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Backgr ound P Theregi syscg?]si derabl e interest anong those in the
fields of audio-signal processing to m nimze the anmount of

information required to represent a signal w thout perceptible |oss
in signal quality. By reducing information requirenments, signals inpose
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and storage nedi a.
The invention relates in general to low bit-rate encoding and decoding of signals

such as audio signals. More particularly, the invention relates to lowering information
capacity requirements by applying prediction in high-quality split-band perceptual coding
systems.

10 Background
~ There is considerable interest among those in the fields of audio-signal processing to
minimize the amount of information required to represent a signal without perceptible loss
in signal quality. By reducing information requirements, signals impose lower information
capacity requirements uypon communication channels and storage media.

15 Analog signals which have been subject to compression or dynamic range reduétion,
for example, impose lower information capacity requirements than such signals without
compression. Digital signals encoded with fewer binary bits impose lower information
capacity requirements than coded signals using a greater number of bits to represent the
signal. Of course, there are limits to the amount of reduction which can be realized

) without degrading the perceived signal quality. The following discussion is directed more
particularly to digital techniques, but it should be realized that corresponding considerations
could be applied to analog techniques as well.

Information capacity requirements can be reduced by applying either of two types of
so-called "data compression” techniques. One type of compression technique, sometimes

25  referred to as "lossy" compression techniques, reduces information capacity requirements
in a manner which does not assure, and generally prevents, perfect recovery of the original
signal. Quantization is one well known lossy compression technique.

Quantization can reduce information capacity requirements by reducing the number
of bits used to represent each sample of a digital signal, thereby reducing the accuracy of

30 the digital signal representation. In audio éoding applications, the reduced accuracy or
quantizing error is manifested as quantizing noise. If the errors are of sufficient
magnitude, the quantizing noise will degrade the subjective quality of the coded signal.
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degr adebility of thy bunan audifony sysienvto detectslistioat tonggenerally increases as the ‘
. difference in frequency between the tones increases; however, the resolving ability of the
human auditory system remains substantially constant for fre_quency differences less than
-the bandwidth of the above mentioned filters; thus, the frequency-resolving ability of the
15 human auditory system varies according to the bandwidth of these filters throughout the
' audio spectrum.. The effective bandwidth of such an auditory filter is referred to as a
“critical band.” A dominant signal within a critical band is more likely to mask the
audibility of other signals anywhere within that critical band than it is likely to mask other
signals at frequencies outside that critical band. A dominant signal may mask other signals
20  which occur not only at the same time as the masking signal, but also which occur before
and after the masking signal. The duration of pre- and postmasking effects depend upon
- the magnitude of the maskmg signal, but premasking effects are: usually of much shorter
* duration than postmasking effects. See generally, the Audio Enginee 3
Blair Benson ed., McGraw-Hill, San Francisco, 1988 pages 1.40-1. 42 and 4.8-4.10.
25 No simple psychoa_cousuc model exists for estabhshmg the audibility of the spectral
components of an audio signal. The bandwidths of the critical bands-and the temporal
* masking intervals'vary considerably with frequency and amplitude of the masking signal,
vary among individual listeners, and are the subject:: of some debate. ' Nevertheless, certain
values are commonly used in psychoacousﬁc-bas_ed ‘coder design and are useful engineering
30  approximations. The critical bands are generally regarded to be somewhat constant and
less than 100 Hz at frequencies below about 500 Hz. The critical bands vary as a fraction
of center frequency for frequencies above about 500 Hz, starting at about one-third octave
at 500 Hz, decreasing to about one-fifth octave for frequencies bétween 1 kHz and 4 kHz,
and increasing to about one-third octave for frequencies above about 10 kHz. The




WD 96/ 19876

PCT/ US95/ 16748 -2-
Vari ous ausveseEreg t echni ques attenpt to apply | 0ossy conpPeETAISOS16748
techni ques to an input signal withoutgsuffering any perceptible
degradati on by renovi ng conponents of I nformati on which are

i mper cept i ?r&n%ﬁd Rlréat ' ' -
conpl ement ary ecd(gdilhng t?éhr??‘%&g C ﬁ{dr/gboeigg'a%tre%}nlb{:agyo e fon?)euymétle%rtl%l
whi ch i s 5 lessptharc S msea) | Thei postnsaskingLinteinedb cen £xtend beyond fif0tmsecg bal isgensrallpd
t he renoved co nent ..i s tral vy irrel evant. Exanples of such coding

t echni ques WH%@@ @%PF?%&%&"?%@&?% with adaptive bit allocation
based upon psychgudié rsﬁMdﬂﬂ'coﬂan%lﬁMiﬁs which divide the usefil Gindivitith into
applications, for exanple, the human auditory system di splays frequency-

anal ysi$ prisgauencycspbbands with handwidths approximating the gritieal baady of; thadwnman| t er s

havi ng vari r | . ' ;

funct fon oftthar;dstent E Gter cEPIUR Il iadbiRac BREA Bl wiptbant Tetholhe Such
sy S]E emto Ob?ﬁﬁb?mticaﬁ' i:gw:ebttmiqms iy eoreept, lcpm'gries passing taﬁﬁnpxitesi%na_l thro 'h_‘li;ﬁtmeﬂc fe
in frequenc et ween e, tones, i ncreases; however e resolving abili o]
the o gk redicing e infaRAtion, CopMEI SORUIIENS o fhe iael et bY each filter”
frequency o &Q@&sg son & Lt ﬁk‘?n% [
filters; tmj%?q?ﬁgaf%gﬁgﬁcy-re ol vi %Eﬂ‘ﬁﬁsﬁty og’ ?%de);ei% Eﬁ%% ’%ﬁh%g
syst emlQar i ipputzsignal withcan inverse pocoesssi dTwio such técboigués dre snbbandroodingaand t he
audi o specty h ffegtive dwi of _such an audi.tory.filtfer is
referred ton%'g}oé;; god?ng... g"f]{ol %’gw&nsk’%fﬁ%%?mﬂﬁﬁ "&ﬂq"ﬁg‘ "3
critical bayequirémems in parkichlir frequenay stbtainds whereatid indSultinigyarifacgtdser si gnal s

anywhere within that, critical band than it is likely to nask other
signal s at Psychoaspustically, masked by ong orcmpre; spertral gompopents ands therefare,do nefay

e s i e Wil GRSt e . 112 So LT Ll

si gnal 15The dur aSubbanéd toders mayruse any tofiwvatiowsgteclirfiquess o dmplementip filter bank withe

nagni tude Of fhe ook WhrerS 41 gital WotBAd B Mh b Serat A pSe detal””
samples is passed through a bank of digital filters. Each subband signal passed by a
respective filter in the filter bank is downsampled according to the bandwidth of that
subband’s filter The coder attempts to quantize the samples of each subband signal using

20  just enough bits to render the quantizing noise imperceptible. Each subband signal
comprises samples which represent a portion of the input signal spectrum.

Transform coders may use any of various so-called time-domain to frequency-
domain transforms to implement a bank of digital filters. Individual coefficients obtained
from the transform may be considered *subbands," or two or more adjacent transform

25 coefficients may be grouped together to define "subbands” having effective bandwidths
which are sums of individual transform coefficient bandwidths. The transform coefficients
in a subband constitute the samples of that respective subband signal. The coder attempts
to quantize the transform coefficients in each subband using just enough bits to render the
quantizing noise imperceptible.

30 Block transforms operate on a block or interval of time-domain information,
transforming it into a block of transform coefficients representing frequency-domain
spectral information. The length of th; time-domain block affects both the temporal
resolution and the spectral resolution of the transform filter bank. An increase in block
length increases spectrai resolution but also increases the computational requirements and
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portions of the useful signal bandwidth. The term subband" shall refer to these pomons ‘ '
of the useful signal bandwidth, whether 1mplemented by a true subband filter bank, a '
transform filter bank, or other filtering technique. The term “subband signal sample” and
the like as used throughout this discussion refers to both a sample obtained from passband

15 - filters as well as to coefficients obtained from transforms unless the context of the

discussion makes it clear that a distinction is being made.

A second type of compression technique, sometimes referred to as "lossless"
compression techniques, reduces information capacity requirements without degradation by
decorrelating the original signal, thereby reducing or eliminatin'g'..-'components of the signal

20  which are redundant. A complementary decompression technique can recover the original
signal perfectly by providing the redundant component removed: during compression.
Examples of lossless compression techmques include run-length encodmg, linear predlcnve
codmg (LPC), and transform coding. o

In principle, an encoder utilizing LPC predicts-some aspect of an original signal,

25 - establishes a "prediction error" from the difference between the prediction and the original
signal and passes the predlctlon error to a compamon decoder. The decoder performs a
corresponding prediction and adjusts the prediction- according: to the prediction error
received from the encoder to recover perfectly the original signal.:

-A wide variety of LPC techniques are well known. For example, see Widrow and

30  Stearns, "Adaptive Signal Processmg, ' Prentice-Hall, 1985, pp 99-116 and Honig and
Messerschmitt, *Adaptive Filters—Structures, Algorithms and Apphcatxons, Klunes

* Academic Publishers, 1984, pp. 49-62, and figure 3-5, all of which are incorporated by
reference in their entirety. -- - B '
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quant i zi ngexpressed asrpaetrafhdarionically-related signals. Unfonunately, block transforms
decorrelate information within the extent of each block but do not decorrelate between
blocks. In audio coding applications, the correlation between blocks can be very high.
Hybrid coding systems utilizing transforms, LPC and quantization have been
20  explored. Redundant information is reduced by block transforms which decorrelate blocks
of information and by linear prediction which reduces correlation between blocks, and
irrelevant information is reduced by quantizition according to psycho-perceptual principles.
For example, see Lazzari, et al., "Two Speech Coders for Digital Mobile Radio,* CSELT
Technical Reports, vol. 16, no. 6, October 1988, pp. 563-572 (hereafter referred to as
25  “Lazzari"), Mahieux, et al., "Transform Coding of Auilio Signals Using Correlation
Between Successive Transform Blocks,* IEEE ICASSP'Proceedings, 1989, pp. 2021-2024
(hereafter referred to as *Mahieux"), and Lin, et al. MS'nbb:md-I&![ultlpulse Digital Audio
Broadcasting for Mobile Receivers,” IEEE Trans. on'Bfoadcasting, vol. 39, no. 4,
December 1993, pp. 373-382 (hereafter referred to as l"Lm"), all of which are incorporated
30 by reference in their entirety. In these references, an encoder quantizes the prediction
error of predictors applied to one or more subband siffials derived from a filter bank.
The technique disclosed by Lazzari applies a shiort-term linear predictor to two of
the four subbands derived from cascaded Quadrature Wlirror Filters (QMF). Lazzari
concludes that the removal of temporal redundancies is more effective if the number of
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por bandwidths are considerably wider than the critical bands-of the human auditory system. ‘
Lin explains that _wider _sub,t_;an_ds are used because the correlation between adjacent samples
in narrower subbands is not high enough to obtain. high pred diction accuracy. In one
embodiment, predictors of order 6,4,4,4 are used for the respective four subband signals

15  over an analysis frame length of 20 msec. - An additional long term predictor is used

because it provides an 1mprovement in. subjective quahty when the excitation pulse densny
is low.

| Because of the very wide'subband Ibandwidths, the techniques disclosed by Lazzari

and by Lin are unable to fully utilize psycho-perceptual effects to render quantizing noise
20  inaudible. : : : o :
The technique dlsclosed by Mahleux apphes a magmtudelphase predxctor to -

. transform coefficients derived from a Discrete Founer Transform (DFT). In one disclosed
.embodlment a 512-pomt DFT generates transform coefﬁcxmts .a first-order predictor -
predicts transform coefficient ‘magnitude, and two ﬁrst-order predictors predict transform

25  coefficient phase change. The predlcuon errors for the peak-valued transform coefficients -
are quantized using nonuniform quantization for the magnitude and uniform quantization
for the phase change. The magnitudes '_of oth_e_f transform coefficients of lesser significance
are quantized using nonuniform quantst The q'uanuzers for the prediction errors are
reinitialized whenever a sharp transient in the slgnal is encountered Unfortunately, the

30  disclosed predictors do not work well for comp'lex:"wavefOrms containing multiple spectral
components within the bandwidth of.a transform oo}afﬁment a coding system according to
the disclosed technique generates tone-hke signals i m response to noise-like signals. In
addition, side information is required to convey. when quantizers are reinitialized.
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A wide variety of LPC techniques are well known. For exanple, see Wdrow

and 30 Stearns, "Adaptive Signal Processi nfq " Prentice-Hall, 1985, pp.
99-116"and Honi g and Messe ve Filters- Structures,

Al gorithms and ppoidd Q:ffsth r 4, pp.
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t hei r ent icoding system incorporating predictive coding which ovércomes the problems discussed
above.

It is another object of the present invention to provide for a high-quality split-band
15 coding system in which predictive coding is applied or not applied as necessary to

minimize perceptible degradation.
Other objects of the present invention are set forth throughout the following
discussion.

In accordance with teachings of the present invention, in oﬁe embodiment, a split-
20  band audio encoder generates subband signals having bandwidths commensurate with
bandwidths of respective critical bands of the human auditory system, applies a general
waveform predictor in each subband to predict the waveform of respective subband signals,
quantizes the prediction error and formats the quantized prediction errors in a form suitable
for transmission or storage. The order of the predictor is chosen to balance two competing
25  interests: (1) the order is high enough to provide low prediction error so that the
quantizing noise resulting from a low bit-rate quantization of the prediction error is
imperceptible, and (2) the order is low enough to provide a response time commensurate
with temporal masking intervals of the human auditory system.
In accordance with teachings of the present invention, in one embodiment, a split-
30  band decoder extracts quantized prediction errors for a plurality of subbands from an
encoded signal, applies a general waveform predictor to the quantized prediction errors for
each subband to recover a replica of a subband signal, and generates a wideband output
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subbands, where for each subband the subband mformanon ‘represents. either quantized
prediction erTors or a replica of a subband signal, apphes a general waveform predictor to
subband mformanon representmg quantized predrcnon erTors to recover a replica of the

15  respective subband s1gnal and generates a wideband output srgnal in response to the replica :
subband signals. _ .

By selectively usmg predrctlon a coding system may use a more accurate high-
order predictor which.has a response time exceeding the temporal masking intervals of the
human auditory system. During quasi-stationary irltervals,.the use of a high-order

20 predictor contributes to prediction accuracy. Followirlg.highly- nonStationa_ry events, the _
effects of large prediction errors may extend beyond the temporal masking interval because -
high-order predictors have a long response time; however, pereeptible degradation is
avoided or minimized by encoding the subband sxgnal samples rather than the large
prediction errors. _ . . 3 : _

25 ~ The present invention may be 1mp1emented in many dlfferent embodiments and
incorporated into a wide variety of encoders and decoders. Although more particular
mention is made of transform-based filter banks, no particular filter bank implementation is
critical to the practlce of the present invention. In parncular implementations may
incorporate analysis filter banks which generate ahasmg artifacts such as a cntrcally-

30  sampled Quadrature Mirror Filter (QMF) and a crmcally-sampled Time-Domain Aliasing
Cancellation (TDAC) transform B _

References to bandwidths "commensurate wrth critical. bands" and the like should be

- understood to mean bandwidths which may_shghtly excwd the critical bands of the human
auditory system, particularly at low frequencies, but preferably are narrower. References

,cu
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pcT/ U385/ 16748 Figure 1 is a functional block diagram of a (s)f;}it-band encoder inco:
subband signal processors.
Figure 2 is a functional block diagram of a split-band decoder incorporating inverse
subband processors.
Figures 3-5 are functional block diagrams of embodiments of a subband signal and
15  an inverse subband processor incorporating linear predictors and quantizers.
Figures 6-7 are functional block diagrams of embodiments of a linear predictor
illustrating the flow of information used to update predictive filter coefficients.
Figure 8 is a functional block diagram of an embodiment of a subband signal
processor incorporating a predictor with provision for prediction override.
20 Figure 9 is a functional block diagram of an embodiment of a prediction override
controller for a subband signal processor.
Figure 10 is a functional block diagram of an embodiment of a prediction override
controller for an inverse subband processor.

Modes for Carrving Out the Invention
25 Basic Structure
Figure 1 illustrates one embodiment of a split-band encoder incorporating various
aspects of the present invention. Filter bank 200 generates a plurality of subband signals in
response to an input signal received from path 100. Only two subbands are shown and
discussed here for simplicity. Subband signal processor 300a processes one of the subband
30 signals received from path 301a and passes the results of the processing along path 302a to
formatter 400. Subband signal processor 300b processes another of the subband signals
received from path 301b and passes the results of the processing along path 302b to
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predi ct or pregluit S trans orm coef fi CI ent ni tude, and two
first-order prEigurg dillushatesithe basicsieuchireof one embodiment of 4 subband signal

15  processor incorporating a forward predictor. Digital samples x(m,i) of a signal in subband
i received from path 301 are passed to linear predictor 340 which’generates predicted
values p(m,i) along: path 305 . Combiner 310 establishes prediction errors e(m,i) by
subtracting the predicted values p(m,i) received from path 305 from the subband signal
samples x(m,i) received from path 301. The subband index i may be inferred for each

20  subband sign'al processor; therefore, the subband index will be omitted below to simplify

~ the dxscussmn - Accordingly, the subband sngnal prediction error may be expressed as

e(m) = x(m) - p(m) ' - ()
Quantizer 320 quantizes the prediction errors received from path 303 and passes the
quantized errors along path 302. Not shown in this or in any other figure are provisions

25  for passing any required side information to the predictor in an inverse subband processor

| of a companion decoder. ' .

Figure 4 illustrates the basic structure of one embodiment of a subband signal
processor incorporating a backward predictor. Combiner 310 eStablis_hes prediction errors
according to expression 1 and passes the errors along path 303 to quantizer 320. Quantizer

30 320 quantizes the prediction errors and passes the quanuzed errors along path 302.
Combiner 330 adds predicted values received from path 305 to the quantized errors

received from path 302 to recover replicas of the original subband signal samples according

- X(m) = P_(m) + é(m) S : : @

[ %



25 coefficient phase change. The prediction errors for the peak-val ued

transform coefficients are quanti zed using nonuniform quantization
ffor the nagoiok/sess and uni form quanti zation for the phaarusbasde. The
magni t udes of other transform coeffici ent of |l esser significance are
guanti zed usi ng nonuni form quanti zers. guanti zers for the prediction
errors are reinitiali edV\/n ever ar.p ., nS| the signal is
encount er eWheef@Y: T uﬁﬁt‘a’ﬁ?“z@ﬂ’éﬂs °n%PP§l(§“§€ﬂ5”§é'@g not V\D?k wel |
for conpl ex vvavg(,,g SticHbirb! € spectral corrponent s within
the bandwi dth of a tr nsfor coefficient; a coding systemaccording to

t he di lsclkom pmumwomem@epmwd Eﬂm ajong Bathﬂoﬁesp@pemettodﬂxe
Convey wholFRTEIRS Teplichs of siobaRhishdl Roppifs Heeia bbbl 307 adrBtpd B  ©

PCt / US595/ 16748 ﬁ(m) = Fig(m-1), #(m-2), ..., (m-N)] | -7

Each of the tec ues disclosed in the references cited above are unabl e
to achi evewhere F a Bregiotor fynetions@Adt i on of critical band filtering and

predi ction accu ofﬁt@;ﬂ% hand, good. prediction accuracy can be
obtained for in ornatlon I'n er subbands but _ guanti zation errors

are nore difficBatkward ipeedietorsi are msédincprefasredembadiments afisibbandisignalat i on 5
ot e ot | onPREHPI Geosise o pidlichnal e epamasil et D& peSied to 1R TerSs suhend
o et b St ekt it e e
the practice of the present invention. Forward predn}g:mrs backward predictors, or a hybrid
of the two types may be used.
Figure 5 illustrates the basic structure of one etiibodiment of an inverse subband
processor incorporating a backward predictor. Combinér 810 generates along path 802
15  recovered replicas of subband signal samples obtained according to expression 2 by adding
predicted values received from path 805 to quantized prediction errors received from path
801. Linear predictor 840 generates predicted values along path 805 in response to
recovered replicas of original subband signal samples feceived from path 802 according to
expression 3 shown above. Not shown in any figure is'an embodiment of an inverse
20  subband processor incorporating a forward predictor; however, forward predictors,
backward predictors, or a hybrid of the two types may be used to practice the present
invention.

Subband Bandwidth and Predictor Order
Filter bank 200 and inverse filter bank 900 may be implemented using either analog
25  or digital filters, or a hybrid of the two. A wide vanesty of structures and techniques may
be used to implement the filters. For ease of discussidh, the following is directed more
particularly toward filter banks implemented by discrete block-transforms.
The filter bank may be implemented by essentially any transform. Two transforms
of particular interest are the evenly-stacked Time Domdin Aliasing Cancellation (E-TDAC)
30 transform, discussed by Princen and Bradley, "Analysis/Synthesis Filter Bank Design
Based on Time Domain Aliasing Cancellation,* IEEE ‘Trans. on Acoust.. Speech, Signal
Proc., vol. ASSP-34, 1986, pp. 1153-1161, and the oddly-stacked Time Domain Aliasing
Cancellation (O-TDAC) transform discussed by Princét, Johnson, and Bradley,
*Subband/Transform Coding Using Filter Bank Designs Based on Time Domain Aliasing



i ndicates that in the disclosed systema fourth-order predictor provides

only about 2 dB hi gher predictive gain than a first-order predictor.
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system
considerations also apply to filter banks implemented using other techniques such as the
- quadrature mirror filter (QMF). .
15 - The spectral resolution of a transform is the coefﬁclent bandwxdth which may be -

approximated as the quotient of the input signal ban_dw1d_t_h divided by the number of
distinct coefficients generated by the transform. The number of distinct coefficients for
mony transforms is equal to half of the tra_'l_;sform_,leng_th_,' where "transform length" is
understood to mean the _nutnb_er of input samples or "points” in a block to which the

20 transform is applied. For example, a 512-point transform such as a Discrete Fourier
Transform (DFT) or one of the TDAC ﬁaosfo;ms mentioned above is applied to blocks of
512 input samples and generates 256 distinct transform ooefﬁc_ients. It is assumed here for
simplicity that the bandwidth of all transform coefficients is the same; however, some

~ transforms such as the DFT and the E-TDAC transforms generate first and/or last

25  coefficients which have a bandw1dth equal to half the bandw1dth of all other coefficients.
These variations in bandwidth may be accounted for as desired but .are 1gnored in this
discussion for simplicity. Throughout this discussi_on it is assumed. that a transform of
length 2N generates N distinct equal-bandwidth transform coefficients. Appropriate
changes may be made for other types of transforms.

30 For digital slgnals, the input signal bandw1dth is cons1dered to be half the samphng
rate. In systems codl_og__dxgl_tal audio signals sa_mpled.at a rate of 44.1 k samples per
second, the coefﬁcient._bandwioth__ of a 128-point transform is approximately 345 Hz, which
is wider than the critical bandwidths at low frequencies. The coefficient bandwidth of a
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in mano di Ghé5E2satplewlocks ars approximately 3 m&R0 bikd 63hsed. , i réipectively, Which aret Y
of encoders and decoders. Al though_ nore particul ar
at longer than premasking intervals. The temporal resolution for the 256-point
transform and, hence, the risk of artifacts becoming audible to an average listener is
marginally acceptable for single-generation coding applications but has been found
unacceptable for multi-generation coding applications.

15 Embodiments incorporating general waveform prediction must utilize predictors
having an order which balances competing interests. The order must be high enough to
provide a prediction accuracy great enough to achieve a reduction in information capacity
requirements by coding the prediction error rather than the original signal, yet must be low
enough to provide a response time commensurate with temporal masking intervals.

20  Furthermore, the additional computational requirements of higher-order predictors and any
temporal resolution requirements dictated by the application must also be considered.

With respect to temporal masking, the response time for the predictor need only
consider postmasking intervals which are generally regarded to be approximately 50 msec.
The maximum order of the predictor may be approximated by dividing the maximum

25  allowable predictor response time by the interval between adjacent subband signal samples
or coefficients. This interval is essentially the same as the temporal resolution of the
transform. For preferred embodiments using the O-TDAC filter bank with signals at
44.1 k samples per second, the maximum order for the predictors used to predict
coefficients for 512-, 256- and 128-point transforms are approximately 8, 17 and 33,

30  respectively.

A minhimum order of three is required to accurately predict a single-frequency

>

sinusoidal waveform; however, greater orders are usually required because each transform
coefficient typically represents a bandwidth containing spectral energy for several
frequencies. Empirical evidence has shown that the practical minimum orders for



mention is made of transformbased filter banks, no particular filter bank
I npl ementation is critical to the practice of the present invention.
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be understood to represent |imtations upon the scope of the present
i nvent i ontemporal masking intsyvalsy 7Ehe)\spectral resolution of the filter bank is sufficient to fully
-9 10 exploit psychoaco_ustm ‘masking effects for all but the lowest-frequency transform
coefficients; however, 'the..predicti'on accuracy 'is'sufﬁciem'to- achieve an overall.reduetion ‘
in information capacity requirements. Although additional bits may be required to encode
the lowest-frequency coefficients to ensure quantization noise is masked, the required
number of additional bits is less than the number of bits.saved by linear prediction reducing
15  block-to-block redundancles L e :
In alternative embodiments, the order of the predictor may be allowed to. vary w1th
 the bandwidth of the subbands over all or most of the spectrum.. For example, the order
may be set equal to three times the bandwidth of each subband where the bandwidth is
expressed in terms of critical bandwidths. This arrangement can be approximated by
20  setting the order equal to some multiple of the bandwidth expressed in octaves for subbands
above about 100 Hz, for example, approximately nine time’as--' the bandwidth for subbands
with center frequencies between 500 Hz and 1 kHz, fifteen times the bandwidth for
subbands between 1 kI-Iz and 4 kHz, and decreasing to approximately nine times the
bandwidth for subbands above about 10 kHz. s
25 . Adaptive Prediction - .-

Figure 6 illustrates. the basic structure of another embodiment of a subband signal
processor incorporating a backward predictor. The structure and operation of this
embodiment are substantially the same as the structure and operation of the embodiment

_ illustrated in Figure 4 and discussed above. In this second embodiment, linear predictor
30 340 receives quantized predlctlon errors from path 302 to adapt predictive filter
coefficients. - .

Figure 7 illustrates the basic .st'ructure of another embodiment of an inverse subband
processor incorporating a backward predictor.  The structure and operation of this
embodiment are substantially the same as the structure:and operation of the embodiment



Brief Description of Draw ngs Figure 1 is a functional block
di agram of a split-band encoder incorporating subband si gnal
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split-band decoder incorporating inverseqisa subband processors.
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and passegeceived frbmea p&th Wot filusfratede processing al ong path 302a to formatter
400. Subband s Iﬁ%%ﬁb%g{mems the predxcnve filter coefficients are updated according to
the expression: _

15 C(m) = C(m-1) + k(m) é(mj)-2(m-1) )
where k(m) = prediction convergence coefficient. The value of the convergence
coefficient is adapted to minimize the response time of the predictor by maximizing the
speed of predictor convergence yet maintaining stability. Occasional predictor instability is
tolerable, however, if predictor "override” is used. Predictor override is discussed below.

20 Predictor convergence is influenced by signal amplitude, prediction filter order, and
the form of the quantizer used to quantize prediction errors. Preferably, the value of the
convergence coefficient is established according to these same factors. In particular,
predictor convergence can be relatively insensitive to changes in signal amplitude if the
convergence coefficient varies inversely to signal amplitude. In one embodiment, the

25 eonvetgence coefficient is inversely proportional to the square of signal amplitude and
inversely proportional to the square root of predictor order. Odd-symmetric quantization
functions are generally preferred because, unlike even-symmetric quantization functions,
they can be both unbiased and provide a zero-level quantization level for low-level signals.
In principle, any measure of signal amplitude may be used to derive the convergence

30  coefficient; however, either the peak or the root-mean-square (RMS) value of a signal
within an given interval are convenient choices. In one embodiment, k(m) is established
according to

kfm) = .4 ~ 6
VN -max{x?m), x*(m-~1),...,x*m-N)}




300b processes another of the subband signals received frompath 301b and
passes the 25 results of the processing al ong path 302b to
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and k(mj3pie. small value, say one, whenthe xﬂaxmmmsmgm ampuhﬂebﬁexpresﬁdmstiyms of

one §§bodindR Uhme thskbid baud &&gﬁﬁl dB below peak amphtude ' Adaptation may alsobe
inhibited by setting the second term in the nght-hand srde of equauon 5 equal to or ‘

substantially equal to zero.
It should be pointed out that a single set of predlctlve ﬁlter coefficients may be used
with filter banks implemented by the E-TDAC techmque even though that ﬁlter bank
15  alternates the application of a modrfied Drsorete Cosine Transform (DCT) and a modified
Discrete Sine Transform (DST). Because the spectrum of the modrﬁed DCT and the .
modified DST are in quadrature with réspect to one another, the samples generated by each
transform must be processed separately by the predxctor but the same predictive filter
- coefficients may be used. ‘In preferred embodrments the predrctxve ﬁlter coefﬁcnents are
20  adapted in a manner similar to that described above. = ' '.
Alternative Adaptive Prediction
A closed form of predictor adaptation may beused as an alternative to a basic form
of adaptation such as any of those described above, The altemative form may be used in a
respective frequency subband durmg ‘periods when the srgnal in the subband is essentxally a
25  sine wave, thereby allowing the predictor ‘to’ converge more’ quxckly, preventmg backward
predictors from dnftmg away from' the actual srgnal and reducmg the amount of side
information required to convey adaptatxon information for forward predictors. This
alternative form is based on the fact that a sine wave can be expressed exactly by only
three samples; hence, by examining four or more ‘of the latest samples in a partlcular
- 30 subband it is possible to determine whether the srgnal in that subband i is essentxally a sine
~ wave. This determination can be made for each subband by penodrcally extrapolating a
sine wave from recent samples or transform coefficients in the subband, finding the
difference between the extrapolated sine wave and the current sample or transform
coefficient, and oomparmg this dlfferenoe with the predxcnon error obtained from the
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303 and pag e iffeabs | Rk 4l . 30Q2.. Not. sho in this
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i nf t i oadaptationecap rconfimieor An raj riatecflagcorsothéracomtrol et be paksed i
lzgmg;ni olno ecode @313 . pplimpnre 4 illustrgtes the bas??ccagtrupc?tgur(alnof
one enbodi ﬁ’é@%ﬁ“ﬁ%ﬁ%ma&g&“m“@%mmr ABRFPPUAEL: ng a backwar d

predictor. Oonbifm«mmabi:hﬁhﬁsn@aﬂﬂhp&bﬂ@ JFO¥ns, the eteﬁ:ﬁﬁgigg{&%eo

expression 1 and passes the errors along path - to duanti zer ( _
Quant i zer loek g teansform noefficientssinhel cperentcblockhwith bent i zed

e
o BRSPS Canstorm col P i Y M B i ok 460
recoved rejrhplemented withefilters gtten ithan bloclo tansfeme), @it REinAohdasi YeOmade for t O
E g; "1(m :efc%@am;}é i%r 1511: g&band by comparing the current sample with three or more previous
samples. The number of previous samples and the frequency of the determination can be
established according to the needs of the coding application.
Prediction Override
15 The design of the predictor must take into account the required accuracy of
prediction, the required speed of convergence, and the stability of the predictor in view of
highly nonstationary events and quantization of prediction errors. As explained above,
these characteristics are competing factors which requite compromise in design. Another
aspect of the present invention referred to as “prediction override” may be used to
20  advantage in some applications to reduce the need to compromise predictor design.
Prediction override determines whether the information capacity requirements of an
encoded subband signal are lower using prediction. If it is, prediction errors of the
subband signal samples are encoded. If it is not, some representation of the subband signal
samples is encoded. This representation may be the subband signal sample values
25  themselves or it may be a derived value such as, for example, some form of differential
value. The following discussion assumes that the subband signal samples themselves are
encoded.
Figure 8 illustrates the basic structure of one embodiment of a subband signal
processor incorporating a backward predictor with prediction override. Capacity processor
30 312 passes along path 308 both the subband signal samples and a measure of subband
signal information capacity requirements in response to subband signal samples received
from path 301. Combiner 310 establishes prediction errors according to expression 1,
shown above, and passes the errors along path 303 to capacity processor 314. Capacity
processor 314 passes along path 309 both the prediction errors and a measure of the

i5 processor | ncorp,ggg{eamgsgeeﬁajﬁ?md predictor. Digital sam TEIS SHEET HASTBEE
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fS
recei ved from path 802 according t expression 3 shown above. Not
shown i n <apgcity teguisementhy establishing atblogk-feating<peintexpanent forithe signairsamplesor ‘
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t he preseedmprising a single u'anSform coefficient, the exponent applies uniquely to one signal

value. In subbands comprising two or more transform coefficients, the exponent applies to

15  two or more signal values. In other implementations, the measure may be a function of |
some other signal level such as peak, RMS, averagé, or a scale factor of the signal '
samples. In yet other implementations, the capacity processors' may estimate information
capacity requirements from signal characteristics other than magnitude. Although the
choice of function used to generate the measure can significantly affect coding system

20  performance, _'no particular fﬁnction-is critical to the inventive concept. ;

Figure 9 illustrates the basic structﬁre of one embodiment of prediction override

370. In this embodiment, comparator 372 compares the capacity-reduirement measures
received from paths 308 and 309. If the information capacity requirement for the subband
signal samples received from path 308 is higher, comparator 372 causes each of the

25  switches 371a-371d to switch to.the lower positions as stiown in the figure, and generates
along path 304 a "false” override signal indicating that prediction errors are to be quantized
and coded. If, however, the capacity requirement for the prediction errors received from
path 309 is higher, comparator 372 causes each of the switches 371a-371d to switch to the
upper positions, and generates along path 304 a "true” override signal indicating that

30  subband signal samples are to be quantized and coded."

Under control of comparator 372, switch 371a passes either subband signal samples

received from path 308 or .predicﬁon -errors received from path 309 to quantizer 320 which
quantizes the information and passes the quantized information along path 302. Both the
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If subband signal samples are quantized and encoded, each of the switches is

switched to the upper position. Switch 371b receives from inverter 374 an inverted form
of the predicted values and passes them to combiner 376 which generates quantized

15  prediction errors by subtracting the predicted values from the quantized subband signal
samples received from path 302. Switch 371c passes the quantized prediction errors along
path 306 and switch 371d passes the recovered replicas along path 307.

Figure 10 illustrates the basic structure of one embodiment of prediction override
_ control for use in an inverse subband processor. In this embodiment, quantized

20  information received from deformatter 700 via path 801 may be either quantized subband
signal samples or quantized prediction errors. Control 872 receives from deformatter 700
via path 804 a prediction override signal. If the prediction override signal is false, control
872 causes switches 871a-871d to switch to the upper positions as shown in the figure. If
the override signal is true, control 872 causes switches 871a-871d to switch to the lower

25  positions.

In response to control 872, switch 871a passes along path 802 recovered replicas of
original subband signal samples. When the override signal is false and the switches are in
the upper positions, combiner 810 recovers a replica of the original subband signal samples

, by combining predicted values, received from linear predictor 840 via path 805, with
30  quantized prediction errors, received from path 801. When the override signal is true and
the switches are in the lower positions, replicas of the original subband signal samples are
received directly from path 801.

In response to control 872, switches 371b-371d ensure that quantized prediction

errors are passed along path 806 and recovered replicas 'of original subband signal samples
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Fnrervats. © errpor e su%gané sﬂgr‘x szmg ra wa\?eform ppedicrt]or (340) of order three or more,
and
formatter means (400) for formatting an encoded signal by assembling said

subband information into a form suitable for transmission or storage.

15
2. An encoder according to claim 1 wherein said processor means comprises:

difference means (310) for generating a prediction error signal from the

difference between said respective subband signal and a predicted signal generated
by said waveform predictor, and

20 quantizer means (320) for generating said subband information by quantizing
said prediction error signal.

3. An encoder according to claim 2 further comprising means (371, 372) for
controlling said quantizer means (320) such that said quantizer means generates said
25  subband information by quantizing said prediction error signal when the information
requirements of said respective subband signal is higher than said prediction error signal
and generates said subband information by quantizing said respective subband signal
otherwise.

30 4. An encoder according to any one of claims 1 through 3 wherein said input signal
comprises input signal samples and each of said subband signals comprise one or more
transform coefficients, said transform coefficients generated by applying a transform to said
input signal.
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8. An encoder according to any one of claims 1 through 7 'wherein said waveform

predictor (340) has an order less than or equal to a quutrent ofa trme interval
_ commensurate with the post-maskmg mterval of the human audrtory system divided by a
time interval between adJaeent ones of said input srgnal samples._ _
20 | -
9. A decoder comprising:
deformatter means (700) for reeelvrng an encoded signal representing audio
information and obtaining therefrom subband”information for respective frequency
subbands of said audio mformanon havrng bandwrdths commensurate with or less
25 | ‘than a corresponding critical band of human percepuon, _ .
Processor means (800) for generatmg a subband s1gnal for each of a plurality
'of frequency subbands by applyrng a waveform predrctor (840) of order three or
more to subband information for a respect:ve frequency subband, and
output means (900) for generating a replica of said audio information in
30 . response to said subband signals for said_plumlity of subbands.

10. A decoder accordmg to claim 9 wherem said subband mformanon represents a
plurahty of frequency subbands, a respectlve frequency subband represented by either
prediction errors or a subband slgnal, said decoder.further comprising means (871, 872)

35  for controlling said waveform predictor (840) such that said processor means (800)
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spectrum  For ex%’rp‘ke enéocﬁr %co%mg to claim 11 or 12 wherem subband signals for said

plurality of subbands constitute a block of transform coefficlents and said waveform
predictor (840) has a minimum order of 8, 17 and 33_for blocks comprising 256, 128 and
15 64 transform coefficients, respectively.

14. A decoder according to any one of claims 9 through 13 wherein said waveform
predictor (840) for a respective subband signal has an order substantially equal to three
times the bandwidth of said respective subband signal expressed in crifical bandwidths. |

20

15. An encoder according to any one of claims 9 through 14 wherein said replica of
audio information comprises audio samples and said waveform predictor (840) has an order
less than or equal to a quotient of a time interval commensurate with the post-masking
interval of the human auditory system divided by a nt__ne interval between adjacent ones of

25  said audio samples. .

16. An encoder comprising:

an input terminal (100),

a plurality of bandpass filters (200) coupled to said input terminal, said

30 bandpass filters having respective center frequencies and respective passband

bandwidths commensurate with or narrower thian critical bands of the human
auditory system,

a prediction circuit (300) coupled to a respective bandpass filter, said
prediction circuit comprising a prediction filter (340) of order three or more and a

35 quantizer (320), and
U AR
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backwar d FPBBXI®Sor . The structure and operation of th| s ' embodi ment

are supstantially t AipaRic t;i)eh ﬁ.‘Pgm dt Pgmdirrent
i1 ustlslr)at ed in Fi gurggo4 and Zﬂascusﬁﬂﬁm aﬁl S séco r%o I ment

li near predict inpugend ammpmtmmuamtqm&st@dmamtbmnptnmoupledm sshdmppctwe
302 to adapt efficients ure 7
i |l ustrates th&% H@‘trr‘zh@)um Bid %8?418?‘“8%’8&.%?0@1%?? ﬁ‘ﬂ/mg’“gﬁbband
processor i ncofier B40Ng a backwar d predictor. The structure and operation

of this enbodi nent are substantlally the sane as the 'structure and
operation of the enBdWiteR epntrol coupled m%@M@“Wt

PCT/ Ugp5/ 16748 a switch (371a) with a first switch input, a second switch input and'® switch
output, said first sthch input coupled to said respectxve bandpass filter (200) and
said second sw1tch mput coupled to said hnear prediction ﬁlter wherein said switch

| _ output is sw1tchably connected to exther said ﬁrst sthch mput or said second switch
input in response to said switch control and _
15 : a quanuzer (320) coupled to sald sthch output.

18. An encoder accordmg to c]alm 16 or 17 wherem said predxctxon filter (340)
compnses a filter tap havmg a wexghtmg cnrcmt sa1d we1ghung c1rcu1t coupled to saxd
| quantizer (320).
20
| 19 A decoder compnsmg

an mput temunal (600),
a demuluplexor (700) havmg an mput and a plurahty of demuluplexor

outputs said input of said demultlplexor coupled to said mput terminal,

25 a prediction circuit (800) coupled to a respective one of said plurality of
demultiplexor outputs, said prediction circuit comprising a prediction filter (840) of
order three or more, and

a plurality of inverse bandpass ﬁlters (900) havmg respective center
_ frequencies and respective passband ban;lmdths commensurate with or narrower .
30  than critical bands of the human auditory system, a respective one of said plurality
| of inverse bandpass filters coupled to said prediction circuit.

I SO T T S



: |Tustrated in Fi gur g, o i 0haf KSsieh above.  In this second e (THESI SHERT HA
i near predictor quanti zed prediction errprs frﬁgpmeé
801 to ad%?aﬁﬁ% cti\i I‘“ﬁf“lu coefficients. rUSOVIET e

enbodi ment of @ predic "Y' he predictor function 'l_?clrn expression 3
5 may be expressed as: = Flerr](m1), [err](m2), ...,

p(T33
[err](mN)] e AL (M D) 4 ciren
Clerr](m. [err]%é)ﬂM&r.Wrm%[ Wherminngaid prediction circuit (8Q0) further
wher e qer% = predictive filter coefficient j used to predict sanple
x(m. thoa predictive filter with constant filter coefficients nmay
be used in the enbodarmswittls cifitrol (BV2)wouplet a0l said réspgctivesoriz ¢fwaidiplurdlity of may
al so be used as ,a forward predictor in the enbodi ment illustrated in
Figure 3 by adaﬂ?‘?‘w&l’ﬁg"? tPUSy coefficients frominformation
recei ved from a pat aRhuch (S48 Sitaflfirst switch input, a schhdSWRAH fnlk and a switch

enbodi nents, the predictive filter coefficients are updated cording to

t he expressi on: outhut, said first swigtheinphy equpledap said|respertiverone( o) said phurglity of

err](ml . . s er L3 Predio el j.on
conver gente coeAPPIIBIRFOT MEUs and aidrsopans” e g b 6 Mg e hielichéH
adapted to nini filtee (840, wherginnaid $witch @itpitiie switcitibhi connbited ik eithie? isid firde
speed of predictor cgnvergenge et maintaining stability. Qccasi onal

predi ctor i nst aSViteh Jnputor sai w%aﬁéw&smpuﬁml}seiw sajfl swiiteh gpntrolyand  ge

IS us Platidteit rrfﬁﬁgﬁ‘;' hSsafh ﬂﬁ)ﬁfw aﬁ‘é}’ i
conve‘rag)ence I's |§ enceéd ybsslagln ?*hgg‘f)lglftu e, bpr C?Is%tﬁlltgrg (?P?)ﬁé?gg@g&e)?o and
t he form ofaitdiswitghautput.er used to quantize prediction errors. Preferably,

t he val ue of the convergence coefficient is established according to

these same factors. In particular, . predi ctor convergence can be
rel atively insedi A desoder achondingstoi claisi Yhat 20 whierein said ipredi¢tion filter (340)

CONVer 0NC G oRRbds' & il i abi5 o WBRAR) dirdh, 3hVAig AR didclf Soubia 90 S
15  respective one of said plurality of outputs of said demultiplexor.
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25 convergence coefficient is inversely proportional to the square of

si gnal anplitude and I nversely proportional to the square root of
predi ctor fyb og7gdd- symetric quantization functi onspefgsddnsagal | y
preferred because, unllke even-symetric quantlzatlon functi ons, t hey
can be both unbi ased and provide a zero- I guanti zation level for
| ow-| evel signals. In principle, ] asure of signal anplitude may
be used to derive the convergence 30 coefficient; however, either the
peak or the root-nean-square (RVS) val ue of a signal Wi thin an given
I nterval are conveni ent choices. In one enbodinment, k(m is established
according to [err] WO 96/ 19876
PCT/ US95/ 16748 - 16-
where w = wei ghting factor, max[ ab, . .., c] = maxi mum of the
values in the set {ab,. .2@@) and - N = order of thggpredictive
filter. In an enb l?gﬁﬁbsa?nﬁzes x(m pay range from
-1to 1, the weighti 2 aximately epual toJo. 1.

F F

[ SIGNAL

100 L PROC g 500

T M /

E A

R 301b 300b 302b T

B - | T

A SB E

N SIGNAL R

K PROC

ﬁ

FIG. 1

700 go1a -800a 802a 900

g F
F 1 ] 1000
600 o N I,
} R v E H /
M E >0
A 801b  800b 802b | R R
T S X
T INV SB E N
E PROC K
R

FIG. 2



It is usually desirable to inhibit adaptation of predictive filter

coefficients for very smal | -anplitude signals, particularly when the
anplitudevhgﬁégmﬂnall that the signal is obscured by;@ghﬁ§5“§m§s may
be acconplishe n a variety of ways. Cne S|nple way sets k(m to a

smal | val ue, say one, when the nHX|nun1 g anplitude in expression 6 is
| ess 10 t han sone threshol d val ue, 0 dB bel ow peak anplitude.

Adapt ati on may al so be inhibited by setting the second termin the

ri ght-hand side of equation 5 equal to or substantially equal to
zero. It should be pointed out that a single set of predictive
filter coefficients nmay be used with filter banks inplenented by the
E- TDAC t echni que ﬁﬁﬁqfthough that filter bank alter ﬁs t he
application of a ified Discrete CDS|Q§10ran nt(l"%ﬁ% d a nna(yged

Al ternative Adaptive Prediction A cl osed form of predictor
adaptation may be used as : D a baS|c form
adaptation such as any of| those ‘ The alternative form may

be used in a band dur4 ods t he
si ne maEg ” eby aI wi ng the
Iiti ng ba dictors

signal in the subband is essenti §
predi ctor to converge nore quic

fromdrifting away fromthe actual signal, and reducing the anDunt of side
information required to convey adaptation information for forward

predi ctors. This alternative formis based on the fact t hat a si ne
wave can be expres exactly by only t hree | es;

exam ni ng four or %Dgrjle of the | aBdd sa30I3es in aBp@R cul ?8
it is possible to det rning ther the¢ sig¢gnal 1n thit suagand IS
essentially a sine

subband

QUANT

- FIG. 5



wave. This determ nation can be nmade for each subband by periodically
extrapol ating a sine wave fromrecent sanples or transform
coef fi ci eny6 okriogbre subband, finding the di fference PETUSOSI16T748
extrapol ated sine wave and the current sanple or transform
coefficient, and conparing this differesgf with the prediction error

obtained fromthe 96/ 26270

PCT/ US95/ 16748 17 -
predi ctor as adapted according to a basic nethod such as those descri bed
above. If the difference is less than the prediction error, the
subband signal is considered to be essentially a sine wave and the
predi ctor can be inmediately set to generate the appropriate si ne

wave. If the difference is larger than the prediction error, the basic form
of predictor 5 adaptation can continue. An appropriate flag or other
control information can be passed in the encoded signal to informa

decoder to adaptqhts predictor appro tel If filter bank
%gtlvm th bl ock 31@15f§¢r§ th d%%grm nat i (912can be

bl ock with the

in the subband by conpariTigft he

200 is inpl enent

made for each bl oc n the current
Tt /ESDy

previ ous bl ock®: ' QUANTE

t han bl ock transforns, thengseferm nati on] can be

sanpl es. The nunber of previ

determ nati on can be

h sanple
pr evi ous

802

801




est abl i shed according to the needs of the coding application.

Prediction Override 15 The design of the predictor nust take into
atcount th bd+pd accuracy of predi ction, the requi of
conver gence, angh?ﬁe stability of the predictor in view of ﬁé%béﬁ&gﬁfy
nonst ati onary events and quantization of prediction errors. As expl ai ned
above, these characteristics are coﬁﬁ@ting factors which require
conprom se i n design. According to the teachings of the present

invention, "prediction override" is used to reduce the need 20 to
conprom se predictor design. Prediction override determ nes whether the

i nformation capacity requirenents of an encoded subband signal are
| ower using prediction. If it is, prediction errors of the subband
signal sanples are encoded. If it is not, sone representation of the

subband signal sanples is encoded. This representation may be the
subband si gnal sanple values thenselves or it may be a derived val ue such
as, for 25 exanpl e, sonme formof differential value. The foll ow ng

di scussi on assunes that the subband si ignal sanpl es thensel ves are
encoded. Figure 8 |IIustrgges t he basic structure of one
enbodi nent of a subband & gnal pgocessqr i ncorporating a backward
predictor with predictiof i i processor 312 passes

al ong path 308 both the subban sanpl'g¢s and a neasure of subband 30
signal information capacity requirenents in rlesponse t@subband signa
sanpl es recei ved [ } taPl i shes prediction

asses the errors
 ocessor 314
sure of the

errors according to ptession 1, shown above,
al ong path 303 to capacifty processor 314. Capacity
passes al ong path 309\p¢t h t heSHPelf 8& iR et s an
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o
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WD 96/ 19876
PCT/ US95/ 16748 - 18 -
i nfornmati oo oerpmasé t Y reqwrenents of the prediction errors %é{%ﬂsm
anal yzes the capacity requirenment neasures received ? 5 308
and 309, establishes whether the subband signal sanples or the
prediction errors inpose the Iargerilﬁcﬁfd&ion capacity requirenment,
guanti zes the signal inposing the | ower requirenent, and passes quantized 5
prediction errors and recovered replicas. of original subband signal
sanples to |linear predi ctor 340 al ong paths 307 and 308,
respectively. Linear predictor 340 adapts predictive filter
coefficients in response to quantized prediction errors received from path
306 and generates along path 305 prediction values in response to recovered
replicas received frompath 307. 10 In one inplenentation,
the capacity processors gener. Zzheasure of i nformat304 capacity
- | oati ng- poi nt exponent for the signal
bnt  vari es inveriz]y wi th the val ue of
brisinga single transformcoeffici elly
ely to one S|gnal “val ue. In subbands
ok ficients, the exponent applies to 15
her inplenmentatio 32@he measure magHe a
qonefot her signal lgyel such ag peak RMS, averag or a
‘ |nplenentat|ons, t he
city requirenents
ugh the * cho

sanpl es. The
t he exponent. For ¢
t he exponent appli ¢
conprising two or
two or nor gnal
function o GB
scale fact¥
capacity p Ssors nmay

from si gnal a\act eri $tics ot ber"Than nagni tua%UAﬂIﬁ?ﬁ

of functloﬁ>Used TO gerera 'hF measure can|significartly affecf coging
system
374
376
205 /43'71b + +
o— A =0~ L
o) 371c
307 /&
O-e A ——0"
o ' 371d
306
O‘*\\ ®



20 performance, no particular function is critical to the inventive

concept. Figure 9 illustrates the basic structure of one
enbodi mentwedesdsrei cti on overri de 370. In this enbodpcrmss/msoagpar at or
372 conpares the capacity requirenent measures recei ved from pat hs

308 and 309. If the information capaC|ty %qU|renent for the subband
signal sanples received frompath 308 is ﬁlgher conpar at or 372 causes each
of the 25 switches 371a-371d to switch to the |ower positions as shown
in the figure, and generates al ong path 304 a "fal se" override
signal indicating that prediction errors are to be quantized and
coded. If, however, t apacity reqU|r nt for the prediction errors
received from B&p 309 is hlgheB Tg par at or 372 causes each of the
ppeg positions, and generates
al ong path 304 a "true" o‘errlde signdl indicatfng that 30 subband si gnal
sanpl es are toQbe ¢ Under control of
conpar at or 372, smntch 371a passes eilt her subbgnd si gnal g | es
recei ved fron1path 308 or prediction 4 @i ved from h 309 to

guanti zer 320 which : quanti zes the informati on and passes the
quanti zed informati on al ong path 302. Both the W96/ 19876
PCT/ US95/ 16748 +—>0

gquanti zed information on path 302 and|t he $verride signal on path 304 are
subsequent |y

801 871a
)
71b
876 871
+ +

e

871d




assenbled by formatter 400 into an encoded signal for_transmssi.on_or
storage. 96/26270 WO EP Under control of conparator. 372; swi t?gﬁng?iﬂﬁfﬁ'&d

ensure that quantized prediction errors are passed al-ofg path 306 and
recovered replicas of original subband £7- signal sanples are passes al ong
path 307. If prediction errors are quantized and encoded, each of the

swi t ches is svRdchhetthé eechhiquésodisclosed dn theoreferencad oited above haee Gnable to. acBiEvhi ner
376 generates recovered replicas of th(fé original subband signg& a% | es
accor di ncp sasisfactory cerabination gh critica) band, Mm”ew esn FE Qe o
from pat 5 SWM TR, taige‘;f S st th AGideféu®Hintds| bl
errors, :]g%gf %é@?%“%ﬁ%&g@&@m%bh 1@:&%@%% &QE t:;lng recovered
replicas qiaatigatioaterrods areamdresdiffionkt t3 Zéntlep amaudible. hOndbenther bandp quantization
errors al ong af h 306. .. S subbabri)d i qal %a?rgnl es Ak
qua_nt ? 2 e (PTERTE CaR @ydgﬁer%’a’&‘_ﬁ“q}:}‘ﬁge se_&ﬁ‘lycwéef?“i;&;;su an t'&;i :i:gedl ?‘ﬁg&ugpe ][
position., %\é/g#a ragxcédtéif b VId¥E 49!l Dehifa! rdhhigher- O
t he predi]‘gte \gg?ues gn passes tuﬁ‘gr%to (;ol?}b} r]er_%gG_whi ch generat_egs

quant i zedorfiér predictats da namow rsubband$ hassnastyielded signifipant impravement; Mahigix f r om

t he quantj zed subband si.gnal S € s i tch '
371c pass‘é‘é‘cﬁﬁﬁ é’ﬁgfez‘é%q%ﬁggﬁwghﬁgab;%?%égﬁ%dﬁéspﬁ&%%w %nggg%n swtch -
371d passg h&rﬁedigﬁ@/ iff thanp fitse-afded peetictont h 307. Figure 10
i1 lustrat eg t he basi cgéltﬁr ucture of one enbodi ment of prediction override
control for use in an inverse subband processor. In this enbodinent,

quantj zed 20 I nformati on recei ﬁ?s(él ter 700 via path 801 may
be e}i{)her guanti zed subband £fiyeh or quantized prediction
errors. Cont r ol {842 objectedfvths pesenn inventionso provideor a high-quality splitttand04 a

prediction override signal, If the predictjon override signal is false,
control coding system HEigQEROLANG; I V@Pﬁ%‘?&’ﬂﬂpgergm%ﬁ“t%g@ﬁ@s Gigusse
positions eshown in the figure. If the override signal is true,
contr ol Causes switches 871a-871d to switch to the |ower 25

posi ti ons. It is another objech of theymreseat inventinn toqrogde forsahighiquatity spHtBands
al on?5 pat h 802 recoverﬁldhrp(%géii cas

coding system i whicC ctive cogicng is applied or not applied as necessary to
minimize perceptible degradation.
Other objects of the present invention are set forth throughout the following
discussion.
In accordance with teachings of the present invention, in one embodiment, a split-
20  band audio encoder generates subband signals having bandwidths commensurate with
bandwidths of respective critical bands of the human auditory system, applies a general
waveform predictor in each subband to predict the waveform of respective subband signals,
quantizes either the prediction error or the respective subband signal, whichever has the
lower information capacity requirement, and formats the quantized information into a form
25  suitable for transmission or storage. The order of the predictor is chosen to balance two
competing interests: (1) the order is high enough to provide low prediction error so that
the quantizing noise resulting from a low bit-rate quantization of the prediction error is
imperceptible, and (2) the order is low enough to provide a response time commensurate
with temporal masking intervals of the human auditory system.
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ori gi nal | | sanples. When the override signal is.. e and the
SW t ches ég&%ﬁgﬁbg‘ﬁ?‘ t he upper positions, conbiner 810 rei}éﬁ:@@ ’F%ﬁsi ca
of- the original subband signal sanples -~ by conbini ng.predicted

val ues, received fromlinear predictor 840-via path 805, with 30

guanti zed prediction errors, received frompath 801. Wen the override
signal is truelmaccordance withhteachingsoif ¢he present invention, inene pmbodiment; a spiit! i cas

pat h o1, pabd Becoter SRR s iro e SRR Taral fyppand inforaiip 1o Bl ok 71"
ensur e t hglibiandd) twheeé {6 &h ¢hblAfd the subba®l infdrfnafis® rappéseRts eah@GhaBAida 8

06
and recovered replicas of original subband signal sanples WO
06/ 19876 prediction errors or a replica of a subband signal, applies a general waveform predictor to

PCT/ UQ95/ . . . . . .- -
re passed A JtoTpAion FPIeseTing qupnized predigoneriors 1 resayera SRl PEWe | on
errors ar gespective subbatid\sighal,r < geaérates @ widebunll cutput bignalvintredponse ® thwiréplicad
to the upper posjtions as shown in the figure. Conmbi ner 876 generates
recover ed S4thand §iggalss t he ori gi nal subband si gnal sanpl es accordi ng

to expression | ; el C I RV i R05 5
t hrough swi tchﬁg%ﬁgﬁgﬂ?ﬂ%&g’%‘?@?’eé%g?%gisg??%n rroragf,ﬁ(){r-etra%ealﬂ\}g% rﬁom pat h
801. Swi t ofder predict8i7 Whichdms asrespoase time\exceedingethé tamaporall maskingsinterals ofithe

SWEGY 87 R S SRory st DA quasi-staridaf nfervalll B8 uSY St §hh%bAS N 806
predictor contributes to prediction accuracy. Following highly nonstationary events, the
_effects of large prediction errors may extend beyond the temporal masking interval because
high-order predictors have a long response time; however, perceptible degradation is
avoided or minimized by encoding the subband signal samples rather than the large
15  prediction errors.

The present invention may be implemented in many different embodiments and
incorporated into a wide variety of encoders and decoders. Although more particular
mention is made of transform-based filter banks, no particular filter bank implementation is
critical to the practice of the present invention. In particular, implementations may

20  incorporate analysis filter banks which generate aliasing artifacts such as a critically-
sampled Quadrature Mirror Filter (QMF) and a criticaily-sampled Time-Domain Aliasing
Cancellation (TDAC) transform.

References to bandwidths "commensurate with critical bands" and the like should be

understood to mean bandwidths which may slightly exceed the critical bands of the human

25  auditory system, particularly at low frequencies, but preferably are narrower. References
to time intervals "commensurate with temporal masking intervals” and the like should be
understood to mean time intervals which may slightly exceed the temporal masking
intervals of the human auditory system but preferably are shorter.

The various features of the present invention and its preferred embodiments may be

30  better understood by referring to the following discussion and 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 present invention.
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| f -quanti zed subband signal sanples are received frompath ch of th
swi t ches 9626270t Wit BPt o t he Iovrrvgr posi tions. "Switch 87Eb ré%@g%( 8
Fnverter 874 an 10 inverted form of: the predicted val ues."apd passes them
to conbi ner 876 whi ch generates gufinrti zed prediction errors by
subtracting the predicted values fromthe quantized subband 4 si gnal
sanpl es recei ved from path 80I1BriekDéschiptichaf Drawhsgst he quanti zed prediction

errors al ong path 806 and.sw {ch 871d sses. t he .recovered replicas
al ong path go7Figure is a functio; ﬁ?\%&‘ﬁ’éﬂi taog’?"ﬁ’iﬂ‘daﬂ&ﬂ?%’ BEARPRHPE e filter
coeffi Ci efly sigﬁzﬁ B58sdr® quantized 15 prediction errors received from
path 806 and genér at'es aT ong path 805 predicted values in response to

r Sclzover ed r epl Figase 2 écaifumtiohalhiogkatiagramzof a split-band decodey/ ingmporating mpverse
-21- CLAI M5

1. An5¢nc%’@3?§dc5'f?ﬁ?§5_9‘is% recei ver neans (100) for

receiving an i sS3-937 funRROME 8lbck Wheathld Of efbodiments of a subliadd ignaDind
subband neans ‘(3%%6) for generating a plurality of subband signals, each

an inverse subband processor incorporating linear predictors and quantizers.
Figures 6-7 are functional block diagrams of embodiments of a linear predictor
iltustrating the flow of information used to update predictive filter coefficients.

10 Figure 8 is a functional block diagram of an embodiment of a subband signal
processor incorporating a predictor with provision for prediction override according to the
present invention.

Figure 9 is a functional block diagram of an embodiment of a prediction override
controller for a subband signal processor according to the present invention.

15 Figure 10 is a functional block diagram of an embodiment of a prediction override
controller for an inverse subband processor according to the present invention.

Maedes for ing Out Invention
Basic Structure

Figure 1 illustrates one embodiment of a split-band encoder. Filter bank 200
20  generates a plurality of subband signals in response to an input signal received from path
100. Only two subbands are shown and discussed here for simplicity. Subband signal
processor 300a processes one of the subband signals received from path 301a and passes
the results of the processing along path 302a to formatter 400. Subband signal processor
300b processes another of the subband signals received from path 301b and passes the
25  results of the processing along path 302b to

AMENDED SHEET



subband signal corresponding to a respective frequency subband of said

i pput  si gA&M26270 WO EP havi ng a bandw dth comrensur.at e WRGERIS 99/16748nan
a .corresponding critical band of : - human perceptidn, 10
processor neans (300a, 300b) for generatipg-quantized subband i nformation

in response to a respective subband signal, wherein said processor neans

conpr i sesformatter 400. Formatter 400 assembles'Hé Pfocestéd subitahd SRASE Fhto Mforml suitable
measure signal representing the i nformation capacity

r equi r emefardragsmission orcsiorage pakkpassastihe dormaitad signal along path 500. In many

means (31 n ' redi it . i r

di fferenc g%é%ﬁ’ géarlﬁ{c?hf&gé%oe ic%’t el%%'!éﬁéﬂdg g ﬁ}ﬁ@%ﬁﬁaﬁ@%@’a&%}r%ﬁ t45 Z 5hes I gnal
gener at edfdrnapingdis ciot ogiticaditel theqrpctict iof ehe itvbaiva. Si gnal using a waveform
predi ctor (340)_ of qrder three or ans

nor e, . me
(314) for geneFiureg Hustiates ane smbodimens pf A aplithagd deeoder.n Peforanatter 700
I nformati ' | ks i h Chl ks I
means. (370 L bbbl IS IT0, £ pialt of RO ko' Rihlled g reortita
nmeasur e sfrgmapath 1600. daverseasubbandiprocesior 800anprovessesiinformatioraforione roftionse
thereto, a for generatin ' uanti zed subpband jnfqQrpatjon b
quant | 2| ngiboands’ redived Hor Pact 30fa, el Bisedy e iR subbectl il e bemsoza
i nfor mat i gningaRa gy baREYO0. € IRREse Qlibband processor 800b processe$ MfSrmhARRSeE | Ve
subband signal is higher than said prediction error signal and 25

by qué@nt i anatherfithe sehbands 1egeived, friommpath 8§ Ha andpassssvihe agsulting subband signal
formatter ,reans,( I Ao O e (A n sencod ' by assenbl i

guant i zedalgﬂ%gﬁtﬁoﬁﬁ f%l"ﬁ‘ﬁr%eoﬁf{%nb&"ggg@‘i (!PY%'FF ﬁ@?ﬁ@@b&%ﬂ?ﬁégﬁﬂ‘ d
fr equenCYSig%aé along path 1060/ EDfRESENse B3 thedubbdnd sighialsaretdivéd froin puflss802aimd Or

st or age. 2. An encoder according to claim1l wherein said
I nput si gmb-corrpri ses input signal

Figure 3 illustrates the basic structure of one embodiment of a subband signal

15  processor incorporating a forward predictor. Digital samples x(m, i) of a signal in subband
i received from path 301 are passed to linear predictor 340 which generates predicted
values p(m, i} along path 305. Combiner 310 establishes prediction errors e(m, i) by
subtracting the predicted values p(m,i) received from path 305 from the subband signal
samples x(m,i) received from path 301. The subband index i may be inferred for each

20  subband signal processor; therefore, the subband index will be omitted below to simplify
the discussion. Accordingly, the subband signal prediction error may be expressed as

efm) = x(m) - p(m) )
Quantizer 320 quantizes the prediction errors received from path 303 and passes the
quantized errors along path 302. Not shown in this or in any other figure are provisions

25  for passing any required side information to the predictor in an inverse subband processor
of a companion decoder.

Figure 4 illustrates the basic structure of one embodiment of a subband signal
processor incorporating a backward predictor. Combiner 310 establishes prediction errors
according to expression 1 and passes the errors along path 303 to quantizer 320. Quantizer

30 320 quantizes the prediction errors and passes the quantized errors along path 302.
Combiner 330 adds predicted values received from path 305 to the quantized errors
received from path 302 to recover replicas of the original subband signal samples according
to

E(m) = p(m) + é(m) | ANENDED S )
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sanpl es and each of said subband signals conprise one or nore.transform

coéffici eMPRO2EAWOEP  transformcoefficients generated byPGHIS/PHEEHUS
transformto said i nput signal. - 96/ 26270 WD .EP . :

PCT/ US 95/ 16748 -17 - - 22 -

3. An encoder according to claim?2 wherein said transform coefficients

subst ant i préddictor as adaptedr eprdixg foa bsief hethod siich 43rthosecdzecribedaibpveli Othei t her

an evenl y-stacked Ti nme, Donai n Ali asi ng Cancel | ation transformor an
odd! y- st adKErenseig mmmmmmgmcm% bagd signal is qonaﬂ%m@rt@nbe 5

4. An enc a
D ook | SeenAErE e vt dnf i Mot e 80 HBlelinb fertf el O RPORISS

i nput si gisie wavep| i sheadififesemicel is larger theavtbé prediquion @t othe (H24i0 forns oﬁp:ddmm' to
Vel O m AR ETGEIEURE- AT HPIPEFIG! (180X, COBPS CPragcpB P ke i
5. A1 Zh??&%@ﬁgcﬂ%%@% o e I o Y <t
wavef or m Ibﬁb@h banks 20038 dnplemented withpbock transforisathe deteyminationsambe or der
substanti gl | Phad¥ £61 ga%ix btl(?ckt I;]yrr g)?axmmng transform coefficients in the current block with the
corresponding transform coefficients in three or more previous blocks. If filter bank 200 is
10  implemented with filters other than block transforms, the determination can be made for
each sample in the subband by comparing the current sample with three or more previous
samples. The number of previous samples and the frequency of the determination can be
established according to the needs of the coding application.
Prediction Override
15 The design of the predictor must take into account the required accuracy of
prediction, the required speed of convergence, and the stability of the predictor in view of
highly nonstationary events and quantization of prediction errors. As explained above,
these characteristics are competing factors which require compromise in design. According
to the teachings of the present invention, "prediction override" is used to reduce the peed
20  to compromise predictor design. Prediction override determines whether the information
capacity requirements of an encoded subband signal are lower using prediction. If it is,
prediction errors of the subband signal samples are encoded. If it is not, some
representation of the subband signal samples is encoded. This representation may be the
subband signal sample values themselves or it may be a derived value such as, for
25  example, some form of differential value. The following discussion assumes that the
subband signal samples themselves are encoded.
Figure 8 illustrates the basic structure of one embodiment of a subband signal
processor incorporating a backward predictor with prediction override. Capacity processor
312 passes along path 308 both the subband signal samples and a measure of subband
30  signal information capacity requirements in response to subband signal samples received
from path 301: Combiner 310 establishes prediction errors according to expression 1,
shown above, and passes the errors along path 303 to capacity processor 314. Capacity
processor 314 passes along path 309 both the prediction errors and a measure of the

“END““ SEE!
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6. An encoder according to any arms 1
through 5 wherein said waveform predi ctor (340) has an order :l ess
than or equal to a quotient of a tine imdlerval conmmensurate with the
post - masking interval of the human auditory systemdivided by a tinme
I nterval between adjacent ones of sai @ﬁ&@%ﬁ signal sanples. 20
7. A decoder conpri sing: def ormatter neans (700) for
recei ving an encoded signal representing audio i nformati on and
obt ai ni ng t her ef A@renpédedicoipfisingver ri de signals and quanti zed
subband information for respective. frequency subbands of saj.d au‘fi o]

i nformation 25 receiver Mg {d 00508 Frgiving &b IAREhsighal TePIEsenting AUdiass t han a
corre§pondi ng ﬁﬂ?ér%ﬂa%h band of human perception, wherein the
predi Ction override signal of a respective frequency subband

i ndi cat es whet her t fubbamhmieansc@08)ufob zankeratidgoa phralisy: of eubband sighalegeashcy
subband is either quantized predjction errors.or guantize ubband, s.i gnal s,
processor nean%‘@ﬁ%%!&%@@ﬁfegﬁﬂng%ﬁ@@aﬁe?%“? #8‘}#3 as‘tkblLl?B’b ﬂgs ‘?b‘ﬂ’é‘f S‘Fg{i a

0 ' RARES b IDYRAVHRACIRMnsEHIBD ¥t or WS tRin'a. SarrékpOAdIAg SFifdal BRAM 6f
conpri ses nmeans for generating a prediction
si gnal by appl niman pereeptionor m predi ctor (840) of order

L €001 o1 L, S LSS a0, 60 Pk anized subband informaion
in response to a respective subband signal, wherein said processor means comprises
means (312) for generating a first measure signal representing the
information capacity requirements of said respective subband signal,
means (310) for generating a prediction error signal from the

15 difference between said respective subband signal and a predicted signal
generated by predicting said respective subband signal using a waveform
predictor (340) of order three or more,

means (314) for generating a second measure signal representing the
information capacity requirements of said prediction error signal,

20 means (370) for analyzing said first measure signal and said second
measure signal, for generating a prediction override signal in response
thereto, and for generating said quantized subband information by quantizing
said prediction error signal when the information capacity requirement of
said respective subband signal is higher than said prediction error signal and

25 by quantizing said respective subband signal otherwise, and
formatter means (400) for formatting an encoded signal by assembling

quantized subband information and prediction override signals for said frequency
subbands into a form suitable for transmission or storage.

30 2. An encoder according to claim 1 wherein said input signal comprises input signal
samples and each of said subband signals comprise one or more transform coefficients, said
transform coefficients generated by applying a transform to said input signal.

e ! | .
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PCT/ US 996/267HBWO EP PCTAUR 95716748 -
feans (87l a-871d, 872) for controlling said waveform predi ctor SUch

that said processor means generates sai-7yeplica subband signal in‘response
to said prediction signal when said respective prediction override signal

.S 3. An encoder fad¢ct8ing@ 16l cREA Y *h&@sinSAidtrirs firinCeoeffidians subsiagtidlly i n
response to said quantized 5 subband si gnal ot herw se,

and correspond to coefficienss, ppngucadebin appiviog githesan syverly-ftacked 2ime Bomain of

sai d audi Q..i nf ' ' g s ;3 gnal s
for said 1gﬂﬁ§5n‘%€éell8§%rgﬁag§form or an oddly sfa%ﬁéﬁ}gﬁl?eAﬁglgggpdAeirﬁs‘?%gsa cgr |§§mt%o
claim 7 weeksforn.Sai d subband signal conprises transform 10 coefficients,
said replica of said audio information generated by applying an inverse
transformto said subband signals for said plurality of frequency subbands.
0. A decoder ageRhUnhtiel Aty cHBACH"S Whblin ONG trfistbri? Redeitid a block
substantially correspon o elther an evenly-stacked Tinme Donain

Al i asi ng ehtrassfdrat coefficiants s eespénse to mnnsteoahobHsaidhinputisigyal samples @nd isaid
Domai n Ali asing Cangel | gt.ion inyerse transfor . e 10,

encoder a‘&YéB“rfﬁgﬂ gredicter # ?PPYIQJ ?9{1%‘?"8??1 Oéﬁfﬂ?gﬁﬁl eqefficients Pithina, ﬁfpec%'le

pl ural i typjock, said){vaﬁéfeﬁﬁ\?@i%%%viiﬂg& eniRinitn® 61deP bf B] anah@B3MfePBlbtksi ent s

and sai d waveform predicto . .
10  comprising 256, 128 and 64 transform coefficients, respectively.

5. An encoder according to any one of claims 1 through 4 wherein said waveform
predictor (340) for a respective subband signal has an order substantially equal to three
times the bandwidth of said respective subband signal expressed in critical bandwidths.

15
6. An encoder according to any one of claims 1 through 5 wherein said waveform
predictor (340) has an order less than or equal to a quotient of a time interval
commensurate with the post-masking interval of the human auditory system divided by a
time interval between adjacent ones of said input signal samples.
20

7. A decoder comprising:
deformatter means (700) for receiving an encoded signal representing audio
information and obtaining therefrom prediction override signals and quantized
subband information for respective frequency subbands of said audio information
25 having bandwidths commensurate with or less than a corresponding critical band of
human perception, wherein the prediction override signal of a respective frequency
subband indicates whether the quantized subband information for that frequency
subband is either quantized prediction errors or quantized subband signals,
processor means (800a,800b) for generating a replica subband signal for a
30 respective frequency subband, wherein said processor means comprises
means for generating a prediction signal by applying a waveform
predictor (840) of order three or more to quantized subband information for
said respective frequency subband,

[ — : DS\\(’E
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has a m ni num order of 8, 17 and 33 for bl ocks conprising 256, 128 and 64
transf or nPGBE27TC WD BFci ents, respectively. PCT/HSHS¢6T48
according to any one of clains 7 through 10 wherein said waveforim .

predi ctor (840) for a respective subband3ignal has an order substantially
equal to three times the bandw dth of said respective subband signal

expressed in critical bamduisi@ite 876, 872) for contolling ld whvefopadredianr oud ng
to any one of clains 7 through 11 wherein said replica, of audi o

i nf or mati on conpri stat said PECSsHp MeanngrneRtgssaidorsphcs Fabbadsigal in respoysen s

an order | ess, 1 : | Qém- ' | Vs%)al‘
comensurate with t??e&gd;g{é@ncaﬁgﬁ?iﬁggloWﬁmq@]teg Va?ég?edﬁdnﬂgﬁg}r@nf%ﬁea |t(l)sry
system di vi ded by afalserandi generatea lsaidaeplivarsubblind signial imnreesparise 8@ said guantizadidi o
sanpl es. 96/ 2627Q WD EP

PCT/ US 95/ 16748 subband signal otherwise, and .24 -

13. An encoder COWpBﬁtégﬂg?ﬁs (900) (f% 6§neratin5| a replica Ssalid pithio tibAhARdn 0100) ,

a plurality of bandpa ers cou to said Input termnal, said
response to replica subband signals for said frequency subbands.

8. A decoder according to claim 7 wherein said subband signal comprises transform
10  coefficients, said replica of said audio information generated by applying an inverse
transform to said subband signals for said plurality of frequency subbands.

9. A decoder according to claim 8 wherein said inverse transform substantially
corresponds to either an evenly-stacked Time Domain Aliasing Cancellation inverse
15 transform or an oddly-stacked Time Domain Aliasing Cancellation inverse transform.

10. An encoder according to claim 8 or 9 wherein subband signals for said plurality
of subbands constitute a block of transform coefficients and said waveform predictor (840)
‘ has a minimum order of 8, 17 and 33 for blocks comprising 256, 128 and 64 transform
20 coefficients, respectively.

11. A decoder according to any one of claims 7 through 10 wherein said waveform
predictor (840) for a respective subband signal has an order substantially equal to three
times the bandwidth of said respective subband signal expressed in critical bandwidths.

12. A decoder according to any one of claims 7 through 11 wherein said replica of
audio information comprises audio samples and said waveform predictor (840) has an order
less than or equal to a quotient of a time interval commensurate with the post-masking
interval of the human auditory system divided by a time interval between adjacent ones of

30  said audio samples.
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bandpass f, ViHg respective center frequencies and r L e,
det36370 Wo'EP . - opETNys 4516748

passband bandwi dt hs commensurate with or narr

critical bands of the human audi tory system L

a circuit (300a, 300b) coupled to a respe@ﬂ'l ve bandpass filter, said circuit
conpri sing a |linear predlction filter
(340) of order 1BnASLSPdSTRORPrisIE: a

conparator (372) ha té!'ﬂ{lﬁ%i arator input, a second
conpar at or i nput anzl'i"h @orrpara of Output, said first conparator input
coupled to said res;aqﬂunahe_s/ oiobabdpass filiels @00)pculipleditd saidciaput temiipst; sdiadr
| nput coupl ed ai d gge CLi on filter,
a switch cont rb?n%&&bﬁ S{HFVing;Igs a‘fegfeérﬁeﬁlﬁ”ﬁlﬁ anﬁgespecuve passband
a switgeh (371a)Kadia b eﬂ‘}@c
3 b o ke iy ﬁ mpﬁt cou to sal cfﬂgespectlve

and a switch output, sal Irst swtc
bandpass fil teraudlmtysyétetnsecond switch i nput coupl ed to sai d pred| ction

filter, wherein said sw{ i s.sw tchabl nnect e t her,
said first switch i At :(Q%%gimkds%ﬁchﬁﬁﬁg &ch‘é%l d 20
switch control compflsi a quant I zer (320)

coupled to said sw tmﬁ out put, and a nul tipl exor (400)
coupl ed to said conparat or ouﬂﬂmﬁaraﬂfédlﬁmldﬁhﬂaﬁﬁﬂ)z@frorder three ormore

i e S5c0r 0 o, O BB e
circuit coupled to said qowpiraeinput and a(c3@Parator output, said first comparator input
coupled to said respective bandpass filter and said second comparator
ixiput coupled to said prediction filter,
a'switch control coupled to said comparator output,

15 a switch (371a) with a first switch input, a second switch input
and a switch output, said first switch input coupled to said respective
bandpass filter and said second switch input coupled to said prediction
filter, wherein said switch output is switchably connected to either
said first switch input or said second switch input in response to said

20 switch control, and

a quantizer (320) coupled to said switch output, and
a multiplexor (400) coupled to said comparator output and said quantizer.

14. An encoder according to claim 13 wherein said prediction filter (340) comprises
25  a filter tap having a weighting circuit, said weighting circuit coupled to said quantizer
(320).

15. A decoder comprising:
an input terminai (600), K
30 a demultiplexor (700) having an input and a plurality of demuitiplexor
outputs, said input of said demultiplexor coupled to said input terminal,
a circuit (800a,800b) coupled to a first respective demultiplexor output, said
circuit comprising |
a linear prediction filter (840) of order three or more, L

I ' st

Qe
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15. A decoder conpri si ng: an input termnal (600),
a demul t i EW@OEP having an input and a plurality of denFTs: B)(é6748

out puts, said input of said denultiplexor coupled to said input térmnal,

a circuit (800a,800b) coupled to a first2§espective demul tiplexor output,

sai d circuit conprising a
linear prediction filter (840} sefitcRicoftiolt(87BEcoRpled®s & second respective 96/ 26270

WO EP
PCT/ US 95/ 16748 demultiplexor output, -25 -

a switch control (872) couple r | (e oo g
denul ti pl exor out put, 4 shhef (§ﬁ99@ﬁmaeﬁﬂ?§&héhemput, aaseg%ldt%vﬁtcpdx}?%t)
with a first sw tch i npuand a switch odtpatyi saihfirstgwitch mput coupled to saldfirst

and a switch output, said first put cou aldfl
respective demul tipl exor FSRESHE ‘%H’&i@g?’i?f%%h %“F Bmtdb!ﬂ?ﬂ? gq}lpled
to said prediction filtegg sa%‘?fﬁhdﬁoﬁ%lﬁrs%&eﬁ Said Sitchl curguMis SWiRdHak]
connected to either said first swtch i nput or said second swtch i r¥put
in response to said sw t conneotetd tolejthexrrsdid first switch input or said second switch input
in response to said switch control, and
a plurality of inverse bandpass filters (900) having respective center
10 frequencies and respective passband bandwidths commensurate with or narrower
than critical bands of the human auditory system, a respective one of said plurality
of inverse bandpass filters coupled to said switch output.

16. A decoder accorciin'g to claim 15 wherein said prediction filter (840) comprises
15  a filter tap having a weighting circuit, said weighting circuit coupled to said respective one
of said plurality of outputs of said demuitipiexor.
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{57) Abstract

A split-band perceptual coding system utilizes generalized waveform predictive coding in frequency bands to further reduce coded
signal information requirements. The order of the predictors are selected to balance requirements for prediction accuracy and rapid response
time. Predictive coding may be adaptively inhibited in a band during intervals in which no predictive coding gain is realized.




