* DESERI'PTI ON LOW COVPUTATI ONAL- COMPLEXI TY DI G TAL FI LTER
BANK : Technical Field The
invention relates in general to digital encoding and decodi ng of
information. Mdre particularly, the invention relates to efficient

| mpl enentation of digital analysis and synthesis filter. banks used in

di gital encoding and decoding. In a preferred enbodi nent of the invention,
the length of the filter bank used to inplenent critically-sanpled anaIyS|s

and synthesis filter banks nay be adaptively sel ected. Thr oughout the
foll ow ng discussion and especially in the background dlSCUSSIOﬂ nor e
particular mention will be made of audio applications; however, it should

be understood that the present invention is applicable to a range of
applications w der than just that of audi o encoding and decodi ng.
Background Art I nt roducti on
There is considerable interest anong those in the field of signal
processing to develop efficient mneans to transmt or store informtion.

| mproving coding efficiency includes (1) reducing informational

requi renents, that is, reducing the anount of information required to
adequately represent a signal durlggthﬁ§@snlssion or storage, and (2)
reduci ng processing requirenents, ¢ reduci ng the anount of
processing required to inpl en®PURIEICATEON @HOCEFSand decodi ng processes.

I n high-quality audi o coding applications, Informational requirenents can
sonetinmes be reduced w thout |oss of perceptible audio quality by
expl oi ting various psychoacoqustic effects. Signal recording, transmtting,
or reproduci ng t echys w@ﬁwmwramsﬁ@étbwmyy@mf acetaldshydegmputities ffiomnt o

narrow bands eyt bcd@aewnwdfb@rammg&bém;tacngwtmethwﬂaav&%@awrnyl cal bands

E?SnSFpLShéwrgﬁrﬁcé‘ﬁ BB isfief Dty Aefieis; ey e, PR BABT SR Bpasced
by each filt eolumen() sarad to esoonet(p)icfined etbyll acel:ateais a trase pradgcintolbesfugherd  wit h

thesis f i bband
odt ng and AR, 413 18y ight ends iR EBHRE AL Ry SFH M iCarRlcf 00O
reduce the |mveﬂmdt%bmfedrt@qmaldemrgmpwl;sa}umneamargefqogmn@mgy bands wher e

the  noise Caaetaﬂég,m i$ Rgndved dt bt%%bp@ftmga&m@ap&mﬁamust ically
masked. Subband coders ed b nk of .digital bandpass

(Tters defi AOESCaANERAERATEISH oD SHRNIEHA mendBeRS PERMT SRR mmy - be

| mpl enent ed tbgcausy thef presenes af adetaﬂrlehglwmmtrhmntal ¢u) theresterificationrcatalyst.ansf or ns.
One or nore adjacent transformcoefficients are grouped together to define
"subbands™ havi ng effective bandw dt hs which are suns of individual
transform coe$élei Bhgubandw dt hs. The mat hematical basis for digita
subband filter banks and digital block transforns is essentially

-2 - the sane. See Tribolet and Crochicre, "Frequency Domain Codi ng of
Speech," | EEE Trans. Acoust. Speech. and Signal Proc., ASSP-27, Cctober,
1979, pp. 512-30. Therefore, throughout the follow ng discussion the
concepts associated with ternms such as "subband coder” and "transform
coder” generally apply to both a true subband coder and a transform coder.
The term "subband" refers to portions of the useful signal bandw dth

whet her i nplenmented by a true subband coder or a transform coder. The terns
"transform’ and "transform ng"” include digital filters and digital '
filtering, respectively. In nost digital coding applications,
processi ng requirenents can be reduced by increasing the efficiency of
subband filtering. Inproved processing efficiency permts inplementation of
encoders and decoders which are | ess expensive to build, or which inpose

| ower signal propagation del ays through ?n encoder/decoder system In
many transform coder systens, the analyg s and synthesis filter banks are

i npl emented by discrete tinme-domain to frequency-donain transfornms such as
the Discrete Fourier Transform (DFT), the Di screte Cosine Transform (DCT),
and the Discrete Sine Transform (DST). The nunber of time- domain signal
sanples, referred to herein as the tinme-domain signal sample block | ength,
processed by such transfornms is sonetinmes called the transform|ength, and
t he amount of processing required to performthese transforns is generally
proportional to the square of the tine-domain signal sanple block |ength.
The nunber of frequency-domain transform coefficients generated by a
transformis also sonetines called the transformlength. It is common for
t he nunber of frequency-domain transform coefficients generated by the
transformto be equal to the tinme-domain signal sanple block | ength, but
thls equal ity |s not necessary. For exanple one transforn1referred to
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