of
second conpl ex-val ued sanpl es, 5 _ nmeans
for applying a third conplex rotational function to said second

conpl ex-val ued sanpl es, means for

generati ng second interin1transforn1co§
transform function to said rotated sg

means for applying a fourthiconpl exfrotat
interimtransform 10

bficients by applying a second
d conpl ex-val ued sanpl es,

ion gynction to said second
ntsy/ and '
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15 6. A device according to claim1l wherein said processor neans

gener-ates—an—encoded—s+grat— —by—encodirng—sai d first—spectraf

representations using a nunber of bits adaptively allocated in response
to said meas g spectral magnitude, and assenbl es said egggﬂ%gm?hgnal
in said output signal. 7. A device for proc g WO or

nore i.nput signals conprising input signal sanples representing
audi o information, wherein said device conprises for each respective input
signal 20 buf fer neans 36# receiving a plurality of said

i nput signal sanples representing said :
signal and form ng a sequence of signal sanple blocks,
spectral means for generating first spectral representations by applying a
first single- sideband filter bank to said sequence of signa
sanpl e bl ocks, and generating second spectr al represgg ations
by applying a second single-sideband f2pger bank to said sequence si gnal
25 sanpl e bIoaHf and Thasor nepns for
deriving neasures of magritUde ghdibr-—phase of spectrd @bnp»nents

in said respective ? t sigypal {i gnse to said first angl second
spectral representations,  Fer= QRPLiSa

processor neangg or progessing

respective input

ral repre q_@gion; for eac

respective input 30 SMelaF: pengrat® _An _out put $ignal suptable
for transm ssion o stgg&a& erein said] pr means i s
adapted to resp f ;Kesures afoFepbni [pHe Soi—phhage of speckral
conponents correspond nGEN.edch of Sal d WO

npput si gnalls
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8. A device according to claim7 wherein, for a respective input signal,

SuecC ' t-d sequence of—stgnal SanpteHirocks overtap
one anot her and said first and second singl e-si deband filter banks
are inpl emeny, i screte transforns. 9. ' '
according to clfarm 3 wherein said first and second single-sideband filter
banks.are S critically-sanpled. 10. A device according

to claim9 wherein said first single-sideband filter bank conprises
means for folding said input signal sanpl 4n a respective signal sanple

bl ock into a set of first conbined sanples,

nmeans for shuffling the order of said first conbined sanples into a set of
first 10 1_100an ex-val ued sanpl es, nmeans
for applying a fiTst BPrrpI ex rotational function to said first

conpl ex-val ued o sanpl es, means for

generati ng firstli_n_tzerimg(ygas orm coefficients by applying a first

transform unctiqn to said rotated %brii conpl ex-val ued
sanples, 15 @ D gans for a8ply| ng @ 6k ope fpl ex rotation
function to said first Lm®€rimtNansforme04a coeffici@RBa and
means for shuffllilrg3qid rotated \il i nferi : &“ | ¢f ents2ilg®
a respective first $p 4)0@» 0 e apd
wherein said secon(fsi ngl e- si deband f 9 =l ‘

means for fol di qg sadid i nput- 0&al
bl ock into a set of s¥{congd
means for shufflindTnel 0e®m uf sai o\ segh
second 11— cHpl ex-vakued 9

for applying a thir npl ex r ot at\oné) ?
conpl ex-val ued 25 Crbf) aa..p‘r-l"
generati ng secoriglni_ eri @deansfo Be) Rei en
transform functi ald rotaied ec @01

means for applying ¢ -b.\.ﬁe'-= r ¢f @.

interimtransform
1= 04d \ P
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coefficients, and 30 . nmeans for shuffling said rotated

second—ater--m-transtornmrcoeffci ent sTTTIt0 a TESPECti ve

second spectral representation. 11. A device according to

claim?7 “heﬁﬁb besuaesl first and second single-sideband filtepcppsdsosso
I'l'y-sanpl ed.

are critica WD 96/ 30894

PCT/ US96/ 03820 -22 -
12. A devi ce according to claim?7 wher ei n s id processor nmeans generates an
encoded si gnal by encoding said flﬂga spectral representations using
a nunber of bits adaptively allocated in response to said neasures
of spectral magnitude, and assenbl es said encoded signal in said output

si gnal . 13. A device according to claim?7 wherein said
processor means conprises 5 coupling neans for generating a
coupl ed spectral representation by conbining spectral conponent s of
first spectral representations corresponding to said two or nore input

si gnal s, si de _neans for generatlng si de-information
representing rel ative spectra %gnl ectral conponent s

represented in said coupled sped~al repre ation,
encodi ng neans RB&0@eqer gt !:f‘--—- gnal by encodlng sai g 3gﬁ$1ed
spectral 10 represe ta 0 gar_of bits adaptivelyfallocated in
response to said nmeasures of g#fagiral ZEﬁQP'tUde and
220b\ b | - 228b
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formatti ng neans for assenbling said encoded signal and said

side-information into said output si gnal . ' T42—A

devi ce according to claim 13 wherein sardSeoupling neans ad r '
conbining in 15 response to said neasures of phase so as almmmuii“""lll ”"l
cancel I ati on. _ 15. A n€LATMSf or processing am | mput ss grsal =
conprising input signal sanples representing audi o information, said.
devi ce conpri si ng ) _ _ receiving a plurality of said input
si gnal sanpl esl-@ndevicsripg PrgcessiB@efuaneisigapl comprising input signal samples repsesapsing audio

bl ocks, 2 . . : ..generating first spectral representations by
appl yi ng afofrf’aruso -gﬁ’%gf‘g‘ies‘f°g’e°g§ﬁ§ filter bank to sai d sequence
of signal sanpl e bltffes meandfogeneiang aglweliprod ssifcopur aignalesamplee rand tfommisg lay
appl ying a second si ntgsl.e-§i de agld lgsi | ter bank to said sequence of signal
sanpl® bl ocks,Sequence orsIgnat sample BI0CKS, - o ving measures of magni tude and/ or
phase of spectral cospsgaharhs fongeatadng itk epectral representations by iappigingatfireysingle-
response to said first g[g([sec,ond s_géctral re reyfnt ations, and 25

processi ng saiséijeP‘i‘quffl‘eég fospid seqperref signpl sAaPple logks., apd, generaping, sgepid SRELGH al
sui tabl e for representations by agplBAs Hisédh® RinBle-skleBind Fser VA R fAidSRigeenBé OF 8i3AAINY
I s adapted in response to said neasures of magni t ude and/ or
phase of spectspapleddggsdnent s. 16. A nethod according to

claifg 15 wherein s s 1B} @fohgnbasifbshr RRE End pﬁéslg' 3g le
bl ocLBs overl ap onetbg]%%t%#gr and salﬁlgn?}i rstsdca?\@glgeconél sfi ng e-?e‘é%%gﬂlgp??f@er
banks are 30 insaithlaedie inferndsipn dn saspanseta saithffsoandrsecond spectral representations] and A
nmet hod according tQq ' l.o.:sal ' ' -S| d
method accor Dol ks 1Bl Ak ol Vo RR6ANGhs b Blefin L SRR
signal suitable for transmission or storage, wherein said processor means is adapted to respond

to said measures of magnitude and/or phase of spectral components.

15 2. A device according to claim 1 wherein successive blocks in said sequence of signal sample
blocks overiap one another and said first and second single-sideband filter banks are implemented by

discrete transforms.

3. A device according to claim 2 wherein said first and second single-sideband filter banks are

- critically-sampled.

- 20 . 4. A device according to claim 3 wherein said first single-sideband filter bank comprises
means for folding said input signal samples in a respective signal sample block into
a set of first combined samples,
means for shuffling the order of said first combined samples into a set of first
complex-valued .samples,
25 means for applying a first complex rotational function to said first complex-valued
samples,
means for generating first interim transform coefficients by applying a first transform
function to said rotated first complex-valued samples,
means for applying a second complex rotation function to said first interim transform
30 coefficients, and
means for shuffling said rotated first interim transform coefficients into a respective
first spectral representation, o

and wherein said second single-sideband filter bank comprises
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18. A nethod according to claim17 wherei2n-the applying of said first

singl e-si deband filter bank conprises the steps of

fol-ding said input megigdbr fokdfid S&d inputdsigib Relds Ve a Tespedtive $ihRll empleck iRio0
a set of first . _conbj ned sanples, 5

shuff1ing the diedef sggpnd serpbined, sapplednhi ned sanples into a set of first
conpl ex-val ued means for shufflif@HR|deder of said second combined samples int&RREY b \Qcéhd

first conplex rotational function to said first conpl ex-val ued sanpl es,
generating fi repmpiestvaiueshsamplpsf or m coefficients by applying a first

transform function weans for applying 2 pttrx)x}'d;fan%gﬂ& fotiBhaf thnbhdndd 4@ Q&l)ﬁ&(éo\ﬁ‘fﬂfléﬁﬁlued

sanples, 10 a second conpl ex rotation tunction
to said first sampkesi mtransform coefficients, and

shuffling said rotated ftJ![s;t: eiartlteri m Br. nsf.O{;m g}oeffi@i .ents'b i nt?.a
respective first sprgf:atnfa generaling second m ef‘"é’p YEERT °F ﬁl,ems Y app yé%avﬁ?%‘?ngi n
tpe appl yi ng afansfotsl fﬁmmfnct; ?ii@@kﬂe&ﬁfjed@‘h&%pidxlvhmfd mlplielsporrpri ses the steps
of 15 ol.di ng_said input sjgnal .sanpl.es in a respecjive
signal sanpl e bl ockm$aRf frapiying gfourtlh complex ’°m“°ﬂ?”‘§%%Hga‘€§ﬁ%?%Er% Zm
shuffg i ng t he Qemefentsf aridi d second conbi ned sanples into a set of second
conpl ex- val ued sanpl es o ] applying a
third conpl ex rot atesaforshufing sd resatedsegonddinterin tapsiomeses{ficientsdnte ApIpegrive 20

generating segldqi Bé‘?%i tekamsibar m coefficients by applying a second
transform sBedind's {%Junctilon to said rotated second conpl ex-val ued

sanpl es, _ _ applying a fourth .conplex rétation function
to said second, iande®ick BecotdRSio@MAh 1 wherein said first andgeRhd bifigiesideband fitter banks are

critically-sampled.

15 6. A device according to claim 1 wherein said processor means generates an encoded signal
by encoding said first spectral representations using a number of bits adaptively allocated in response

to said measures of spectral magnitude, and assembles said encoded signal in said output signal.

7. A device for processing two or more input signals comprising input signal samples
representing audio information, wherein said device comprises for each respective input signal
20 buffer means for receiving a plurality of said input signal samples representing said
respective input signal and forming a sequence of signal sample blocks,
spectral means for generating first spectral representations by applying a first single-
sideband filter bank to said sequence of signal sample blocks, and generating second spectral
representations by applying a second single-sideband filter bank to said sequence of signal
25 sample blocks, and _
phasor means for deriving measures of magnitude and/or phase of spectral components
in said respective input signal in response to said first and second spectral fepresentations,
and further comprises
processor means for processing first spectral representations for each respective input
30 signal to generate an output signal suitable for transmission or stérage_, wherein said processor
means is adapted to respond to said measures of magnitude- and/or phase of spectral

components corresponding to each of said input signals.
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shuffling said rotat ed second interimt rang mg@gfil cients i nt%“épg copy

spest+al .

resp

19. A method according to cI ai m 15 wher ei n sal d first and second
are critically-sanpled. :

si ngl e-si deband filter banks

20. A et hod acc qug to cl a| m 15 wherein said grocesm ng gend ,g;‘u‘v". an
encoded si gnal encot?R® ANZATIONpr esent S4¥ns usi ng
a nunber ' AS,LLL f
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(57) Abstract

Accurate measures of estimated spectral power and phase are derived
from two spectral ntations of each of one or more input signals
generated by critically-sampled filter banks. The derived measures may be
used in various applications including adaptive bit allocation in perceptual
coding systems. An efficient implementation of one particular single-
sideband critically-sampled filter bank is disclosed.
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