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ANAL YSISISYNTHBSJS FILTERING SYSTEM WITH EFFICIENT 
ODDLY-STACKED SINGLE-SIDEBAND FILTER BANK 

USING TIME-DOMAIN ALIASING CANCELLATION 

Tedmigl Fleld 
The invention relates in general to signal analysis filtering and signal synthesis filtering. 

More particularly, the invention relates to efficient implementation of filter banks such as oddly­

staclced single-sideband analysis and synthesis tilter banks with time-domain aliasing cancellation. 

The length of the filter bank may be adaptively selected. 

10 Throughout the following discussion and especially in the bacqround discussion, more 

particular mention will be made of audio applications; however, the present invention is applicable 

to a broader range of applications including video. 

B@cls&round Art 

lnll'Oductioa 

15 Efforts to develop more efficient means to transmit or store information has included 

reducing infonnationaJ requirements, that is, reducing the amount of information required to 

adequately represent a sipal during transmission or storage, and reducin1 processing resource 

requirements, that is, reducing the amount of processing required to implement the encoding and 

decoding processes. 

20 With respect to reducing informational requirements, many high-quality audio coding 

applications, for example, exploit various psychoacoustic effects. So called split-band coding 

techniques which divide the useful signal bandwidth into narrow bands with bandwidths 

approximating the human ear's critical bands can exploit psychoacoustic masking effects. Such 

split-band techniques divide the signal bandwidth with an analysis filter bank, process the signal 

25 passed by each filter band, and reconstruct a replica of the original signal with a synthesis filter 

bank. 

Two common split-band coding techniques are subband coding and transform coding. 

These techniques reduce informational requirements in panicuJar frequency bands such that noise 

caused by the resulting coding inaccuracy is rendered inaudible by other spectral components. 

30 Subband coders may be implemented by a bank of digital bandpass filters defining subbands of 

varying bandwidth. Transform coders may be implemented by any of seve"ral time-domain to 

frequency-domain transforms. One or more adjacent transform coeffici~ are grouped together 

to define "subbands" having effective bandwidths which are sums of individual transform 

coefficient bandwidths. 

SUBS'l11'UTE SHEET (RULE 28) 
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The mathematical basis for digital subband filter banks and block transfonns is essentially 

the same. See Tribolet and Crochiere. "Frequency Domain Coding of Speech." JEEE Trans. 

Acoust.. Speecb. and Sjpal Proc .. October, 1979, pp. 512-30. Each type of split-band 

processing can be expressed in terms of a transform applied to an interval or "block" of signal 

5 samples; therefore, throughout the following discussion, terms such as •filters" and ··transforms" 

are generally interchangeable. The term "subband" refers to" portions of the useful signal 

bandwidth whether implemented by a true subband coder or a ttansform coder. 

With respect to reducing processing resource requirements, much improvement can be 

realized in many digital coding · applicatiom by reducina the computational complexity of subband 

10 f'dtering. Reduced computational complexity permits the implementation of systems which are less 

expensive to build, or which impose lower signal propagatjon delays through the system. 

Many coding systems use single-sideband (SSB) filter banks. A "single-sideband" filter 

bank, as discussed in R. Crocbiere and L. Rabiner, "Multirate Digital Sipal Processing," 

Prentice-Hall, 1983, pp. 366-376, 1enerates a spectral representation bavinJ component values 

15 which are either purely real or purely imaginary in response to real-valued· input signal samples. 

Two well known SSB analysis filter banks implemented by overlapping-block transforms 

permit perfect reconstruction with critical sampling using time-domain· aliasing cancellation 

(TDAC). One filter bank. descn"becl in J. Princen and A. Bradley, "Analysis/Synthesis Filter 

Bank Design Based on Time Domain Aliasing Cancellation,• IEEE Trans. on Acoust .. Speech. 

20 Sjpal Proc., ASSP-34, 1986, pp. 1153-1161, comprises the alternate application of a modified 

Discrete Cosine Transform (DCT) with a modified Discrete Sine Transform (DST) and is 

described as the tilllHomain equivalent of an evenly-stacked critically-sampled single-sideband 

analysis-synthesis system. 'lbe modified DCT and modified DST are referred to collectively 

herein as the Evenly-stacked Time-Domain Aliasing Cancellation (E-IDAC) transform. The 

2S second filter bank, deseribed in J. Princen, A. Johnson, and A. Bradley, "Subband/Transfonn 

Coding Using Filter Banlc Designs Based on Tune Domain Aliasing Cancellation.• JCASSP 1987 

Conf. Proc .• May 1987. pp. 2161..oi, is implemented by a single modified DCI and is described 

as the time-domain equivalent of an oddly-stacked cridcally sampled single-sideband analysis­

synthesis system. It is referred to herein as the Oddly-stacked Time-Domain Aliasing Cancellation 

30 (0-TDAC) ttansform. Each of the IDAC analysis falter banks are applied to signal sample blocks 

which overlap but they achieve perfect reconstruction with critically sampling by effectively 

discarding some of the transform coefficients. 'lbe missina coefficients cause time-domain aliasing 

in a companion synthesis tilter bank but the aliasing is cancelled by overlapping and adding the 

blocks generated by the synthesis filter bank. 

35 The use of TDAC tilter banks is very attractive in many coding application because these 

filter banks permit perfect reconstruction using overlapping-block transfonns that are critically 
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sampled and they can be implemented using reasonably efficient methods. For example, 

implementations that are more efficient than straight-forward computation methods are disclosed in 

S. Cramer and R. Gluth, •eomputationally Efficient Real-Valued Filter Banks Based on a 

Modified 02DFf." Signal Proces1in1 v: Theories and Am>lications, Elsevier Science Publishers 

S B.V., 1990, pp. 585-588; H. Malvar, "Lapped Transforms tot Efficient Transfonn/Subband 

Coding," IEEE Trans. Acoust.. Speech· and Signal Proc., ASSP-38, June 1990, pp. 969-78; R. 

Gluth, "Regular FFl'-Related Transform Kernels tbr DCT/DST-Based Polyphase Filter Banks," 

JCASSP 1991 Conf. Proc., vol. 3, May 1991, pp. 2205-2208; and P. Duhamel, Y. Mabieux, and 

J. Petit, "A Fast Algorithm tbr the Implementation of Filter Banks Bued on Time Domain 

10 Aliasing Cancellation." ICASSP 1991 Conf. Proc., vol. 3, May 1991, pp. 2209-2212~ 

Bach of these references descn'bes implementations of filter banks which are applied to 

faxed-length blocks of signal samples, 1bat is, blocks that have a number of samples N which does 

not vary from block to block. Unfortunately, the length of fixed-length blocks must be chosen to 

balance a trade off between the temporal and spectral resolution of the filter bank. On one hand. 

15 greater block lengths improve the selectivity or frequency-resolving power of a filter bank, and 

better filter selectivity generally improves the ability of a coder to exploit psychoacoustic masking 

eft'ects. On the other hand, sreater block lengths degrade the time-resolution of a subband filter 

bank. Low time-resolution can re5'11t In audible distortion artifacts when coder quantizing errors 

of signal events, such as transients, producing pre-transient and pose.transient ringing which 

20 exceed the ear's temporal psychoacoustic masking interval. As a result of this trade off. it. is 

desirable to implement adaptive-length filter banks that can be applied to signal sample blocks of 

varying length in order to optimize coder performance. 

US S,297 ,236 describes reasonably efficient implementations of both fixed- and adaptive­

length filter banks. In particular, implemenlations of E-TDAC and 0-TDAC fdter banks are 

2S disclosed; however, the eff"iciency of these implementations is not optimal and the techniques 

disclosed for 0-TDAC filter banks are computationally more intensive than those disclosed for 

E-TDAC filter banks. 

Disclosure or Invention 

It is an object of the present invention to provide a computationally efficient 

30 implementation of adaptive-length analysis and synthesis fdter banks. 

Other objects and advantageous embodiments of the present invention are set forth 

throughout thi.s disclosure. Although the invention i.s more particularly described for audio 

encoding and decoding applications, it should be appreciated that the invention is much broader 

and may be applied to other applications. Discussion of encoders incorporating die presem 
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invention pertain generally to signal-analysis filtering, and discussion of decoders incorporating the 

present invention pertains generally to signal-synthesis filtering. 

Jn accordance with the teachings of the present invention in one embodiment of an 

analysis-filtering apparatus, input sipal samples representing audio or video information are 

S grouped into time-domain signal sample blocks of non-zero length N=a+b, where a and b are 

non-neptive radix 4 integers and either a or b has a different vaJue for at least two of the time­

domain signal sample blocks, wherein adjacent blocks in a sequence of the time-domain signal 

sample blocks overlap one another, a respective block overlapping a previous block by a samples 

and overlapping a subsequent block by b samples, blocks of at least one but not more than V.N 

10 complex-valued modified samples are generated, frequency-domain transform coefficients are 

aenerated by applying one or more discrete transform functions to the blocks of modified samples, 

spectral information is generated by applying a forward post-transform function to the frequency­

domain transform coefficients, and a representation of the spectral information is assembled into a 

form suitable for ttansmission or storage. 

15 In accordance with the teachings of the present invention in ane embodiment of a 

synthesis-filtering apparatus, sets of frequency-domain transform coefficients are generated from 

received spectral information, where each set comprises at least one but not more than 

1AN= 1A(a+b) coefficients, a and b are non-negative radix 4 integers and either a or b has a 

different vaJue in at least two of the seas, time-domain transform coefftcients are generated by 

20 applying one or more inverse transform tunctions to the sets of frequency-domain transform 

coefficients, blocks of time-domain signal samplesare generated by applying an inverse post­

transform ftmction to the time-domain transform coefficiems, where eacll block is of oon-zero 

length N=a+b, adjacent blocks in a sequence of the time-domain signal sample blocks overlap 

one another. a respective block overlapping a previous block by a samples and overlapping a 

2S subsequent block by b samples, and output samples representing audio or video information are 

generated in response to the time-domain signal sample bloclcs. 

Embodiments of coding systems incotporating the present invention are set forth in the 

folJowing discussion and in the accompanying drawings, in which like features are referred to by 

like reference numbers. 

30 Brief Qwription of Drawlqs 

Fig. 1 is a tunctional block diagram illustrating the basic tunctional stmcture of an 

analysis-filtering apparatus incorporating an embodiment of the present invention. 

Fig. 2 is a functional block diagram illustrating the basic tunctional structure of a 

synthesis-filtering apparatus incorporating an embodiment of the present invention. 
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Fig. 3 is a schematic diagram Ulustriting the folding and shuffling of signal sampJes in a 

. forward pre-transform tbnction. 

Fig. 4 is a hypothetical graphical representation il1ustrating the time-reversal regions of the 

time-domain aliasing component created by the 0-TDAC transform using the conventional TDAC 

S phase term. 

Fig. 5 is a hypothetical graphical representation illustrating the time-reversal regions of the 

time-domain aliasing component created by the 0-TDAC transform usiq the TDAC phase tenn 

required to cance1 time-domain aliasing in an N-sample length block overlapped with a subsequent 

~N-sample length bloct. 

10 Fig. 6 is a hypothetical grapblcil representation illustrating the boundary between dme-

15 

reversal regions of the timHomain aliasing component in a ~N-sample length block. 

Fig. 7 is a hypothetical graphical representation of a bridge transform illustrating the time­

reversal regions of the dme-domain aliasing component. 

Modes for Can:ying Out the Jnuntion 

A.~ofFunctionStructure 

F"ag. I illustrates the basic fimctional structure of an lnalysis-filtering apparatus 

incorporating an embodiment of the present invention. According to this structure, the apparatus 
comprises buffer 102 which buffers input samples received from input path 100 into time-domain 

signal sample blocks, forward pre-transform 106 which leneratel! modified samples from the signal 

20 samples received from buffer 102 and in response to infonnation received from path 104 

establishing the number of signal samples constituting a time-domain signal sample block, forward 

transform 108 which transforms the modified samples into frequency-domain transform coefficients 

by applying a transform whose length is adapted in response to information received from path 

104, forward post-transform 110 which generates spectral information from the frequency-domain 
2S transform. coeffieients and in response to the information received from path 104, and formatter 

112 which assembles digital information including a representation of the spectral information into 

a form suitable for transmission or storage along path 114. The representation can be in many 
forms including the spectral information itself or an encoded form obtained by encoding the 

' spectral information according to psychoacousdc principles, for example. The functions performed 

30 by forward pre-transform 106, forward transform 108 and forward post-transform 110 implement 

analysis filter bank 120. The functions performed by buffer 102 and formatter 112 are not 

discussed in detail herein. 

Fig. 2 illustrates the basic functional structure of a synthesis-fdtering apparatus 

incorporating an embodiment of the present invention. According to this structure, the apparatus 
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comprises deformatter 202 which obtains spectra) information and information establishing the 

inverse uansform length from a signal received from path 200, inverse pre-transform 206 which 

generates frequency-domain transform coefficients from the extracted spectral information and in 

response to the information establishing the inverse transform length received along path 204. 

S inverse transform 208 which transforms the frequency-domain transform coefficients into time­

domain ttansform coefficients by applying a transform whose length is adapted in response to 

informadon received from path 204, inverse post-transform 210 which generates time-domain 

signal samples from the time-domain transform coefficients and in response to information 

received from path 204, and OUlpUt processor 212 which, in response to the tinMHlomain signal 

10 samples, 1enerates alon1path214 output samples. The signal received from padl 200 can be in 

many forms including the spectral information itself or a form encoded according to 

psychoacoustic principles, for example; The tUnctions perfonned by inverse pre-transform 206, 

inverse transform 208 and inverse post-Uansform 210 implement synthesis filter bank 220. The 

functions performed by deformatter 202 and output processor 212 are not discussed in detail 

15 herein. 

It should be appreciated from a study of the following disclosure and the accompanying 

claims that some elemen1S shown in Figs. l and 2 are not required to practice various 

embodiments of the present inventiOn. 

B. Input Sample Buffering 

20 A buffer, represented by box 102 in Fig. 1, receives signal samples and groups them into 

a sequence of time-domain signal sample blocks. The sipal samples may be received from the 

sampling of an analo1 signal, from the generation of samples representin& or simulating an analog 

signal, or from any other source of samples which correspond to a time-domain signal. 

The frequency-resolving power or selectivity of a filter bank implemented by a discrete 

2S transform improves as the transform length increases. The filter selectivity may also be affected 

sipificandy by welgbtin1 the time-domain signal samples by a weigbtioi tunction commonly 

called a window. See generally, Harris, •0n the Use of Windows for Harmonic Analysis with the 

Discrete Fourier Transform,• Proc. mEE, vol. 66, January, 1978, pp. 51-83. 

Both analysis- and synthesis-window weighting are used with the 0-TDAC transform. It is 

30 assumed herein that, in practical •bodiments incorporating the present invention, appropriate 

window wei&htin1 is performed as may be required or desired. For example, in an encoder or 

other analysis-filtering apparatus, window weightin1 may be performed prior to, concurrent with 

or subsequent tO input sample buffering. In a decoder or other synthesis-filtering apparatus, 

window weighting, if required or desired, may be performed prior to or concurrent with output 
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signal generation, discussed briefly below. The manner in which such window Wighting is 

performed is not critical to the practice of the present invention. 

C. Analysis Filter Bank 

Analysis filter bank 120 may implemented in a straight-forward manner by a Modified 

S Discrete Cosine Transform (MDCT) of the form 

C(k) • }: .x(n)cos ~(.t+!)(n+.m) for 0 ~ k < M M•t [ ] 

11•0 JI 2 

where k = ftequency-domain transform coefficient number, 

n = time-domain signal sample number, 

M = time-domain signal sample block length, 

10 m = phase term required for TDAC (see equation 2). 

x(n) = time-domain signal sample n, and 

C(k) = MDCT frequency-domain transform coefficient k. 

(1) 

The 0-TDAC transform generates spectral information comprising a set of 'hM unique frequency­

domain transform coefficients in response to each time-domain signal sample block: because 

15 C(M-1-k)=-C(k) for O~k< 'hM. 

An accurate replica of the input signal cannot be recovered by merely applying an inverse 

transform to each set of MDCT coefficients. The result of the inverse transformation contains 

time-domain aliasing components and departs significantly from the input signal; however, 

Princen, et al. showed that, with the proper phase term m and a suitable pair of analysis-synthesis 

20 whldows applied to overlapped blocks, the 0-TDAC technique can cancel the time-domain aliasing 

component and accurately recover the input signal. 

The phase term m controls the phase shift of the time-domain aliasing component. To 

cancel this aliasing component and accurately recover the original time-domain input signal, the 

0-TDAC transform as disclosed by Princeo, et al. requires a phase term such that the time-domain 

2S alias component consists of the first half of the sampled and windowed signal reversed in time 

about the one-quarter point of the sample block: and having an amplitude inverted in sign, and 

further consists of the second half of the sampled and windowed signal reversed in time about the 

three-quarter point of the sample block. These relationships are illustrated in Fig. 4 which 

provides a hypothetical graphical representation of two adjacent overlapped M-sample length time-

30 domain signal sample blocks recovered by an inverse 0-TDAC ttansform, after being weighted by 

an appropriate synthesis window but before overlap-add of the adjacent blocks has cancelled time­

domain aliasing. The desired signal component is represented by a solid line and the time-domain 

aliasing component is shown by a broken line. The representation of the various components in 
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this and other figures does not show individual signal samples but instead illustrates the envelope 

of a hypothetical constant·amplitude signal resulting from the application of analysis- and 

synthesis-window functions. 

As disclosed by Princen, et al., the phase tenn required to produce the appropriate aliasing 

S components for alias canceJlation for a fixed-length 0-1DAC transform applied to a signal sample 

block weighted by a symmetric window function is 

m = M/l+1 • ~ +.!.. 
2 4 2 

As mentioned above, it is desirable to implement adaptive-length filter banks that can be 

applied to signal sample blocks of varying length in order to optimize coder performance. Some 

10 of the considerations required to implement an adaptive-transform-length coder are not discussed 

here but are discussed in us s.394,473. 

Changes in the length of 1he 0-TDAC transform generally requires changes in the phase 

term m in order to realize time-domain aliasing cancellation. As discussed above, the aliasing 

component is a time-reversed replica of the windowed input sianal samples which occurs in two 

15 separate resions. The phase term m for the 0-TDAC transform controls the location of the 

boundary between these two re,ions. For fixed-length 0-TDAC ttansforms, the boundary is 

located at the mid-point of the signal sainple block. The phase term required for time-domain 

aliasing cancellation under this condition is shown in equation 2. 

(2) 

Fig. 5 provides a hypothetical graphical representation similar to that illustrated in Fig. 4; 

20 however, Fig. 5 illustrates three blocks of varying length as recovered from an inverse 0-TDAC 

transform prior to tbne-domain aliasing cancellation. The first block is of leqtb M and both the 

second and third blocks are each of length 1hM. The signal components and time-domain aliasing 

components in lbe blocks are represented by solid and broken lines, respectively. Jn order to 

achieve aliasing cancellation by overlap-adding the second half of the first block with the entire 

25 second block, the time-domain aliasing component in the second block must be a replica of the 

entire second block with inverted amplitude and time-reversed end-for-end. The phase term m 

required to produce such aliasing components in the second block is m = 1h. 

30 

As explained in US S,394,473 cited above, the phase term for the transform of each block 

may be written more generally as 

• + l m=-· 2 
(3) 

where • is the location of the boundary between tU..reversal regions, expressed as the number of 

time-domain signal samples from the right-hand or trailing edge of the block. 

For example, Fig. 6 illustrates two non-overlapping window-weighted time-domain signal 

sample blocks. 'The right-hand block is \4M samples in length. Within this block. the boundary 
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between time-reversal regions is at a point M/8 samples from the right-hand or trailing edge of the 

block. Thus, the phase tenn m required to cause time-reversal of the aliasing component within 

each region of the JAM-sample block is 

. M/8+1 
m = 2 . 

S With this background established, it is now possible 10 introduce the "bridge transform." 

A bridge transform is a transform which bridges a shift from one transform length to anOther. 
Fig. 7, for example, illustrates the result of applying an 0-TDAC filter bank to one block of 'hM 

samples followed by another block of JAM samples. 

It is possible to perform a separate transform for each block. For reasons whose 

10 explanation exceed the scope of this discussion, a bridge transform improves coder performance by 

instead transforming a single block of "M samples. The bridge transform required to process the 

"M-sample block shown in Fig. 7 may be implemented by a Fast Fourier Transform (FFT) to 

compute the transform for three ~M blocks foHowecl by a recombination operation. This 

technique is discussed m Oppenheim and Schafer, Digital Sjpal Pmcessina. Englewood Cliffs, 

1S N.J.: Prentice-Hall, Inc., 1975, pp. 307-14. 

For the synthesis filter bank discussed below, the same considerations for adaptive-length 

transforms and bridge transforms that were discussed above for the forward transform, including 

the phase term required for time-domain aliasing cancellation, also apply to the inverse transform. 

In the following discussion, each time-domain signal sample block contains exactly a+b 

20 samples, where a+b=N>O. The values a and b, as well as the sum N, are constrained to be 

radix 4 integers that may vary from block to block. Either a or b, but not both, may equal zero in 

any given block. A respective bJock overlaps the immediately prior bJock by a samples and 

overlaps the immediately subsequent block by b samples; hence, the boundary between time­

reversal regions is to coincide with the boundary between the two subblocks, or at b samples from 

2S the trailing edge of the block. Jn a respective block, if either a or b is equal to zero, that block 

overlaps an adjacent bJock by zero samples, which means that the two adjacent blocks abut one 

another. From equation 3, the phase term min the MDCT required to achieve this boundary is 

m=~=~. 
2 2 

Fig. 7. for example, illustrates a bridge transform block of N= ~M samples in which a= 1hM 

30 samples and b= JAM samples. 

D. Efficient Adaptive-Length Analysis Filter Bank 

The processing resources required to implement the analysis filter bank aceording to one 

embodiment may be reduced by applying a forward pre-uansform function to the time-domain 
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signal sample blocks to produce blocks of 'AN modifaed samples, applying one or more transforms 

to tbe modified sample blocks, and applying a forward post-transform function to the transform 

coefficients to obtain the desired TDAC coefficients. As expJained below, in certain applications 

the forward post-transform function may be null or trivial. 

S The mathematical basis for this implementation may be seen by first expressing the MDCT 

10 

of expression 1 as the sum of two transforms, as follows: 

f-1 { [ ]} a 2s 1 a . CC.t> = E .zc--1-1> cos -<i+->c--1-1+•> + 
.-o 2 N 2 2 

(Sa) 

(Sb) 

.!-1 

E {xc.!+1> ClOS(~ct+!x.!+i+•>]} + ,.! 2 N 2 2 
2 

(Se) 

(Sd) 

The first transform, shown in expressions Sa and Sb, is applied to the first subbloek of a 

samples. Expression Sa corresponds to dle samples in the rust half of this subblock, and 

expression Sb corresponds to the samples in the second half of this subblock. 'Jbe second 

transform, shown in expressions Sc and Sd, is applied to the second subblock of b samples. 

15 Expressions Sc and Sd correspond to the samples in the first and second halves of this subblock, 

respectively. 

From equation 4 it can be seen that 

a a b+l · a+b 1 N 1 
-+m = -+- = -+- = -•~ 
2 22 22 22 

(6) 

This equivalence is substituted into expressions Sa through Sd and the sign of the cosine argument 

20 in expressions Sa and Sd are inverted. The sign of the cosine argument may be inverted without 

affecting the value of the overall expression because the cosine function is an even function. The 

result obtained from these operations is: 

(7a) 
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{ 
a [2z: 1 3N • 1 ]} x(N+--1-i) Cl08 -(k+-x--·-+1+-) 
2 N 2 2 2 

By making substitutions using the following two identities, 

Cl08(8 +h) = C-tfcose 

cos(8 :1: ..!) = :s:sin8 
2 

PCT/US97/04164 

forO:S::k<N. 

the two subblock transforms in expressions 7a through 7d can be rewritten as 

(7b) 

(7c) 

(7d) 

(8) 

(9) 

(10a) 

(lOb) 

10 for 0 :s:: k < N. By folding and shuffling the input signal samples to define a set of modified 
samples q(i) according to 

15 

q(i) .. -zc!!-;-1) + zc!!+o 
2 2 

for 0 :s:: i < Via, and (11) 

q(i) = x(!!+i) + z(N+.!!-t-i) 
2 2 

for Via :s:: l < ViN, (12) 

the subbloclc transforms in expressions IOa and lOb may be collectively expressed as 

.!-1 

C(k) = (-tf•1 E q(i) •(2•(k+!)(i+!>] for 0 :s:: k < ViN. •·O N 2 2 
(13) 

Next, the modified samples q(l) are divided into two groups. The first group includes the 
even numbered samples, where i=2n. and the second group includes the odd numbered samples, 
where i=N/2-l-2n. This permits the expression in 13 to be written as 
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N • [2• 1 N 1 1 } q(--2n-1) BID -(i+-)(--2n--) 
2 N 2 2 2 

By making substitutions using the following two .identities, 

sin(& +h) • (-lfsin8 

lin(8 :1: f > = :1:cos8 

PCT/US97/04164 

for O s le < VaN 

and substituting 2p fork in expressions 14a and l4b, the transform for the even-numbered 

coofftcients can be rewritten as 

(14a) 

(14b) 

(15) 

(16) 

q(N -211-1) •[2s (2p+!) (2n+!)l} for 0 s k < l/&N. (17) 
2 N 2 2] 

10 By making substitutions using the two identities shown above in expressions 15 and 16, 

and substituting N/2-l-2p fork in expressions 14a and 14b, the transform for the odd-numbered 

coefficients can be rewritten as 

N [2s N 1 1 ]} q(--2n-l) cos -(--2p--)(2n+-) 
2 N 2 2. 2 

lS for 0 s k < 'AN and, by using the identities shown above in expressions 9 and 16, 

C(N/2-l-2p)= ~ {q(2n) c:os(211 
(2p+!)(2n+!)]-

••O N 2 2 

N [2• 1 1 ]} q(--2n-1) sin -C711+-)(2n+-) • 
2 N 2 2 

By combining the even- and odd-numbered modified samples to form complex-valued 

samples g(n) according to the form 
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g(n) = q(N/2-1-2n) + j •q(2n), (20) 

it can be shown that the 0-TDAC transform coefficients C(k) may be obtained from the real and 

imaginary parts of the transform 

·-· -J 2• (p+! )(II+!) 
G(p) = I: l(n) e • 4 4 

• (21) 
a•O 

S In particular, 

C(2p} = -Re{G(p)} for 0 :S p < 'AN, and 

CC.N12-l-2p) = Jm{G(p)} fur 0 :S p < 'AN 

where Re{G(p)} = real part oftbe complex quantity G(p). and 

lm{G(p)} = imaginary part of the COlilplex quantity G(p). 

(22) 

(23) 

('24) 

10 :Expression 21 may be rewritten as 

{

lfl-1 r -J~·!>l _,is~·} -12•r!> 
G(p) = :E 11<n> e N. 

1 j e "' e N 
1 

a-0 

where the first term within the square brackets. 

~(a..!) 
l(n)e N 1 

(25) 

(26) 

forms part of the forward pre-transform function. The summation and exponential on either side 

15 of the pre-transform function may be recogliized as an N/4-point Discrete Fourier Transform 

(DFI'). 

20 

For ease of discussion herein, the transform coefficients obtained from the forward 

transform of the modified samples q(n) are denoted Q(p). These complex-valued coefficients are 

of the form 

Q(p) = U(p) + j. V(p). (27) 

Referring again to expression 25, the final term outside the braces, 

(28) 

is a complex. rotation that forms part of a forward post--transfonn function discussed below. 

Fig. 3 is a schematic diagram of a circuit for deriving a block of 8 modified samples from 

25 a 16-sample block according to equations II and 11, where a=l2 and b=4. Paths lOa through 

10p each receive a signal representing the first through sixteenth sample in an input signal block, 

respectively. Paths 16a through 16b each convey a signal representing the first through eighth 

modified sample in a modified-sample block, respectively. Inverters 12a through 12f invert the 

signals received from paths 10a through lOf, respectively, thereby achieving a subtraction in 

30 summing components l4a through 14f. 
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The forward pre-transfonn ftlnction. furward transform and forward post-transform 

function can be implemented in a variety of ways including circui1s comprising inverters, 

amplifiers and summing components such as that represented in Fig. 3; however, preferred 

embodiments incorporate software-controlled processors to perfonn these operations. Any of these 

S implementations may also apply an analysis-window function to lbe signal samples in conjunction 

with the folding and shuffling operations of the forward pre-transform function. 

E. Efficient Implementation of Analysis Filter Bank 

. Forward pre-transform function 106, represented by expressions 11, 12, 20 and 26 above, 

is used to obtain a set of Y,.N complex-valued modified samples to be provided as input to forward 

10 transform 108. Expressions 11, 12 and 20 collectively represent "folding" and "shuffling• 

operations on the signal samples in each time-domain signal sample block, forming a respective set 

of modified samples. Expression 26 represents a complex rotation of these modified samples. 

Forward transform IOI is an N/4-point DFT that may be implemented efficiently in a 

variety of ways, including the use of an FFI'. 

15 Forward post-ttansform t 10, represented by expressions 22, 23 and 28 above, is used to 

obtain spectral information comprising the frequency-domain transform coefficients C(k) from the 

transform coefficients Q(p) of the forward transform. Expressions 22 and 23 collectively represent 

an "unshuffling" operation that reverses the affecas of the shuffling performed by the forward pre­

transform function. Expression 28 represents a complex rotation. The forward post-transform 

20 function may be implemented by the following: 

for 0 :so p < 'AN (29) 

for 0 :SO p < 'AN (30) 

In principle. the combination of forward pre-transform 106, forward transform 108 and 

forward post-transform 110 generates frequency-domain transform coefficients C(k) in response to 

25 an input signal that is equivalent to the transform coefficients generated by an 0-TDAC transform 

applied to dle ·sme input signal. 1bese uansform coefficients generally correspond to the spectral 

content of the input signal. If a particular application does not require spectral information in any 

particular form, an analysis-filtering apparatus incorporating an embodiment of the present 

invention may incorporate a forward post-transfonn that is null or trivial. A system for such an 

30 application, for example, could transmit or store the transform coefficients Q(p) themselves. 

Unfortunately, the transform coefficients Q(p) generated by the forward transform are 

generally not suitable for low bit-rate transmission or. efficient storage. Various coding and 
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quantization techniques are needed to reduce informational requirements by taking advantage of a 

signal's irrelevancy. In such coding applications, a straight-forward measure of input signal 

spectral content is required. For example, encoder/decoder systems which exploit psychoacoustic 

principles to reduce coded signal information requirements require an estimate of spectral content 

S in order to estimate psychoacoustic maskilig eft'ects of a signal's spectral components. 

F.OutputFonnatting 

Output formatting represented by box 112 in Fig. 1 is not required to practice the present 

invention but is often used in signal encoding applications. Generally, output formatting assembles 

a representadon of the spectral information and other information required for transmission or 

10 storage. In a coding application, any additional side-information needed by a decoder is also 

assembled into the formatted 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 storqe. The formatted data is ready for transmission or for storage along path 114 shown in 

Fig. 1. 

15 

20 

G. Input Deformatting 

Input deformatting represented by box 202 iii Fig. 2 is not required to practice the present 

invention but is often used in signal decoding applications. Deformatting obtains spectral 

information and any side information from a formatted signal received from path 200 either by 

receipt of a transmitted signal or retrieved from storage. 

H. Synthesis Filter Bank 

Synthesis filter bank 220 may implemented in a straight-forward manner by an Inverse 

Modified Discrete Cosine Transform (IMDCT) of the form 

N-1 [ ] l(n) • .! E c!'(k) cos 2K(t+1)(n+m) 
N t-0 N 2 

forOSn<N 

where C(k) = recovered MDCT frequency-domain transform coefficient k, and 

(31) 

25 .i(n) = recovered time-domain signal sample n. 

The •hat• nomenclature is used herein to distinpish between information derived during signal 

synthesis from corresponding information derived during signal analysis. In many practical 

applications, \lecause of coding and/or quantizing that may have been performed, spectral 

information recovered from the received signal may not be identical to the spectral information 

30 obtained from the analysis filter bank. As a result, corresponding information between signal 
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analysis and signal synthesis will generally not be identical; however, this difference is not 

important to the practice of the present invention. 

I. Implementation of Adaptive-Leqth Synthesis Filter Bank 

The resources required to implement the synthesis filter bank according to one embodiment 

S may be reduced by instead applying an inverse pre-transform function to spectral information 

obtained from a received signal to generate sets of V.N modified frequency-domain coefficients, 

evaluating one or more inverse discrete transforms for the modified frequency-domain coefficients, 

and then applying an inverse post-transform fimction. As discussed herein, in certain applications 

the inverse pre-transform function may be essentially null or bivial. 

10 Using a derivation similar to that discussed above for the forward transform, it can be 

shown that the overall function of inverse pre-transform 206, inverse transform 208 and inverse 

post-transform 210 may be expressed as 

{ 
4 Nit-I[ J~+!)l Jhp} J~•!) 

f(n) = - E d{p)e N I J e l4f4 e N a 
N ,., 

where Re{ Dfp)} = -CC21» 
IS lm{D{,)} = C(thN-1-2p) 

for 0 :S:: p < '.4N, and 

for 0 :S:: p < V.N. 

Time-4omain signal samples are obtained as follows: 

2a+b Refl( ~ forO:S::n< V.b i(--1-2n) • n 
2 

1(2a+b +2n) = Refi(n)} forO:S::n< V.b 
2 

2a+b . 
for '.4b :s:: n < V.N i(--1-2n) • Refl(n)l 

2 

20 
,, 

.f(2n--) = -Re{l(n)} 
2 

for '.4b :s:: n < V.N 

1(.!+2n) = Iin{l<n)) 
2 

for 0 :S: n < V.a 

1(.!-t-2n) • -Im{l(n)l for 0 :s:: n < 'Aa 
2 

1(.!+2") = lmf;<n)l for '.4a :s:: n < 'AN 
2 

i(.!+N-1-~) = lmf;<n)l for V.a :s:: n < V.N 2 . 
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The complex rotation within the square brackets in expression 32. 

,~!) 
e N I 

PCT/US97/04164 

(43) 

and equations 33 and 34 collectively form the inverse pre-transform function discussed above. 

1be summation and exponential on either slde of the invene pre-transform function in expression 

S 32 may be recognized as an N/4-point Inverse Discrete Fourier Transform (IDFI). The final term 

outside the braces in expression 31, 

(44) 

and equations 35 through 42 collectively form the inverse post-transform function. 

J. Efficient Implementation of Synthesis Filter Bank 

10 Inverse pre-transform function 206 obtains frequency-domain transform coefficients from 

the spectral information in the received signal. If the spectral information in the received signal 

substantially corresponds ro the frequency-domain transform c:oefficients Q(p) generated by the 

forward ttansform. then the inverse pre-transform function may be null or trivial such as. for 

example, grouping spectral information inro blocks. In a practical implementation of a decoder 

15 incorporating the present invention, the inverse pre-transform function may comprise decoding and 

dequantizing an encoded signal into a form suitable for input.to the inverse transform filter bank. 

20 

In applications where the received spectral information is substantially the same as the 

transform coefficients (.'{k) of an 0-TDAC filter bank, an inverse pre-transform function may be 

used to derive frequency-domain coefficients of the form 

()(,,) "' fJ(J)) + J· '<P> . (45) 

The inverse pre-transform function may be implemented by the following: 

O'{p) = -Cop) cos(2s(p+!)) - Cc.N-1-:lil) •[~+!)l for 0 :Sp < V.N (46) 
N 8 2 N sj 

i>{p) • ~N -1-"1) cos(~(p+!)l - C{2p) a1n[2•(J)+!>] for O :Sp < V.N (47) 
2 N 8] N 8 

Inverse transform 208 is an N/4-point IDFT that may be implemented efficiently in a 

25 variety of ways, including the use of an Inverse FFT. 

Inverse post-transform 210, represented by expressions 44 and 35 through 42, is used to 

obtain a set of N real-valued time-domain samples in response to the time-domain transform 

coefficients provided by inverse transform 208. Expression 44 represents a complex rotation. 

Expressions 35 through 42 collectively represent "unfolding• and ·unshuffling" operations that 
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reverse the effects of previous shuffling and unsbuffling, including the shuffling of forward pre­

transfonn 106. 

K. Output Sample Processing 

An overlap-add process is used subsequent to an 0-TDAC transfonn to generate signal 

S samples corresponding to the original input sipal samples. 111.is process, represented by box 212 

in Fig. 2, overlaps adjacent blocks of recovered time-domain samples and adds the samples in one 

block to samples in the adjacent overlapped block. Prior to overlap-add a synthesis-window 

function is appJied to the recovered time-domain sample blocks. 
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CLAIMS 

1. An analysis-filtering apparatus comprising 

input means for receiving an input signal, said input signal comprising input 

samples and representing audio or video information, 

input buffer means for grouping said input samples into timo-domain signal sample 

blocks of non-aro length N=a+b. where a and b are non-negative radix 4 integers and 

either a or b has a different value for at least two of said time-domain signal sample 

blocks, wherein adjacent blocks in a sequence of said time-domain signal sample blocks 

overlap one another, a respecdve dJne.domajn signal sample block overlapping a previous 

10 block by a samples and overlapping a subsequent bloclc by b ~Jes, 

15 

20 

analysis filter bank for generating spectral information in response to a respective 

one of said time-domain signal sample blocks, said analysis filter bank comprising 

forward pre-transform means for generating modified-sample blocks 

comprising at least one but not more than 'AN complex-valued modified 

samples, 

forward transform means for generating frequency-domain 

. transform coefficients by applying one or more discrete transform functions 

to said modified-sample blocks, and . 

forward post-transform means for generating spec:ttaJ information in 

response to said frequency4omain coefficients, and 

output means for assembling a represenladon of said spectral information into a 

form suitable for uansmission or storage. 

2. An apparatus according to claim 1 wherein said spectral information is substantially 

equivalent to transform coefficients of an Oddly-stacked Time Domain Aliasing Cancellation 

25 transform. 
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3. An apparatus according to claim l wherein said forward pre-transform means comprises 

means for forming real-valued intermediate samples q(i) in response to said input 

samples x(l) according to 

q(i) • -.i(.!.-i-1) + .1(!!.+I) for 0 ~ i < !&a and 
2 2 

4(i) = x(.!+i) + z(N+.!-1-i) for 1ha ~ i < 1/aN., 
2 2 ' 

means for forming complex-valued intermediate samples g(n) according to 

g(n) = q(N/2· 1 ·2n) + jq(2n), and 

means for generating said complex-valued modified samples by applying a complex 
-J!!.(11..!) 

rotation according to e N 1 

10 and wherein said one or more discrete ttansfonn mnctions are substantially equivalent to a 

Discrete Fourier Transform. 

15 

4. An apparatus according to claim 3 wherein said forward post,-ttansfonn means 

comprises 

means for forming complex-valued intermediate coefficients G(p) by applying a 
-;:kc,. • .!) 

complex rotation to said frequency-domain coefficients according to e N 1 , and 

means for generatin1 said spectral information C(p) according to 

C(2p) = -Re{G(p)} 

C(,N/2-1-2p) = Jm{G(p)} 

for 0 s. p < '4N and 

for 0 ~ p < '.4N. 

S. An apparatus according to any one of claims 1 lllmaala o& wherein a and b are non-zero 

20 in at least one of said time-domain signal sample blocks. 

2S 

6. A synthesis-filtering apparatus comprising 

input means for receiving spectral Information, 

synthesis filter bank for generating time-domain signal samples in response to said 

specttal information, said synthesis filter bank comprising 

inverse pre-transform means for generating sets of frequency­

domain transform coefficients in response to said spectral information, each 
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of said sets comprising at least one but not more than tAN= lA(a+b) 

coefficients, where a and b are non-negative ndix 4 integers and either a 

or b has a different value in at least two of said sets, 

inverse transform means for generating transform bloclcs 

comprisJng time-domain transform coefficients by applying one or more 

inverse discrete transform filnctio• to said sets of frequency-domain 

transform coefficients, and 

inverse post-transform means for generating time-domain signal 

sample bloclcs, each block of non-zero length N=a+b, wherein adjacent 

blocks in a sequence of said time-domain signal sample blocks overlap one 

another, a respective thne-domain signal sample block overlapping a 

previous block by a samples and overlapping a subsequent block by b 

samples, and 

output means for generating output samples representing audio or video 

IS information in response to said time-domain signal sample blocb. 

7. An apparatus according to claim 6 wherein said spectral information is substantially 

equivalent to transform coefticienls of an Oddly-stacked Time Domain Aliasing Cancellation 

transform. 

8. An apparatus according to claim r5 wherein said one or more inverse discrete transfonn 

20 fimctions are substantially equivalent to an Inverse Discrete Fourier Transform and said inverse 

post-transform means comprises 

2S 

means for forming complex-valued intermediate samples lfp) by applying a 
-J~ ... .!, 

complex rotation to said time-domain transform coefficients according to e N 1 , and 

means for generating said time-domain signal samples x(n) according to 

.i(2a+b _1-2n) = Refl(n)J for 0 :S n < %b, 
2 

.i(2a+b +2n) • Relf{11)J for 0 ~ ·n < tAb, 
2 

1(2a+b _1-2n) = Refl{n)I for tAb ~ n < %N, 
2 
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J(.!!-1-2n) • -Imf.f(n)} 
2 

.t(.!+2n) • Im{IC11)} 
2 

.t(.!!+N-1-2n) • Im.fl<n)l 
2 

PCT/US97/04164 

for -Ab ::s; n < -AN, 

forO ::s; n < '4a, 

forO ::s; n < 'Aa, 

for 'Aa ::s; n < 'AN and 

for 'Aa ::s; n < 'AN. 

9. An apparatus according to claim I wherein said inverse pre-transform means comprises 

means for forming complex-valued intermediate coefficients Gr{p) in response to 

said spectra) information t(p) according to 

Re{Cfp)} = -C{lp) 

Im{~)} = C(lhN·l·2p) 

for 0 s. p < %Nand 

for 0 ::s; p < JAN, and 

means for generating said frequency-domain transform coefficients by applying a 
~!) 

complex rotation according to e N • • 

10. An apparatus according to any one of claims 1 t1mJai1a 9 wherein a and b are non-zero 

in at least one of said time-domain sipal sample blocks. 

15 11. A method for encoding and decoding samples representing audio or video information, 

said method comprising 

a) receiving an input signal, said input signal comprising input samples and 

representing audio or video information, 

b) groupins said input samples into first thne-domain sipal sample blocks of non-

20 zero length N=a+b, where a and bare non-negative radix 4 integers and either a orb has 

a different value for at least two of said time-domain signal sample blocks, wherein 

adjaeent blocks in a sequence of said time-domain signal sample blocks overlap one 

another, a respective time-domain signal sample block overlapping a previous block by a 

samples and overlapping a subsequent block by b samples, 

25 c) generating spectral information in respame to a respective one of said first time-

domain signal sample blocks by (1) generating modified-sample blocks comprising at least 
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one but not more than 1AN complex-valued modified samples, (2) generating first 

frequency-domain transform coefficients by applying one or more discrete transform 

functions to said modified-sample blocks, and (3) generating spectral information in 

response to said frequency-domain coefficients, 

d) assembling an encoded representation of said spectral information into a form 

suitable for transmission or storap, 

e) receiving said encoded representation of spectral information and obtaining 

reconstructed spectral information therefrom, 

f) generating time-domain signal samples in response to said reconstructed spectral 

10 information by (I) generating sets of second frequency-domain transform coefficients in 

response to said spectral information, each of said sets comprising at least one but not 

more than i.4N= i.4(a+b) coefficients, where either a or b bas a different value in at least 

two of said sets, (2) generating transform. blocks comprising time-domain transform. 

coefficients by applying one or more inverse discrete transform functions to said secs of 

15 second frequency-domain transform coefficients, and (3) generating second time-domain 

signal sample blocks, each block of non-zero length N wherein adjacent blocks in said 

second time-domain signal sample blocks overlap one another, a respective second time­

domain signa1 sample block overlapping a previous block by a samples and overlapping a 

subsequent block by b samples, and 

20 g) generating output samples ·representing audio or video information in response to 

said secOnd time-domain signal sample blocks. 

11. A method according to daim 11 wherein said spectral information is substantially 

equivalent to transform coefficients of an Oddly-stacked Time Domain Aliasing Cancellation 

transform. 
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13; A method according to claim 11 wherein said generating modified-sample blocks 

comprises 

forming real-valued intermediate samples q(i) in response to said input samples x(i) 

according to 

q(i) • -z(.!-i-1) + z(.!+i) for 0 s: i < 1ha, and 
2 2 

f(i) = z(.!+i) + z(N+!!-1-i) for Iha s: l < 1hN. 
2 2 

forming complex-valued intermediate samples g(n) according to 

g(n) = q(N/2-1-2n) + jq(2n), and 

generating said complex-valued modified samples by applying a complex rotation 
-}2•(.+l) 

according to e N 1 

said one or more discrete transform functions are substantially equivalent to a Discrete Fourier 

Transform, said one or more inverse discrete transforms are substantially equivalent to an Inverse 

Discrete Fourier Transform, and said generating second time-domain signal sample blocks 

comprises 

forming complex-valued intermediate samples f(p) by applying a complex rotation 
-i~..!) 

to said tlm&-domain transform coefficients according to e "' 1 , and 

generating said time-domain signal samples i(n) according to 

1(2a+1' -1-2n) = Retf(n)} for O s: 11 < 1Ab, 
2 

1(2a+b +2n) = Refl(n)l for 0 :s; n < \4b, 
2 

1(Z:!!!'!-t-2n) = Re{f(a)l for \4b S: n < 'AN, 2,, 
1(2a-2) = -Rafl(n)} for JAb s: n < JAN, 

1(.!+2n) • Im(f(n)l for O ~ n < %a, 
2 

.f(.!-t-2n) • -ImflCn)l for O ~ n < \4a, 
2 

I(.! +2n) .. Jm{l(ri)t for %a s: n < 'AN, and 
2 

.f(.!+N-l-2n) = Jm\f(n)} for 1Aa s: n < JAN. 
2 
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14. A method according to claim 13 wherein said generating spectra] information 

comprises 

forming complex-valued intennediate coefficients G(p) by applying a complex 
-J!!.(.e+!) 

rotation to said frequency-domain coefficients according to e N 1 , and 

generating said spectral information C(p) according to 

C(2p) = -Re{G(p)} 

C(N/2-1-2p) = lm{G(p)} 

for 0 ~ p < 'AN and 

for 0 ~ p < 'AN, 

and wherein said generating sets of second frequency-domain transform coefficients comprises 

forming complex;..vaJued inteimediate coefficients G'(p) in response to said spectral 

10 information C(p) according to 

Re{ aCp)} = -Cc:J,p) 

Im{Dep)} = C('hN-1-2p) 

for 0 ~ p < 'AN and 

for 0 ~ p < 'AN, and 

generating said frequency-domain transform coefficients by apptying a complex 
l'·•te+l) 

rotation according to e N 1 • 

15 15. A method according to any one of claims U 1lbmaall 14 wherein a and b are non-zero 

in at least one of said first time-domain signal sample blocks and wherein a and b are non-zero in 

at least one of said second time-domain signal sample blocks. 

II 
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