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Coders using long block lengths suffer from two problems: (1) audible distortion of signals
with large transients caused by the temporal spreading of the transient’s effects throughout the

transform block, and (2) excessive propagation delay of the signal through the encoding and decoding

~ process. In prior art coders, these processing delays are too great for applications such as broadcast
audio where a speaker must monitor his own voice. A delay in voice feedback causes setious speech
disruption unless the delay is kept very short.
The background art is discussed in more detail in the following Background Summary.
BACKGROUND SUMMARY
There is considerable interest among those in the field of signal processing to discover methods
which minimize the amount of information required to represent adequately a given signal. By
reducing required information, signals may be transmitted over communication channels with lower

bandwidth, or stored in less space. With respect to digital techniques, minimal informational

requirements are synonymous with minimal binary bit requlrements
Two factors limit the reduction of bit requirements:
(1) A signal of bandwidth W may be accurately represented by a series of
samples taken at a frequency no less than 2 -+ W. This is the Nyquist sampling rate.
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regi ons between the er pas
a subband coder or a transform coder. The term is used in this manner because, as discussed by

Tribolet and Crochiere, the mathematical basis of subband coders and transform coders are
interchangeable, therefore the two coding methods are potentially capable of duplicating each other.
A subband as implemented by transform coder is defined by a set of one or more adjacent transform
coefficients or frequehcy bins, The bandwidth of a transform coder frequency bin depends upon the
coder’s sampling rate and the number of samples in each signal sample block (the transform length).

Tribolet and Crochiere observed that two characteristics of subband bandpass filters are
particularly critical to the performance of subband coder systems because they affect the amount of
siglial leakage between subbands. The first is the bandwidth of the regions between the filter passband
and stopbands (the transition bands). The second is the attenuation level in the stopbands. As used
herein, the measure of filter "selectivity” is the steepness of the filter response curve within the



and stopbands (the transition bands). The second is the attenuation |evel
in the.stopbands. As used herein, the nmeasure of filter "$sghgati®ngy" |Is
the steepness of the filter response curve within the 4 August 1998 - 3-
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the subband bandwidth is more than half a critical band, there is the possibility that the dominant
signal will cause the ear’s critical band to be offset from the coder’s subband so that some of the
undesired distortion products outside the ear’s critical bandwidth are not masked. These effects are
most objectionable at low frequencies where the ear’s critical band is narrower.

Transform coding performance depends upon several factors, including the signal sample block
length, transform coding errors, and aliasing cancellation.



| ength, transformcoding errors, and aliasing cancellation. 4 August 1998
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representation which would require infinite transform lengths. For convenience of discussion here,
however, the output of discrete transforms will be referred to as a frequency-domain representation,
In effect, the discrete transform assumes the sampled signal only has frequency components whose
periods are a submultiple of the finite sample interval. This is equivalent to an assumption that the
finite-length signal is periodic. The assl_lgnption in general is not true. The assumed periodicity
creates discontinuities at the edges of the finite time interval which cause the transform to create
phantom high-frequency components.

) One technique which minimizes this effect is to reduce the discontinuity prior to the
transformation by weighting the signal samples such that samples near the edges of the interval are

'3 close to zero, Samples at the center of the interval are generally passed unchanged, i.e., weighted



close to zero. Sanples at the center of the Interval are generally passed
unchanged, i.e., weighted 4 August 1998 -5 by a factor of 9Regusthiss
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filtering. As discussed in Crochiere, "A Weighted Overlap-Add Method of Short-Time
Fourier Analysis/Synthesis,” IEEE Trans, Acoust,, Speech, and Signal Proc., vol. ASSP-28,
February, 1980, pp. 99-102, synthesis interpolation filtering can be implemented more
efficiently by a synthesis-window weighted overlap-add method. Thus, some subband coders
implemented with transforms, including one used in preferred embodiments, use synthesis
windowing with overlap-add. Further, quantizing errors may cause the inverse transform to
produce a time-domain signal which does not go to zero at the edges of the finite time
interval. Left alone, these errors may distort the recovered time-domain signal mbst strongly
within the window overlap interval. A synthesis window can be used to shape each
synthesized signal block at its edges. In this case, the signal will be subjected to an analysis



synt hesi zed signal block at its edges. In this case, the signal will be
subjected to an analysis 4 August 1998 -6 and a synthesi s Anglsi}998 e., the
signal will be weighted by the product of the two wi ndows. Therefore, both
wi ndows nust be designed such that the product of the two will sumto unity
across the overlap. See the discussion_ in the previous paragraph. Short
transform sanpl e bl ocks inpose great eT6Corrpensation requi rements on the

anal ysis and synt hesi s ndows, As ansform | ocks bhecone
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not perfect passband filters. i tion between the passband and
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Suppressin d conse uences of lasing distortion in transform
coders bbyavisscaterswggested by fhe@eﬁshanésuttofféregm dregyeneirs ip dhegransitian baptizboxsbet er .
As expl a ﬁﬁmﬁ w,ﬁ%{ﬁ@fa,mw}eﬁ%gand degrade filter perfornmance: the

passband | ncreases, the stogband transition  beconges
| ess shar p, altds wpssible topdrsisa *@P@btslso'ﬁd crnthesisofiltare such thatzaliaging, distortion; is 5 g
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299-308, also cancels aliasing distortion.

Suppressing the audible consequences of aliasing distortion in transform coders becomes more
difficult as the sample block length is made shorter. As explained above, shorter sample blocks
degrade filter performance: the passband bandwidth increases, the passband-stopband transition
becomes less sharp, and the stopband rejection deteriorates. As a result, aliasing becomes more
pronounced. If the alias components are cbded and decoded with insufficient accuracy, these coding
errors prevent the inverse transform from completely cancelling aliasing distortion. The residual
alfasing distortion will be aﬁdible unless the distortion is psychoacoustically masked. With short
sample blocks, however, some transform frequency bins may have a wider passband than the auditory

critical bands, panicularly at low frequencies where the ear’s critical bands have the greatest



critical bands, particularly at |low frequencies where the ear's critical
bands have the greatest 4 August 1998 -7 resol ution. Consefaegudtd99&l i as
distortion may not be masked. One way to minimze the distortion is to

i ncrease quantization accuracy in the probl em subbands, but that increases
the required bit rate. Bit-rate Reduction Techni ques The two factors

|l i sted above (Nyquist sanple rate and-quanti zing errors) should dictate the
bit- rate requirenents for a specified quality of signal transm ssion or
st or age. repelution denaseqnenily balias distoftiop ey nboheeasked. t Qnerwayuto eninifnize thet distertion
requi r edgfglincia Qh&iizatiod ABdurddy t'h&gobl-gm%glﬁ)aﬁtﬁcm'Uﬂpﬁlgreasgfalle%qﬁlirél Bid geal ' s
redundancy and irrelevancy. A si gnﬁ conponent 1's redundant it it can be
predi cted or otherw se provi Biuate\Reductiop Jeghiniques A sj gnal conponent is

irrelevant ifThetwb$actoes listAQABKRE (URQUAEANBI Pate IrdSqBIzing @Hord) shbild Mic@de the bit-
tec Predj cti on:

tation S I i d the. art | ude; (1
0 2538 oo DS R o Hir BB Rk b S O
ant i ci paemepleyriehavevey te néduteathe dit irpte required €onta givenpsignal qualitysi Thesé techniques
h terj st i ng: t i.th,a hi babhi.l i f
char 2cCetlal b R, SRR bt o 0, BB Y
and r ecepwetherwise propidedcbyt theressivee. Acxignal dompénentrim irrebgygntditlismgt meedkd o alliege | on

have t he,di : _ €Veal, AGT, i conpl exity and
process: Babam BGHR el ahaldic iR BEh e S CTD, XY A
thus requiring bufl) Brediadon: p periasiic onpredictablescharactetistic of atsignal\pstntitna fe@jver
Nonuni f or m cogli aﬁﬁéipaiﬁa;bhfégcrﬁgg&k?t%&d%ori ARRht Jr@r{&gdgx&égﬁﬁ‘éﬂdrﬁ&&ﬁﬁc@.‘lam I ZI ng

steps allow codin _stgnal val ues wt [ bits at the expense
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coding. (5) Bit allocation: the receiver"s demand for accuracy may vary
with tine, siFfadnng buteriag it used inafgpsiant Bit-rate §¥8ncy. For exanpie,* | ower
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i i O N fr R o s
nore bits ar eexpbheptfat @bllo ingfpoin ,iaod Breommoly obed in eding siewidomain
frequency ban it . ' ar y. (c) Psychoacoustic
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for .
= usually more important for.comprehension and speaker recognition, and therefore should be

transmitted with greater accuracy than higher frequency components. Different criteria apply
with respect to music signals. Some general bit-allocation criteria are:
(a) Component variance: more bits-are allocated to transform coefficients with
the greatest level of AC power.
(b) Component valqe: more bits are allocated to transform coefficients which
represent frequency bands with the greatest' amplitude or energy.
(c) Psychoacoustic masking: fewer bits are allocated to signal components
whose quantizing errors are masked (rendered inaudible) by other signal components.

This method is unique to those applications where audible signals are intended for



4 August 1998 -8 hunman perception. Msking is understood best wth respect
to single-tone signals rather than nultiple-tone signal s 48dneoMPIEX
wavef orms such as nusic signals. Al though the foregoing discussion applies
to subband coders inplenented with either a true subband filter bank or
with a tinme-domain to frequency-domain_transform nost of the foll ow ng
pertains nore particularly to transf or i npl enent ed coders in order to

sinplify the disc o] e.cl arI ntif
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encoded piegmednventim.such a way to bound the effects of such noise.

Di scl osure of t .on .|t a ect of e, present |nvent| n to provide
for the digi t%“\bgﬁ’ﬁ "(H‘gad?ﬁw&p‘&%lg;&ﬁ’(?“ahﬂibg‘md isdmayvndem Jib °'E)‘a?P€FE‘\S‘"8(r%
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noi se, en tr.a ar e m ted. The o ct is
e ARt e S SR R BB A P o, JSailer
respect i sigal is viilnetable to dntuatidnsb;oﬁonsermenuodaqeé(dtxrmgrlchnshlsdndm mtdmagaobtleccb&ng)f t he
i nvent i o . I |
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accor danifesugh 2 way Wé’oﬂﬁb@hﬁﬁw fosummlspr esent invention, an encoder provi des
for the digital encoding of w deband audi o i nformation Adaptive bit

al l'ocation nonuniformy quantizes each transformcoefficient, and those
coefficients are assenbl ed i nt o Disclosyerofinvention it having a format suitable
for storage of isan@BREcE ﬁie‘bi’esm 'uﬁr@ntioﬁ td ﬁ%hﬁé f%mhetd&llthr]ﬁo&;sflﬁcotf%nd%faanﬁ%d’xb‘pt lve

noi se. Error _correction codes may be used in applications where
transmi t infrmationy particularly mjsicc usingancanprde/decede em@ruatﬁg such ljag the sorgyptive, effects of

comuni Cpadiseddncddlelrd d¥idPLrAmAGERbAANGE #é lifitkdle teachings of the present
I nvention, a decoder ,provides for the high-quality reproduction of

digitally encbifedbi deBeityed Uit ag jegeeders adh a sleeaden pocafingn to glafms 1 and 5,
[ ncorporagslbdagvetyhe present | nvent i on. The decoder receives the digital

out put of the_e er. via,a e device or_ transm ssion ipath. It
der | ves the nENTHE e&ﬁ'm"‘éo%!w g'ys'e%i'ro&er eierporfdis ovention e set fopth tisonshouy
di gi tal disgloaiment) gartiatatysih tecécioh descritiinhahemodes &diCarging 0at te ldve:mfn,rumlw I n an

~ enbodi nent of t he_enco L pOr resent i vent i, ete
TTootorm o slGe RG] we SRS bR Mishl iy BSE S snted ROV e BN
anal ysi sencodiogwf wédegmdewdiu inforcation N Adapfiveg bittalid@fi8n nonuniformly quantizes each

' transform. coefficient, and those coefficients are assembled into a digital output having a format

suitable for storage or transmission which is resistant to the effects of corruptive noise. Error
correction codes may be used in applications where the transmitted signal is subject to other corrupting
effects of the communication path.

Also in accordance with the teachings of the present invention, a decoder provides for the
high-quality reproduction of digitally encoded wideband audio signals encoded by an encoder
incorporating the present invention. The decoder receives the digital output of the encoder via a
storage device or transmission path. It derives the nonuniformly coded spectral components from the
formatted digital signal and reconstructs the wideband audio signals therefrom.

In an embodiment of the encoder incorporating the present invention, a discrete transform

generates frequency-domain spectral components in response to analysis-window weighted time-domain



-9 sanple bl ocks. Preferably, the discrete transformhas a function

equi valent to the alternate application of a nodified D sap;A@'gest@ggg ne
Transform (DCT) and a nodified Discrete Sine Transform (DST). an
alternative enbodi nent, the discrete transformis inplenented by a Discrete
Fourier Transform (DFT), however, virtually any tinme-domain to
frequency-domai n transform can be usedg-A preferred enbodi nent of the
encoder conputes a variable bit-length code word for each transform

coef f i ci sample bldgksc Preferatdy, whe discipdte transfogn hasiadurictien euivaledt tathé alleardterapptivationof

bits and I r cation.
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signal tranSm ssion occurrin er and decoder since
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ort on of adapti vel

a fixed bit- gag% partion nda\(aigbg,b
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assenbl estcarrinpbetwanmtie eswigrasddecoder sineandrirorsaoan reskleinfincsaebt heiggiént powdli on of
t he code I L] of all adaptively allocated bits. The
exponent S"}g{?g@?iv&lgg_lﬁé\ﬁ%te%Y%gnr@an of "code words are assenbl ed separately
from adapt i velhy padférced ambelimert of the enwderc quantided emamskiir inj cogffitients arie eprinsedsty

af
encoder soBRlifiaidfl et o' ch Aol 6P IOLI ol 3 i R s Ve,
f or mat t edis destribedatiove, shreevafidblestengtinende wiopds dretfurthee chmpeisedod a fpablbabmtli\ pgrtlmf | ong
f I, les [
ray - ordcraUeh i oS o el kB ol B Ongt Hle bE WAL 11
sequenc esignsbiy asembigsiintorframgs compgsed of exppnpnmydm@lh fisgddengthapstiorcof thende words
random Zﬁilb\@é& ! aséﬂ'nfgeb(i'dﬁ %@apﬁﬂﬁfy Qfoggépﬁxls' t'IYle A}BhentsSdnl q‘lxgcﬁfeﬁgtwb&hbﬁ‘olt &@e

frame will be m staken for synchroni zati on sequence. In
decoder, W?fﬁﬁaﬁeéF%P%éFPéFaiebl frth tagapaveév Alocyerebitsdo medupeayrbaerabity Hb“q‘%eé’i‘rﬁ‘
synchronérz@gion bits and applying an inverse random zation process. In
applications mhere he encaded S|gnal | S subject to corruption, error

correction cdo8dep! Ls?t@ns Whete fiamg syRehepnizationtis f%@“‘ﬂng‘te engqdes apRends Miedprmated,n

that is,dadd® B¥ROBMHGkSnidddidn txedma%mam&s dfh bihQrd AME $dndorhiz&OWENAYce the
coefficient ¢code words. Erraqr,co gs and the protected _data are scattered

throughoUPb”tbﬁ'éV of; Ipg,seapeaces fof bits, With valugh Rf 1l apss9rizetres.y ThiS it Brcessary Jp Spany

errors, ¢énvitonmenB su¢hCiERS Qarkride whith @éild notf tonrarwsusmsdquaés beympeadedueignrse

crit cal dat a, cannot be,corrected., The rio re e inyention
T 1 5o Ty RG G BAIE: et ASg Favaes i nsstabivey Datcyalid ita e the

fol | owi nfyarsewlli uzrmdamrtbblhlglohheydua:deim‘b@&eqﬁafcé yulﬂ@e@déod‘élb%el forneaned @41a and
in the Bk e%ere&l gy ge%%\c\fng iy frame sylgt'ﬂromza]mon%xts and applying an inverse randomization
process.

In applications where the encoded signal is subject to corruption, error correction codes are
utilized to protect the most critical information, that is, the exponents and fixed portions of the lowest-
frequency coefficient code words. Error codes and the protected data are scattered throughout the
formatted frame to reduce sensitivity to noise burst errors, i.e., to increase the length of a noise burst
rgquired before critical data cannot be corrected,

The various features of the invention and its preferred embodiments are set forth in greater
detail in a following section describing the Modes for Carrying Out the Invention and in the

accompanying drawings.



-10 Brief Description of Drawings Figures la and Ib are functional bl ock
diagranms illustrating the basic structure of an encoder/ deggggt 18)8st em
suitable for incorporating aspects of the invention. Figures 2a through 2e
are bl ock diagrans show ng the hardware architecture for one enbodi nent of
an apparatus inplenmenting an encoder and/or a decoder. Figures 3a and 3b
are bl ock diagrans showing in greater-Wetail the serial-conmunications
interface of the processor for a two-channel enbodi ment of an encoder and a
decoder. Figure 4 |Is a hypot hniefDescriptioniof Drawingspr esent ati on showi ng a
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fl ow chart ogic Tor a nonunitormquantrzer. Figure 8 is
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transform Fi h 16 ,ﬂgz ({ a

represent at i oﬁé‘ r@ﬁ grgg r%F & ﬁ'%engg A % rg%’ﬁ’é%f‘\"séf FEeHY by
over | ap- withdrespect tng msycl@wﬁammasklwalrvsynt he5| s. 4 August 1998 -11

Figure 11 is a graphical representation showing a TDAC coder filter characteristic response
with respect to a 1 kHz psychoacoustic masking curve.

Figute 12 is a graphical representation illustrating a composite masking curve derived from
the psychoacoustic masking curves of several tones.

Figure 13 is a graphical representation showing the spectral levels of coding noise and
distortion of an encoded 500 Hz tone for three different bit allocation schemes with respect to the
psychoacoustic masking curve for a 500 Hz tone.

Figures 14a through 14e are hypothetical graphical representations illustrating a time-domain
signal grouped into a series of overlapped and windowed time-domain signal sample blocks.

Figures 15a through 15d are hypothetical graphical representations illustrating the time-domain
aliasing distortion created by the TDAC transform.

Figures 16a through 16g are hypothetical graphical representations illustrating the cancellation

of time-domain allasing by overlap-add during TDAC transform signal synthesis.



Figure 17 is a graphical representation conparing filter transition band
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Figure 26 is a schematic representation illustrating the format of a frame of two encoded
transform blocks with error correction codes.

Table I shows master exponents, subband grouping, and coefficient bit lengths for a TDAC
transform coder.
Table II shows subband grouping and coefficient bit lengths for a DFT coder.

Table III shows frequency response characteristics for derived analysis windows.

_ for Carrying Out the Invention
I. PREFERRED IMPLEMENTATION OF INVENTION
Figures 1a and 1b show the basic structure of an encoder/decoder system suitable for
incorporating various aspects of the invention. The encoder shown in Figure la comprises time-

domain signal input 100, signal sampler-and quantizer 101, signal sample buffer 102, analysis-window
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signal fro e (ijecoded digital si
trans orm s illustrated in Figures 2a and 2b Empirical studies have shown that, unless special

measures are taken, transform computations must be performed to an accuracy of at least 20
significant bits to achieve stated performance objectives. One special measure permitting
implementation of a coder utilizing 16-bit.ar._ithmetic is described later as part of the DFT embodiment.

A practical implementation of a preferred embodiment of a single-channel coder, employing
either a 44.1 kHz or a 48 kHz sample rate, utilizes a 16-bit analog-to-digital converter (ADC) with
a cycle time of no more than 20 microseconds to quantize the input time-domain signal. Each 16-bit
digitized sample is used to form the 16 most-significant bits of a 24-bit word which is used in
subsequent computations. A Motorola DSP56001 24-bit digital-signal processor (DSP) operating at



The encoder hardware architecture, shown in Figure 2a, is conprised of
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Figure 2¢ shows the memory addressing interface. PAL 205 translates addresses put on
address bus 205A by DSP 202, and passes the translated addresses to bus 205B which connects to
RAM 203 and EPROM 204. Memory for the Motorola DSP56001 is divided into three segments:
program, X data, and Y data. The memory translation provided by PAL 205 permits these three
segments to be mapped int_o one 24 KB bank of RAM. The actual addrésses for each of these
seﬁments is determined by size and design of the encoder/decoder software. In one embodiment, 4

K words (4096 or 1000, 24-bit words) of program memory are mapped into addresses 0000-OFFF,,



EPROM 204 is selected when CS is |ow Wen DSP 202 sets A 15 low, inverter
205C sets the CS |ines of RAM 203 and EPROM 204 high. OnlyAsgadtiigofRAM 203
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into DSP 208. Line SCK clocks a serial-bit stream of the decoded digitized signal samples along line
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STD from DSP 208 to DAC 212. Line SC2 provides a frame-synchronization signal to the DAC and
to the DSP which marks the beginning of each 16-bit word. The interface between DSP 208 and the
memory-address bus is implemented in the same manner as that described above for the encoder. See
Figure 2c.

‘ A two-channel encod_er requires LPF 200A and 200B, and ADC 201A and 201B, connected
as shown in Figure 3a. The interface between the DSP and ADC components operates in a manner
similar to that described above for a one-channel encoder. Timing generator 202A provides an
additional signal to line SC2 of the DSP at one-half the rate of the frame-synchronization signal to
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As discussed above, the length of the signal sample block created by signal sampling and
quantizing means 101 can be of critical importance in some applications. The length may be chosen
to balance signal propagation delay with digital filter performance. The forward transform (digital
filter bank 104) must wait for all of the block’s samples before all transform coefficients may be
calculated. A similar delay is experienced by the inverse transform (digital filter bank 114), waiting

for all coefficients before the time-domain signal may be recovered. As a result, assuming both
forward and inverse transforms may be performed in a period of time equal in magnitude to the block
intérval, the delay for a signal passing through a coding system is three times the block length, In
applications requiring real-time aural feedback, the desired overall delay should not be greater than
approximately 10 milliseconds; therefore, the block length should not exceed 3.3 milliseconds.
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final output signal is also band-limited to reject any aliasing passed in the highest coefficients.

30 Unless the sample block is modified, a discrete transform will erroneously create nonexistent
spectral components because the transform assumes the signél in the block is periodic. See Figure 4.
These transform errors are caused by discontinuities at the edges of the block as shown in Figure 5.
These discontinuities may be smoothed to minimize this effect. Figures 6a through 6d illustrate how
2 block is modified or weighted such that the samples near the block edges are close to zero. The
35

multiplier circuit shown in Figure 6a modulates the sampled input signal x(f) shown in Figure Gb by



rolloff for a given |evel of depth of stopband rejection, and permts
correction of its nodulation effects by overlapping and aﬂ@h@gmq@pgcent
bl ocks. W ndow design is discussed belowin nore detail. C. Analysis Mter
Bank - Forward Transform A discrete transforminplenents digital filter
bank 104 shown in Figure la. Filtering is perforned by converting the-

ti me-domai n signal sanple blocks into-d7set of tinme varying spectra
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C. Analysis Filter Bank - Forward .Transl'orm
A discrete transform implements digital filter bank 104 shown in Figure la. Filtering is

performed by converting the time-domain signal sample blocks into a set of time varying spectral

coefficients. The transform technique used in one embodiment is Time-Domain Aliasing Cancellation
(TDAC).
TDAC utilizes a transform function which is equivalent to the alternate application of a

modified Discrete Cosine Transform (DCT) with a modified Discrete Sine Transform (DST). The
DCT, shown in equation 1, and the DST, shown in equation 2, are

N-1

Ck) = Y x(m)- cos[2mk (23] for0 < k < N ()
=0 _ N
N-1

SGE) = Y x()-sin2xk(Z20)] © for0< k< N @)
=0 N

where k = frequency coefficient number,

n = input signal sample number,

N = sample block length,

m = phase term for TDAC,

x(n) = quantized value of input signal x(7) at sample n,

C(k) = DCT coefficient k, and

S(Kk) = DST coefficient k.

The TDAC transform alternately produces one of two sets of spectral coefficients or transform
blocks for each signal sample block. These transform blocks are of the form

O for 0 <k <NP2
@, [o for k = 0 @



4 August 1998 -18 S(k) _ [3(k) for 1 Sk s N12 O for k =0 (4) 1 where |
= signal sanple block nunber, C(k) = DCT coefficient (see @gﬂgﬁ§tq99§.), and
S(k) = DST coefficient (see equation 2). The conputation algorithmused is
t he Fast Fourier Transform (F-171). See Cool ey and Tukey, "An Algorithm
for the Machine Cal cul ati on of Conplex Fourier Series," Math. Conput., vol.
19, 1965, pp. 297-301. A single FFT cdf-be used to performthe DCT and DST
si mul t aneousl y by efining themrespectively as the real and inmagi nary
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Fast Fbjﬁ"s’ AGprlohn 18 vle MRAHR Calstlatc of homplem FoupecSeine b MatalCompbtncnc). 1974,
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t oget herFF’PdeIBQQﬂb)SﬂEh\pﬁﬂ,md’ﬁ@&ti Wahdaddlond’ OPEr phase conponent in (see
equation 6) d.a,carefull 3e3| gned pair of analysis-synthesis w ndows,

the TDAC tech edsic techniqye o j alg@pg,Flr‘@méqunamlyi @fsulate t8o Emfon’hi i3Wek ’known
T, '"zg@e?u%'méfj ?‘m“‘g%?"k?m pd Fourier oy F’meﬂégeg"ﬁg‘l @@ﬁ‘i‘“}s?‘@r eBfso
f epr esentab §i% 74 RS rAon regarding:thp ensirrert lileulation of the miodifiel OET
and DST for the TDAC transform may be found in Lookabaugh, "Variable Rate and Adaptive
Frequency Domain Vector Quantization of Speech,” Stanford, CA: Stanford University, PhD Thesis,
June, 1988.

This concurrent process is especially useful in two-channel applications where a transform
block is generated concurrently for each channel, a DCT block for one channel and a DST block for
the other channel. The coded blocks for a given channel alternate between the DCT and DST (see
expression 5), and are always of the opposite type from that of the other channel’s blocks. A pair of
blocks, one for each channel, are transformed and formatted together.

Princen showed that with the proper phase component m (see equation 6) and a carefully
designed pair of analysis-synthesis windows, the TDAC technique can accurately recover an input
signal from an alternating sequence of cosine and sine transform blocks of the form

{C®Yo, (W}, (COL, (SO, ... | )
wl}ere each transform block represents one time-domain signal sample block. This process is shown
in Figures 14a-14e, 15a-15d, and 16a-16g.

Referring to Figure 14a, it may be seen that quantized input signal X(r) is grouped into
blocks. One set of blocks, modulated by the window function W, shown in Figure 14b, produces



I n Figures l4a-14e, 15a-15d, and 16a-16g. Referring to Fi gure 1l4a, it may
be seen that quantized input signal x(t) is grouped into Q@Jﬁ% ggpe set
of bl ocks, nodul ated by the wi ndow function W shown in Figur 4]b

produces 4 August 1998 -19 signal xx(t) shown in Figure 14d. Signal x,(t)
Is input to the DCT. Another set of blg ks of the sanpled input signal
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recovered from W |lnverse DCT and DST, are nodul ated by w ndow uncti ons

W(t) and W ((m®)= Pesz—pectlvely, shown (6)

where N = sample block length.

TDAC also requires application of a pair of carefully designed inalysis-symhesis windows to
overlapped signal sample blocks. The signal sample blocks must have a 100% overlap, i.e., 50% of
a given block is overlapped by the previous block, and 50% of the same block is overlapped by the
following block. Figures 16a-16g illustrate the overlapping of signal sample blocks and the resulting
cancellation of alias distortion. Signals y,(s) and (1) shown in Figures 16a and 16d, recovered from
the inverse DCT and DST, are modulated by window functions W,(¢) and W,(¢) respectively, shown
in Figures 16b and 16e, to produce signals ¥,() and y,(f) shown in Figures 16¢ and 16f. When the
overlapped blocks of these windowed signals are added, the alias components are cancelled and the

resulting signal y(f) shown in Figure 16g is an accurate reconstruction of the original input signal x(z).



in Figures 16b and 16e, to produce signals Y ,(t) and Y. (t) shown in
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nost signi f\lA%a dgt bi t nonzer

nor el i zed Mt ¢ ost SI gm ficant data b| t is zero. A nornalizeq
mant i ssmhemﬂeahdmegffmmﬁ;,nm%mgé significant bits for the nunerical
quagtity is

3..

M = the signed integer-valued mantissa, and
E = unsigned integer-valued exponent.

For example, an exponent of three indicates the true value of the floating-point number is obtained
by multiplying the integer-valued mantissa by 2. This is equivalent to shifting a binary repiesentation
of the mantissa three places to the right.

30 A positive nonzero mantissa is said to be normalized when its most significant data bit is

nonzero. A negative-valued mantissa is normalized when its most significant data bit is zero. A

normalized mantissa insures the greatest number of significant bits for the numerical quantity is
contained within the mantissa s limited bit length.

Block-floating-point representation is also well known in the art and is used to represent a set

35  of floating-point numbers with fewer bits than is possible with conventional floating-point
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techni que uses one exponent for a group of mantissas. Some mantissas in the
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al | s-ubb%&"'é%m!ﬁ@ﬁtssbhand-a group are three or greater, the master exponent
for that group is set to one and all subband exponents in that group are
reduced by three. When a nmaster exponent is set to one, it indicates that
all coded coefficients within al 2. MastexBesonerit t he group are shifted to the
left three nofR del IS, L ndi.cated by the subband exponent val ues.
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?ﬁrerz:c l)fig Q%EB‘J"&(]}F{)@@@&J em?‘lr@a coded coefficients within all subbands in the group are shifted to the
left three more times than is indicated by the subband exponent values. When a master exponent is
zero, each subband exponent in the group correctly represents the total left shifts for each transform
coefficient in the subband. These master exponents permit using shorter subband exponents while

allowing for a sufficient dynamic range. This step in the process is shown in boxes 702a and 702b
of Figure 7. '

An additional step can be taken which may reduce the total bits required to represent the coded

signal. In all subbands where an exponent represents a single coefficient, the sign bit of a normalized

mantissa is superfluous. As discussed above, the sign bit and the most significant data bit in a

normalized mantissa are always of opposite value. The sign bit can therefore be dropped by the
encoder and restored by the decoder. The dropped sign bit is referred to herein as a "hidden bit,"
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pgxhoacoustﬂt masking curves are shown in Figure 9,
Fielder, “Evaluation of the Audible Distortion and Noise Produced b
Audio Eng, Soc,, vol. 35, 1988, pp. 517-534. Auditory selectivity

with frequency, however,

These curves were derived from
y Digital-Audio Converters," ],
of the human ear varies greatly
the 1 kHz curve is representative of ear characteristics for frequencies
. between 500 and 2 kHz, and the 4 kHz curve is represéntative of the ear’s response to higher
frefluenciw. The rate of transition band rolloff and depth of stopband rejection for a transform coder
must be as great as that for the psychoacoustic masking curve to achjeve the lowest bit rates. In
particular, note that ear selectivity for frequencies below a 1 kHz masking tone is very high. (;ther

transform coders in the art have achieved the required subband bandwidth and selectivity by using
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Overvi ew Tﬁ?%ﬁf ?ngceeg@ ?odngilc‘ﬁ °§‘H‘§ Wh STy Moy daschof peige. pEighesr 12sshoke a

adapt i vERPt Mg chR detisd froma simplerovgtisyeof the iAWiESmARING\GR SiRL t i S
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assigns,a fixed nunber of ad e o%gltﬁ%ﬁ'@of' UNEE Yericcansreyativy juadarstating  our
phases. tl\elaf:tg d‘ti‘ﬁ‘B%& efi?“A?fg!l%‘!P'i@Q& Furthermore, music is generally a more complex signal

than a few discrete frequencies,

and the resulting increase in masking levels permits a reduction in the

required accuracy of transform coefficient code words. Consequently, the minimum bit lengths shown

in Table I are obtained by deducting two bits from the bit length of each coefficient code word

suggested by the masking curves in Figures 10 and 11. Adaptive-bit allocation provides additional

bits where needed for increased accuracy of specific coefficients.

4. Adaptive Bit Allocation
_ a, Overview
. The fourth section of the nonuniform quantizer performs the adaptive bit allocatioﬁ. Box 704
in Figure 7 provides an overview of this allocation process. In general, for each transform block, bit

allocation assigns a fixed number of additional bits to specific coefficients in four phases. The number
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to Tabl e ban resents coefficients ()7) has
a val ue ag*xyohrﬁlgfcof'ﬂﬁqularfaﬁ glewents, joge fop epghisubbands whosaiyglues rang@gom zero to four.

The elements with a value of four represent those subbands where at least one of the coefficients in
the subband has one of the largest spectral coefficients in the total signal.

Phase one constructs another array A(), which represents the bits to be allocated to the
coefficients in each subband using the process shown in'Figure 8 box 801 Each element in A()
corresponds to a subband. Recall from Table I that the higher subband exponents represent multiple
transform coefficients, therefore each element of A() represents the number of bits assigned to all
transform coefficients in the corresponding subband. For example, referrmg to Table I, subband 7
represents coefficients 7 and 8. If element A(7) has a value of one, this indicates that 2 bits are



-25 allocated, one each to transformcoefficients 7 and 8. Continuing the
exanple, if element A(18) has a value of two, then 14 bitgy t dhdgpcat ed,
2 bits each to coefficients 39-45. During the allocation process, as each
el ement of A() is incremented, the nunber of allocated bits is deduct ed
fromthe nunber of bits remaining for allocation. Wien all of the

al l ocabl e bits are assigned during thi-256r any foll ow ng phase, that phase
i medi at E'JIIX aEegrm nat.es ans? all of the subsequent phases are skipped. During
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second pass,

If any allocable bits remain, allocation continues with phase three shown in box 803 of

Flgure 8. Like the previous phases, phase three allocation will terminate as soon as the allocation
limit has been reached. This final phase assigns additional bits to transform coefficients with lower
 spectral energy which are adjacent to subbands of coefficients with higher energy. ‘This assignment
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Phase zero begms by initializing all elements of array A() equal to zero, and constructing four
tables T, through T,. The construction of the tables is accomplished through the following steps: (1)

identify the smallest subband exponent and save this value as Xyp; (2) starting with the lowest
frequency subband (subband 0 for DCT blocks, or subband 1 for DST blocks), subtract the subband
exponent (see Table I) from X,q; (3) if the difference is zero, insert the subband number into tables
Ty, T, Ty, and T,; (4) if the difference is hegative one, insert the subband number into tables T,, T,,
and T; (5) if the dlfference is negative two, insert the subband number into tables Ty, and T,; (6) if
the difference is negative three, insert the subband number into table Ty; (7) continue steps three
through six for each subband until all subbands have been processed. At the end of this step, table
T, contains the numbers of all subbands that have exponents in the range X,qy-3 t0 X,qy, table T,
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Phase two assigns bits to all coefficients represented by subbands in tables T to T, until each
coefficient has received a total of four additional bits, or until the allocation limit has been reached.
Starting with the first (lowest frequency) entry in table T,, one bit is assigned to each coefficient
contained within each subband represented in the table. As each subband is processed, the entry is
removed from table T, and inserted into table Ti. Next, coefficients associated with entries in table

T; are allocated an additional bit, moving each entry. from table T, to T, as the additional bit is
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transform N Figure 20 depicts a structure where channel A has
encoded a DCT bl ock and channel B has encoded a DST block. If the frane
will be subject to bit 4 August 19%{? -30 errors such as those caused by
noi se during transm ssion, error c F@E’P?‘ﬁﬁg codes are interm xed with the

dat ? as shownThafoRnagngepradess prdplirts e shcodedaraisioch blobis OPMafRisSiGHbE §6dge, SUCh
as frane . ;
This process is represented by box 109 in Figure la, The following description discusses the
formatting of a two-channel signal such as that used in stereophonic applications. The basic scheme,

however, can be utilized in single-channel or multiple-channel systems without departing from the
basic invention.

A fixed length representation of each transform coefficient code word is formed by truncating
the rounded code word to a length equal to the minimum bit length shown in Table I. Any additional
bits allocated to the code word are formatted separately in an adaptive bit block. The master
exponents, subband expohe_nts, truncated coefficient code words, and adéptive bit blocks are then
assembled according to the grouping shown in Figure 20. |

The formatted frame of transform blocks in Figure 20 depicts a structure where channel A has
encoded a DCT block and channel B has encoded a DST block. If the frame will be subject to bit



synchroni zation bits if the digital signal is intended for transm ssion, or
dat abase pointers or record keys if the frames are intendedugadt 1999r age.

I'f frame synchronization bits are required, the formatted frame is
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Systenms, New York, NY: Van Nostrand Rei nhold Co., 1985, pp. 228-236.
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a DCT-DST block pair is 528 bits.

No side—information is required to indicate the coefficients to which additional bits have been
allocated. The deformatting process is able to determine the proper allocation from the transmitted
subband exponents by performing the same allocation algorithm as that used in the encoding process.

When data corruption is not a problem, a preferred structure for formatting a frame of
transform blocks is one which places the exponents first, the fixed-length portion of coefficient code



made to each transform coefficient while the adaptive bit bl ocks are being
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coefficient code words in the block-pair frame (coefficients C(0) and C(1) for the DCT block, and
coeffi

C)_

cient S(1) for DST block). The remaining error correction capacity is utilized by providing
redundant protection for the two low frequency master exponents (MEXPO shown in Table 1) of each

transform block. Assignment of the three error codes to specific data elements is somewhat arbitrary,

however, the DCT master exponents should be assigned to one code, the DST master exponents

should be assigned to another code, and the two low frequency master exponents from each transform
block should be assigned to the third code.



protected data throughout the formatted franme, each 4-bit nibble of
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o ! cient code words, and
adaptively assigned bits. Error correction codes, if present, may be used to rectify errors introduced
during transmission or storage.

Each of the master exponent bits are checked with its corresponding redundant bit to verify
accuracy. If this check fails, i.e., a master exponent and its redundant counterpart are not equal, the

val
ue of the master exponent is assumed to be one. If the correct value of the master exponent is

actually zero, this assumption will reduce the amplitude of all transform coefficients within the

subbands grouped under the errant master exponent. This assumption produces less objectionable

distortion than erroneously setting a master exponent to zero (when it should be one) which would
increase the amplitude of all affected coefficients.
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of tinmes equal to the value of the appropriate subband exponent plus three
additional shifts if the associ ated naster exponent is set to one. This
process is represented by box 113 in Fi gure | b. H Synthesis Filter Bank -
| nverse Transform Box 114 in Figure | b-Rdpresents a bank of synthesis-
filters which # . Set . freguency-domai n coefficients
recovered from tﬁg&gg%ng}rb?rgtﬁ? 'l"%& °%{’g‘if"1"f ﬂ'g’g?"f’%é{ﬁalﬁﬂ cheeked dol determiierif anychiddeh ock
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S(k) = S(1epteyented by Mof 113 da Figude 1b.R(n) R E C(k) Cos12~rk(n- for 0 5 n < NAO
Kx-1 i(n) KES(k)sin[21rk(n )) for 0 5 n < N h-O0 Kwhere k = transform
coefficient nunber, n = signal sanple nunber, K = nunber of transform
coefficients, N = sanpl dlmwmsikm(}?banmfn&ﬂ@%‘?n,g ~m for TDAC (see
equation 6), gohkdias g 'hzed DCT coefficient K, = quanti zed DST
coefficient k. and K?#r@ 10 BRI bapkark symthesiss filiers which rtjansfor) each Xt 6£10) 4
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ernating applications of a modified inverse DCT and an inverse DST.
Because half of the transform blocks are omitted from transmission or storage (see expression 5)
those blocks must be recreated for the inverse transforms, The missing DCT blocks may be recreated
from the available DCT blocks as shown in equation 8. The missing DST blocks may be recreated

as shown in equation 9. The inverse DCT is expressed in equation 10, and the inverse DST is
expressed in equation 11.

Ck) = -Cv-k) for N2 <k < N ®

$®) = SIN-K) for N2 <k <N ©9)
l K-t

g(n) = E;_;C‘(k)wos[hk (2;(_”’)1 for0<n<N (10)
12 .

£(n) = ?§S(k)-sm[21rk(";<m)] for0<n<nN (11

where k = transform coefficient number,
n = signal sample number,
K = number of transform coefficients,
N = sample block length,
m = phase term for TDAC (see equation 6),
C®) = quantized DCT coefficient k,

8k = quantized DST coefficient k, and
2(n) = recovered quantized signal x(n).



banks. The analysis filter bank transfornms the tinme-domain signal into an
alternating sequence of DCT and DST bl ocks. The inverse tnzm,%{,grlryggppl I es
the inverse DCT to every other block, and applies the inverse DST to the
ot her half of the blocks. As shown in Figures 15a-15d, the recovered signal
contains aliasing distortion. This distqrtion is cancelled during a
subsequent tinme-domain bl ock overl ap- add “process represented by box 116 in
Fi gure | b. The Cavatatichd adGer et ' | Scusse bel ow. |I. Synthesis W ndow
Fi gures 139311 i 1] ust a'?gr cgﬁgg rl$ga&.![ni%:(§:‘r1J azq‘ol@'l"}fe- ORfET techifquessds tipshemployed
over| ap-add Of 4] aCENPrM arersediis the invessegansfommppeemivcartient AlclRioh YEFoY
Princen, the RE&Fam DST weinglasimgie Feri asi ng distortion, the TDAC transform
requires the a ' ' of, ynt hesi s wi ndow i dentical to the analysis

wi ndow aggﬁn;%}érgzg%%d’&d d?a'g%' 'h\*ﬁéfﬂ*@ th 5enRform Penctss of te lanalgsisayy ath bspfIRE
100% 509danks.t Kbe akysis fites binikagbsforms the BR%dBMai heldacl QK.

Synt hesi s aid BEPWoRRIURLhARe 1Sd:ERr esent ed zt‘)lbQ%g{!mi(ll@\lxlh%gatﬁf"éfﬂ”%miBf.DCT
Anal ysi s-synt hesi s W ndow esﬁ&ﬁorﬁ‘nfd’!’heéd'i‘f'si"tj@fe PET taeevetyaother hlck, candmpplizs
Because bierinverse R¥gus therather hatioftthe bradksl als Shdwhein tFighRss AS4TP4N 1131603 reg LiDE

t ot al effeaﬁamgpgﬁsigé h;‘s@ﬁioger-,thg)sr B0GE iiss si@ll rrto the ef%(_act causeﬁ“af)y a
single window formed fromthe product ‘of*FHisd (djeng\a subsaanentime-gamain blochie
anal ysi s- SYFAPAY; RrOGE EraTesqated by homekl6finrRigurd . ATRO BRrias-RA0pBYesIRSAiHILRE @
sui t abl e peleeuct - w ndow representing a point-by-poi nt rrulgi plication of
the anal ysis and synthesis wi ndows. This design is highly constrained,
reducing flexibility in trading off the steepness of transition band
rolloff and the depth of stopbang gyﬁ,jh&qstm%o“ﬁs a result, filter _

per f or mance |sF.det rf?d-ﬁ? tlo a greatel extent than It is by an anal ysis-only
wi ndow desi gned 3UIP8 Hipteateanetiation of time=domain slimpingby the everlagddeof hjacelhi | €
anal ysi s tithexdiowin dignabsampeailocky] A3igahivad i | ' art.teaches, little
about  angl ¥piagr Syl hes] s wi ndongcpai rs.ﬁ%gldga?éoc%ﬂ%aﬁ'éégge%a& flissige fistogign.
derives a good alr;a VT Eequues e applicationy of aunthesisywindownidentikah covhe grubydis window

anal ysi s-a aa overldpsddyof. adjdbént Blocksy FAEEbI¥EK 9 oV¥ s sed as a
starting 4gigp ?qiyqeefo% W rb(ilog/s erm.t dﬁg??ﬁﬁ@@g@.}(q f{?)gér H’b@ﬁR'e\mo{’%b'@%d
sel ectivity, ang they of Fer’ o ng%{ﬁq?'f'ﬂ"ldla‘&déo‘iﬂfaﬂmsﬂse@pmeddfy boxamks in on
band r ol IEigfe dai nst depth of stopband rejection. Three exanples are the

Kai ser - Bessel au ) Dol ph- Chebyshev wi ndow, and a wi ndow derived from
finite Inpul sﬁ?ﬂ?ﬁ“@gf“f‘?dﬁ’e‘?&‘@“ shgensider Plierihank/penfermazoe. nBeclse . bofhee

Par ks andVifdowsears used to ‘morulhty sheetimd\igmizir sighd,| @8 it efDRUp6E Wirst | gi t al
Filters Wik ki " I.EEE Tr.an ircuit Teoky, vo[. @o%chﬁ\/grch
1972, pp. '%ygﬁfﬁéﬁﬁp%a%ﬁ?y R%E%ﬁ%W!"é%‘%Z‘EP‘ TOm dhe Araduetiof thedwewindews . Deésighugust
139-8 - 35%0f | Wakisreyatireds windew tphie, hermfies, df ﬁccmmtshan@dd@#gﬁmg a}snﬁ&r’we\\/’o&}lﬁh
choi ce ofwirlow fe e . wval ue, general rule, |ow al pha
val ues i WIr.(‘))v.e tﬁll fgggﬁ ?gﬁh{)%ﬂtw 3’9'?@05&5 "?Aﬁsﬁ'gly%ﬁ B sypthesie windowsr dise t he
depth of ragﬁ'%‘dbﬁ'ﬂﬂ'y CRsEeineds reduclogflenibility in traliigetf thA%Bnes ¥ tAAIGh B4R Wiiok" t he

range of add theidept) 6f stopband'fbid. | ref erred enbodj ment.. Thi's range
provi des “‘%H%QOE cor@{ﬂqn‘i1 seﬁgtet vve‘gel"nfI S uelgpfﬁtgs%erg’fmﬁnf%lﬁ egraded tp aregeatesextentiy  at
mi d- f r eqUEN&; LY gy anglygisonly window designed without this constraint. For example, see Figure 17.

While analysis windows have received much attention, the prior art teaches little about

analysis-synthesis window pairs. The technique described below derives a good analysis-synthesis

window pair from a known good analysis-window design. While any analysis window may be used

as a starting point, several windows permit design of a filter bank with good selectivity, and they offer

a means to trade off steepness of transition band rolloff against depth of stopband rejection. Three

examples are the Kaiser-Bessel window, the Dolph-Chebyshev window, and a window derived from

finite impulse filter coefficients using the Parks-McClellan method. See Parks and McClellan

"Chebyshev Approximation for Nonrecursive Digital Filters with Linear Phase,” JEEE Trans, Circuit

Theory, vol. CT-19, March 1972, pp. 189-94, Only the Kaiser-Bessel window is discussed here.
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= [ f the product-w ndow,
i t hi | Interval, N = desired length o
Wi thin w ndow'l%\e/?(ra!sgj?Bessel window function is

Lira,j1-(2-)? o
Wn) = J r.,[nalm | for0<n<nN (12)

where « = Kaiser-Bessel alpha factor,
n = window sample number,

N = window length in number of samples,” and

bt 2
Ll =Y %?_
A0

To satisfy the overlap-add criterié, an analysis-synthesis product-window WP(n) of length N
is derived by convolving window W(n) of length v+1 with a rectangular window of length N-v. The

value v is the window overlap-add interval. The overlap-add process cancels alias distortion and the

modulation effects of the analysis and synthesis windows. The convolution which derives the product

window is shown in equation 13, where the denominator of the expression scales the window such
that its maximum value approaches but does not exceed unity. This expression may be simplified to
that shown in equation 14. '

N-1
Y stk)-wW(n-k) .
WP(n) = X2 - for0<n< N (13)
Yo W)
k=0
N-y-1
Y Wn-k)
WP(n) = 22 for0<n<N
kZ_.;W(k)

(14)

where n = product-window sample number,



' [ = derived

= I nni ng wi ndow function of length v+ 1, WP(n) _

poduet Wrdow onath i and S0 "% vor 0 sl Soicpiansg e
lysis and synthesis w ndows shown in
?gii %g t he de?/i ved pr oduc;-w:c I’ldO\(I)V \5/\P§]n)< }VOV\%?ﬁ) A_a\r;\g(ﬁ EO\(ATS)S ) for 05n<N
[ . WA(n) = WP(n)" for = _

E(lagl)oec\tlvln\é(ralay\/\P( n§ ): deri \(/ed product - wi heﬁ)w (see Eqratlt?ﬂsoflst ﬁgd 14), WA(n)
or odact -wi ndov and p cpier W S U theNe. anal ysi s and synt hesi s
\IC/)\/ir ggg\?\rts-WacgogNI%Hﬁrﬁd Isneth oBthe praduasavindowh a  100% wi ndow overl ap, or an

' ff Aland S are each set to
o ot o el o oy g}aﬁ’a\e{)ﬁ!eﬁéglvgéhal ysi s and synthesis w ndows
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' ' en to be 63 E Wn-k) n
éj ftheor gsw t<I ég l\a;\l( ﬁbsrl ﬂskzcv}\z \r;dqig{\,‘\:lel f/\(?\)e = Kai ser-Bessel function o;dl ingt h
ar R sl 4 to 7. (17) J. Overlap-Add An
65, and the al pha flact @theiwise N t he range . (1] A a
diti [ [ dow design: the analysis a
addi tional requirenment is placed upon win ar .
' | t he anal ysi s-synt hesi s
o odUot - ndour 5yl MG A5 G in cheatontl] L6 apr deed bytabtigam ar o
g\r/g(rj:ﬁ:);)e gg‘%\ll"\é'gduvf’\g‘éfs]ﬁ’q?‘ém 1 thei ArpralsepowatiCrsieativafy. over | apaadd process is
: WP ' [ ffect t he apal ysis- an
usedht o C?\?\AP?WAWESZI I atidgmall r]Tﬁi S pri%'gg? s ?’epresent ed by box 11§135)n
lsé_ynt ES:E an&gﬁﬂ ﬁs‘#?@ﬁsed i n Figures fdf@a<lpg ASi gnal s ye(t) and y.,d ),
ecove JHereO WR i daetlwitily B le S5 PE ivel¥, are shown in Figures
rlgco;ﬁae%dreo (??sdiaﬁﬁdglﬁﬁ?s é‘}"oupeg |WP§'°ES ge?'lde’é of bl ocks. Each signal
a " — » . .
bl ock is nodul “b%"%ﬁ’ﬁ%WWWhem s

WS(n) = synthesis window,

N = length of the product-window, and
A+S=1,

In one embodiment, the analysis and synthésis windows have a length of 128 samples with a
100% window overlap, or an overlap interval of 64 samples. The values of A and § are each set to
one-half which produces a pair of identical analysis and synthesis windows as required by the TDAC

transform. Substituting these values into equation 14, the resulting analysis window is seen to be

63
Y. Wn-b
10

WA(n) = for0<san< N 17

64
- Y we
k=0

where W(n) = Kaiser-Bessel function of length 65, and the alpha factor is in the range 4 to 7.

J. Overlap-Add

An additional requirement is placed upon window design: the analysis and synthesis'windows

must be designed such that the analysis-synthesis product-window always sums to unity when two
adjacent product-windows are ovetlapped‘. This requirement is imposed because an overlap-add
process is used to cancel the time-domain effects of the analysis-

~ This process is represented by box 116 in Figure 1b, and illustrat
and y,(r), recovered from the inverse DCT and DST respectively,
Each signal is grouped into a series of blocks.

and synthesis-window modulation.
ed in Figures 16a-16g. Signals Y0

are shown in Figures 16a and 164,
Each signal block is modulated by the synthesis-



4 August 1998 -37 wi ndow functions shown in Figures 16b and 16e. The
resulting blocks of signals 9,(t) and Y,(t) are shown in fhg S@g%ggﬁc and
16f. The two signals, overlapped by one-half block |ength, ar

produce signal y(t), shown in Figure 16g. Signal y(t) is an accurate
reconstruction of the original input signal. As shown in Figure 18, a
signal sanple at sone tine not within tB&-overlap interval between block k

and bl ock t.ed by l e _in each of the two bl ocks.
Fol | owi ng ‘J;ﬁr?o{(‘)lvﬂg? lél‘% Qﬁ(ﬁ%‘ f ﬁg‘\rﬁemf" \)'15‘?l a%)"n dBeresuliing blosks aftsignale .oy axdetinairgnal
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bl ocks k t) = t 0
orics (ot fcrotgst 28 SRR ite: Siatludh o yene m,m.;‘,aﬁaaim
WAK( not) Inpltsignglsi s wi ndow in block k at time not, Wsk(not) = synt hesi s

d bI ' t t) d by th
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WPk(nt) + nt
overlap i r?f"@teflgg’ Bé'?‘lﬁé"@ﬁ bl?F’Efc’?@“l@ kdﬁdwlbicb@teylbeeﬂpresbed iss difficult to work
with the prodtm,r)\m MR PR -'i.LWpt %x@fv,)tl me, so it is desirable to

transl at re expr essed I'h_equation 19 into a functi d®of
wi ndow seWﬁeP(g \gﬁm WEA] "ész"d}ls BHAmDBugh 23 express this requirement

for a product -Wilmj) vee Mﬂﬁis&ﬁn@d@mm&ﬁk%ﬂﬂgﬁ% a pair of 128 sanple
anal ysi s and ﬁk’ﬂg ndows with 100% overl ap. Equation 20 represents
the ~overlap o TP 'h&r'\d°‘6ﬂnwpﬂ%wwwotamﬂthe | ast hal f of the

previ ous w ndoVANRA = WSEquﬁhg @@u.,’éa byruﬁpﬂfzﬁ@%;s Jrfje overlap of the last half
of w ndow WPk 'ﬁlpﬁroduc rsé}lﬂr& % the foll owng window WPk+, Equations
22 and 23 show ﬁf'vg?" R‘fi‘r"é@@f g sancefled df the sunf oftthetmm-ijamt prothicRdow.

Not t hawindows acros| da@wn v |1 th
R e e, TR 5

WPK +, ( for 64 5 n < 128 (21) ,(n+64))2 + (WAk(n))2 =1 for O
5n < 64 (22) WRGAKE WEB2,0t) EABK+, (n- 643,)025—,, <1Nf or 64 5n < 128 (23299)Where

Lo s AP U st ¢ ' o
k, and WAKk(nJtie d\f@u{tnp vk ity uhe prdduelwindew EOAGuACHSNSF @héN so it is desirable to
translate the requirement as expressed in equation 19 into a function of window sample number n.
Equations 20 through 23 express this requirement for a product-window created from the product of
a pair of 128 sample analysis and synthesis windows with 100% overlap. Equation 20 represents the
overlap of the first half of window WP, and the last half of the previous window WP, ,. Equation 21
represents the overlap of the last half of window WP, and the first half of the following window
WP,.,. Equations 22 and 23 show the equivalent expressions in terms of the analysis window. Note
that the analysis and synthesis windows must be identical for the TDAC transform.

WP, ,(n+64) + WP,(n) = for0 sn<64 (20)
WP,(n) + WP,,,(n-64) = 1 for 64 < n < 128 Q1)
(WAL (1+64))2 + (WA, (m)? = 1 for0 < n < 64 2)
‘ (WAMP + (WA, (164} = | ~ for64 < n < 128 23)

where WP,(n) = WA, (n)-WS,(n) = {WA ()},
WA (n) = analysis window value for sample n in block k&,
WS, (n) = synthesis window value for sample n in block &, and
WA(n) = WS,(n) as required by the TDAC transform.



4 August 1998 -38 K. Signal Qutput Box 117 in Figure |b represents a
conventional digital-to-anal og converter which generates @Aﬁgﬁgilggg vol t age
anal og signal In response to a digital input. The digital inptt is obtained
fromthe 16 nost significant bits of the 24-bit integer words produced by
t he overl ap-add process. The analog output should be filtered by a
| ow-pass filter with a passband bandw d8#h- of 15 kHz (20 kHz for the 20 kHz
coder) to renove. spurious high-frequency conponents. This filter is not
shown in Fi gurBemI b. 11. ALTERNATI VE. Sigwal| @epEVENTATI ON The TDAC transform
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di scussi on assunes a sanple rate of 48 kHz al though other rates 3uch ‘as
the 44.1 kHz sanple rate _di scussed above for the TDAC enbodi mrent may al so
be used. Figures 22a andI2ABTERNATIVE DFISIMPIEMENTATIONT a DFT enbodi nent .
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because Qfsheswege the DFT calcul ations, perfornmed with on
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e calculations, performed with only 16 significant bits of

accuracy, produce audible levels of noise due to cumulative round-off errors and an inability to

represent the required dynamic range. For further information on round-off noise accumulation in

FFT algorithms, see Prakash and Rao, "Fixed-Point Error Analysis of Radix-4 FFT," Signal

Processing 3, North-Holland Publishing Co., 1981, pp. 123-133. By expressing each signal sample

in block-floating-point form with a 4-bit exponent, the effective dynamic range of each transform
coefficient is increased.

‘ The block-floating-point encoder represented by box 2220 in Figure 22a‘irst finds the
magnitude of the largest sample in the digitized signal block. The number of left shifts required to
normalize this value is determined. The number of shifts, which will be in the range 0-13, establishes

the value of the master exponent MEXP. See Table II. Finally, all samples in the block are shifted



4 August 1998 -39 to the left an anount equal to the value of the naster
exponent. During decode, block-floating-point |inearizer ‘?%ag'ﬁi%w I n
Figure 22b shifts each sanple to the right an anmount equal to e nast er
exponent and the sanple block is derived fromits bl ock-fl oating-point
representation. The use of bl ock-floatifpg-point representation provides a
| ower noise floor for low level signal¥ because all sanples are left"
shifted ow theleAds amb\ht bd j decode, reducing the effects of
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LY t
char act ersignhli Snds‘gn&&]ﬁ fr re se of the coder renains Plf at .
The pr ee%@és(i s gain gtwépgg%'éeer@gbﬁ%(}i}sse r%'%'?%\rky A4Special, Rserphasis atenuatiow befefev en

by Qs) Quaptizing 3ad sormpppsated by 2 poStemplidsis BSsatter Jigioti 20 6hatog (3ersiothefg & S)
n

- nShaie| - = .and f_= | t frequency I
i ans) oo aendlon presontdd by bl 1239 ¥ s epostsrulsippmreposene

radi ans/%e(ri?.og S pree S
at t enuat i '911°% ?‘[&“ b @ryiderdi large regtaition it avdibihmbduuR REERT oW ReddBp"

cut of f f sigAaAl€NThe preenpBilistiha « - tqff frequency is 100, .~ For
further getails ol?l tm;pg use lg?grﬁsﬁlgis g’ﬁﬁﬁ%@?’éﬁﬁﬂﬁﬁé‘g@@ﬂgﬁra&c&éwc sopthat-  and
Post enphasi S aU§EY (FPefse Of she oqden reaing dlap\u The prReroghiasts painShstaabmstic is a 1gWdi O
Eng Soc. freqehcy @#@nuatiegioentgr 1985, pp. 649-657. The fol |l owi ng description
di scusses the differences between the DET and TDAC transform enbodi ments.
A. Processi ng Ggrdfar2rTHs ya@ncl0®r dwar e architecture of the DFT

embodi nent is the shnexal00tha(2x#3m0)t he TDAC transform enbodi ment, (4)
I[llustrated in Figures 2a and 2d. A practical inplenentation of a preferred
embodi meMherds Gi) & prg¢rephesisogwirel DFT coder, enploying either a 44.1 kHz or a
48 kHz sanpl ey Laf.e, utilizes a 16-bit ADC with a cycle time of no nore

than 20 mcr ose(i})rlidsdto guanti ze the input tine 4 August 1998
' = 4/-1, an

S = input frequency in radians/sec.

This preemphasis gain is a second order shelf with 19 dB attenuation at DC (0 Hz) and unity
gain at high frequencies. The upper cutoff frequency is 300 Hz and the lower cutoff frequency is 100

Hz. For further details on the use of pre- and postemphasis, see Fielder, "Pre- and Postemphasis

Techniques as Applied to Audio Recording Systems," J. Audio Eng, Soc,, vol. 33, September 1985
pp. 649-657. ’

The following description discusses the differences between the DFT and TDAC transform
embodiments.

A. Processing Hardware
The basic hardware architecture of the DFT embodiment is the same as that for the TDAC
m embodiment, illustrated in Figures 2a and 2d. A practical implementation of a preferred
embodiment of a single-channel DFT coder, employing either a 44.1 kHz or a 48 kHz sample rate,
utilizes a 16-bit ADC with a cycle time of no more than 20 microseconds to quantize the input time-

transfor,



-40- domain signal. Any of several 16-bit digital signal processors such as
the AT&T DSP-16 or Texas Instrunents TM5S32020 nay be used4gg%gg{hg&n1the
required conputations and to control the encode and decode processes.
Stati c RAM provi des program and data nmenory for the DSP. A 16-bit DAC wth
a cycle tine of no nore than 20 m croseconds is used to generate an anal og
signal fromthe decoded digital signat40Pesign of the coder hardware and

conf i gur atdomiin @fgnithen ' Jarts is not unlike that described above
for the TIPAC traggsf orn%%grs%g{ﬁil ?FIEEH{)&' S1EWH procesgors pueh auithe tATEANDSEG bi Tékaé N

the art. [UBNENHEMEI2020may rowaploiradomndle WalReMoRBuiond LAEH SR AR ONSH. | "°

i nput  si gamd decédedPrdceiibiat Kl enphasis gain prior to sarrp?l % Gfcode
quanti zat | iy 'ﬁglciti%h?hgw ‘8%’8311%% merpee fordhesRSE sA dG-bivAC

Wﬁ-@'akﬁ@e saml i ng
occurs at ® UL nguBase Hhae 80 wadrosesontly Rrasth® ghkrate 3RS T}% EH& fol) lhengt h
and are bddcbdedelipifandighal)l ocks 128 sanples in length. One B GekeaS rPm s v ed
every 2.67 ml LSI %c#%s, whi ch provides for a short propagation del ay
t hrough the codér ® 19det hardsarerandcdontiguraionof s DSP EdRNpGRNY G6t ;ﬁﬂk% B]tat(.l)_ a

[ . The

bl ock- f | odeséribgd plmive for HePTRAE RatdrA ' e 4-bi{ rmaster exponen
bl ock of 128 sanples, left shi ftédrébm;?H(gJHQrgh%"@n‘f'ﬂé’ﬁﬂ Yioys g0 ppeeskilled linwe aft. t he

mast er exponent, is then nodul ated by an anal ysis w ndow. This anal ysis
w ndow i s different from tBainputs§ighad %atibfne s er because of differences
bet ween the TDAGidhRaSfgl.MyaNd thgn D.F"II'. E&ﬁl‘?@gwﬁﬁgw{f‘éAC transform the DFT
creates a sequence of one tyfpat Hgnal is aenugedibipreephasingdin pricdne famipdhfack is
conpr i sed#itZ3iopaThe simpling irethe DFT 6Mmelt unfler dideaRRh QD 598! £ @!é"rn?': S-hUa.

[ S

pr 15 Shoniak oo b | Bl oeis +
O ) unaBAPANR trofle A g@gkﬁggﬁ.@%ﬁﬁr@%&éﬂw&m@s Poaisill p ||

an excep %‘g{ﬂ, rFEepr esent ed

0 1o | Bl foner ok tisesbed vy Bavwillesings) WnHRovifd Wi S3nb R Srop IR ]

I nput si dghredghme§@lder, bl ock overl ap because the ‘transmssion™r 2P detist a

st orage requi nt S@Id'ésal ?ta!zufbl ed for the signal sanples in the overlap

interval. Th esgdleck ofi sagplemisahan qoaveiteiine QUBIY! Q% overl ap .
daat?"g?{’lﬁ"?éﬂ"%?ﬁ‘t‘ﬁé TDAC

r equi r es usipomG-Hieinadidf i h it rate as that
coder. U%i%ke he TDAC W%S'f)‘w, ? ﬁ@cgﬁﬁ'%sﬁ'ﬂ » dsth siftedbyangaionntafyualng thg over

a. large TNt ErUGmasteriexpananyis thed waidnigted by ab baysisQvigddwaP | €ngth from 64 to 16

sanpl es. See Filijs aalyis winddivSs di ' deqgr.ades _the digital filter

st opband &rt‘?' %ei,@g Cygut i t ?Sn(?;g%gﬁg}r?gﬂﬁ%tr"é the TRAE godeq besaust opdilfgredots 3%

(128/ (125 %‘?) oVt {'Hﬁfm'aﬁnqth@DWDAUn&l@dmmmeraﬁaFonwh@WciréteﬂﬁQ%[.&,tced in

a nannerOfgjnmtmrofm@nﬁd?ﬁ‘ltbl&i(. té}@h JP@Q[&T&)%QII’T’EWI e Cept .that the Ker neel

Kai ser - Besgakold5likan S 17 sanplesin TENGTATPEFRY A dpaifpf yplpescfor each of

within the range  of ‘15 3l ¥alueeomperantiaidos itdgindh eakoa ofént AGESIHE ARl ©

al pha vl i@ SReeptiors trepresentaiby # sinfie r&R VRye fdnt gsst?ag@? scussed above for
i i Egse val Tes

t he TDAGhbdsaas; s ubstituting t It dyimpertanido 13
e ough oree EniRlo Yigf QM 1S teamoum A inoksieral mmplatiich aderap 88iday 50" ©

root of ‘[fnissionrateer datoddage4dquirements is doubled for the signal samples in the overlap interval

The D . - .
F'l‘_coder using an analysis window with 100% overlap requires approximately two times the

bit rate as that required by the TDAC coder.

Unli i i
lk? the TDAC window, the DFT window exhibits a gain of unity over a large interval
thereby reducing the block overlap length from 64 to 16 sam ’

ples. See Figure 23. Thi :
degrades the digital fi v T is reduction

Iter stopband rejection, but it incurs an increase in d

ata rate of only 14.
(128/(128-16)) over that of the TDAC coder. e

- The DFT window ig generated in a manner similar to that of the TDAC embodiment except
at iser- ion i
e kernel Kaiser-Bessel function is 17 samples in length and has an alpha factor within the range

of 1.5 to 3. i
0 3. See equation 12. The range of acceptable alpha values was determined in the same
manner as that discussed above for the TDAC transform windows.

Substituting these values into
equations 13 through 16, the analysis and synthesis windows are obtain

ed from the square root of the



convol uti on product of the Kaiser-Bessel wi ndow and a rectangul ar w ndow of
a length 112 (the block I|ength of 128 m nus the overl ap I@Qgg&tgb 46). The
DFT anal ysis window is WA(n) a ul Wn-k) A-o 16 EWk) k-0 for % n <N
(25) where Wn) = Kaiser-Bessel function of length 17, and the al pha factor
Is in the range 1.5 to 3. The DFT and TDAC anal ysis w ndows are shown in
Figure 23. As shown in Figure 24, the DRI wi ndow has poorer frequency

sel ecti vi toavblinon grétfact Up: Wale ecause of the reduced anount of overl ap.
C. Anal ysi S ‘Ei H grsr@,Bank&-Gﬁ@os%%\éépﬁ"r" g%“éf’ts‘rarﬁectwyamdqwadmm H2t(theblotl t er
bank and [88%% 1Bps the overfap Epkth of 163 XKe)DFIS{ndiysik wildb@is O 5 N < N(26) N-1
S(k) _ E x(n)si n[27rkE—n.l__f_n.L0 5 n< N(27) X-o N where k = frequency
coefficient nunber, L “} nput signal sanple nunmber, N = sanple bl ock

| ength, x(n) = antizg \f’é‘ﬁge of input signal x(t) at sanple it, C(k) =
real val ue or P cogffictrent forOamdk (&) = imagi nary val ue or si&a
coefficient k. D. Noreju wn Quanti zation The first three sections o he
nonuni form quanti zer Yark® simlar to the correspondi ng sections of the
nonuni form quanti zer for the TDAC coder. The major difference is that the
mast er exyereW(n) =SKalsd - BedtbIGakt | |.oat.i ng-pai nt encoder 2220 prior
to anal ysis Wﬁ?%\%ng gﬂ#f re%&g%.g?? %gkngj’r?ng%hrea?ﬂ’é’g 8?‘??&{% i3 the range hdto by
section fﬁ/\ﬁol‘mcﬁ % o8 0 ARt indowseare shown dn Bigure 281 As BRoWhABigaRISS, the

O her m winddvehs poser fedgBendy Seldc .di fferences in the

structur Q,fg{,eﬂtaae bl ock-f I oat *\g- pg?’%ytqmn?lé%)ﬁ%ég(r%lvt"g'w(?ﬁc,a“ﬁe.i.ﬁ‘,e regdyend Amgunt
exponent [engths, nunber and length of coefficients. Conpare Tables | and
1. The eval uation of subband exponents in the DFT coder is based on pairs
of transform

C. Analysis Filter Bank - Forward Transform
The DFT implements the filter bank and is expressed as

N-1

Ck) = .z.ojx(n)-cos[Zwk%] for0<nm< N (26)
N-1

Stk) = ?;x(n)-sin[zwk_"ﬁ] for0<n<N @7

where k = frequency coefficient number,

' n = input signal sample number,
N = sample block length,
x(n) = quantized value of input signal x(¢) at sample n,
C(k) = real value or cosine coefficient k, and

S(k) = imaginary value or sine coefficient k.

D. Nonuniform Quantization
The first three sections of the nonuniform quantizer are similar to the corresponding sections

of the nonuniform quantizer for the TDAC coder. The major difference is that the master exponent

is determined by block-floating-point encoder 2220 prior to analysis windowing and frequency-domain

transformation, and not by section two of .the nonuniform quantizer as is done in the TDAC coder

Other minor differences are attributable to the differences in the structure of the block-

r r dif floating-point
eipresentatlon, i.e., subband- exponent lengths, number and length of coefficients. Compare Tables
I and 1I.

The evaluation of subband exponents in the DFT coder is based on pairs of transform
coefficient values except for coefficient 0 (DC or 0 Hz) whose imaginary term is always zero and is

ignored. Each subband exponent value is determined from the largest component, real or imaginary



coefficient val ues except for coefficient O (DC or 0 Hz) whose imagi nary
termis always zero and is |gnored. Each subband exponent4y,%lgd§t li9§

determ ned fromthe | argest conponent, real or imaginary, 4 gust §998
-42- for any coefficient within the subband. The mininumbit |engths for
the DFT coder are greater than that for the TDAC coder because the DFT
filter frequency selectivity is poorer-4+this enbodinent. As for the TDAC
coder, th@r v A, i 1. t for the DFT coder were determ ned

enpiri Cal‘hé %%%ﬁiﬁ%‘ﬁgsupﬁﬁﬁt The, Brinimym Ait dangths for tedIFTsbaGikd dredeor thfd

audi tory es ‘H@Tgﬂgmé@@m:&smithsDFE.ﬁlté.dﬁ@m,Mfsg&hviﬁl i's%&f}tri .orbUThe )
adapt i ve-Ax¥ for &lel TISAE i ftg{]mgn@,g D@} coder. ditfers PromLhat W &gbadimentq
TDAC coder, but st of 1 he anyw kit dene §f‘é‘t‘&?rpﬂdﬁdermresdetmmwemplficdllbe

t r ansf or tHeB SER¥averppt 81 compasing fitehetectivigno adtitoryAhRkity PakiGick OF
al l ocation. Allocation is made to both conponents o¥ %/E'e reéflcl's'rragi nary
pair for each coefficient. To sinplify the allocation schene, no dynamc
bit allocations are made to codi.fAdnptivet Bid Allodatisn | €ngth is fixed equal to

i ts mini mum biThe hRp@ebitafo SRR, 2 qEﬁbcggﬁld}fgﬁT%ﬁLﬁéﬁamié 'gibzlércige?pbugm y

assi gned“;ogt z}g} c(g& ficients pairs. _.
the sanme nunbel® ferpieescstesy Gom theistradtire of the aamiogin bdek, %B'rﬁ)ﬂitgg'ttaﬁjerythﬁr%&?e as
many coderesesilible flCanaaeiae Hilovatioh E}ﬁ‘nag@puxg,m nuiber bilts € may”be
assi gned cdefrciay %)%gn rdis |imted to 2 Bl pgen erad-impginanyopdy faf ¢adcat i on
scheme assi gns as H@E' thcallacatipq scherge, o dywsinfic bit sifvtatiofs 4 ma@iho chéahities 00"
arrays, Wnienghis fissl gpatentisSERRe bi 1dnbthSR sﬁ&ln}"ntw a‘ﬁi ers. F. Formatting
The str ughighd tQHOE&‘?ﬁJie%[ matted data is-simlar o P Jhewsfore 32 bits arpAC
coder, and iapshotwn inoHhres 25 and 26. The principle differences
bet ween the DRToRtesintatthedIIAChedel Dideghly a2 r arise from
di f f er engppfoxintuediyGvidd! Rkl LoAL n?- poi %t ?%l%gat'%gregogﬁigf Thavafithio b assien g ¢
assi gne(éégig%%?(ponednts and ‘994 HEds, Conseanently, dhempdmurRabeber iof §it datlal) 6 | |,
it may any oderPord isdimived fo ks O WAk hewn | n  Figure 22a
produce&s%ggquqgglgwgﬁent bi%ﬁé 331 téﬁiﬁé?‘gfx%@c@ﬁ?q sc?*‘eé?ﬁasﬁg'lsﬁ matyd 32
‘bits for, adapti Vo istent Usifig, four”table OBRIER- the XTI asismpentichencaiies di2RoPasses
a 4-bit YHster exponent directly to fofmatter 2209 al ong path 2221. The
total length of all encoded data for a single channel is 432 bits. In
t wo- channel applications where data corruption is not a problem the
preferred formatting structure i SF.tHominagiagWwn in Figure 25. For two-channel
appli cat i ons ThéstrubtarCeF ion is of concern, an error correction
schene iir?Fpeceggar . A%&e@%%&sfﬁ"&aﬁF°e‘g‘f‘é's§'rf%9ﬁeTﬁAﬁiogdﬁreaxﬂﬁs shbva nost
critical dats a'lﬁ')r/?cﬁ elfie P”&F'Eletdif&rmstlerween(pﬁm@rmqn@gg;-!#gé Gldsto

L ) . . rm
ex ponenfarmatirisé fromaierées i thelbideR-ab S, ploing F,er channel ). ree
Reed- Sok%p&tsc%gzs ar e sufficient to 5rpoi ¥ Curfind the numbernfbits assigged toe
capacity to prof e@rsiym cosffigients.onal 18 bits. This extra capacity is split
equal | y bet wReferrinjao tPuBleql) af S ravi redundant protection for the
nmast er p?g?lg%gt bl &5 hin gﬁ é’c?ﬁt g?fnftg%/t ﬁﬁ]é ROPYnifRrmy quantizer ;2208i hawe i t s - of
transf or a'p €S ubband exponent bits, 331 transform coefficient bits, and 32 bits for

adaptive-bit allocation. Block-floating-point encoder 2220 passes a 4

formatter 2209 along path 2221. The total length of all encoded data

In two-channel applications where data corruption is not a problem, th
is that shown in Figure 25. k

-bit master exponent directly to
for a single channel is 432 bits.

e preferred formatting structure

For two- Ce . .
\ two-channel applications in which data corruption is of concern, an error correction
scheme i i i
§ necessary. A preferred structure is shown in Figure 26. The most critical data to protect

are the master exponents and coefficient exponents which com

Three Reed prise 138 bits (69 bits per channel).

-Sol . .
olomon codes are sufficient to protect these bits, providing the capacity to protect an

daditi . e
additional 18 bits. This extra capacity is split equally between the two channels to provide redundant

rotecti . .
protection for the master exponent (4 bits), protection for the three most-significant bits of transform



4 August 1998 -43- coefficient 0, and protection for the nost-significant
bit of the real and imaginary conponents of coefficient 1, ﬁé'lgs?%éé on of
the | owest frequency coefficients is desirable because the f\o requency
boost provided by postenphasis (see equation 24) nakes any errors in code
wor ds bel ow 300 Hz nore audi ble. Tables Master Subband Coefficient M ninmum
Exp Exp Exp Ln Nunbers Bit Ln MEXPO EXP3-3 bits' 0 5 bits' EXPI 1 EXP2 2
EXP3 3 XP MVEXPI EXP7 4 bits,.-, 7-8 5 bits EXP8 9-10
EXP9 11- Ee\ééaﬂfzf% %éﬁg-"%iwgmb?ﬂ‘gh%'i'gmﬁeamsbit BK e xed 7and SmagidFyl BonipOnedd o bi t s
EXP14 23-Pefficienty sProtetipg of BiRiséestIieqichey Ebibind s dliratio Sl fisds T Seoetcy

62

--------- boost provided by o i P19,46-54 ---- -
The TDAC Di, grete g Iﬁ’ee aa)’{nlgks g%?ﬂ%%%@d@@“’%a“&(%f’ﬁsi"E:FCE'MVOS(Sbqlowamjéz mbrezer o
for ever;}‘“ﬂ) ck. This is known a priori by the transform decoder,

therefore the DST exponent and code word for coefficient S(0) need not be
transmtted or stored. Table I Frequency Coefficients for TDAC Coder

Tables
Méster ' Subband Coefficient Minimum
Exp Exp Exp Ln Numbers Bit Ln
MEXP0 EXPO 3 bits* 0 its*
EXP1 1 > bl
EXP2 2
EXP3 3
EXP4 4
EXP5 5
EXP6 6
MEXP1 EXP7 4 bits + 7-8 i
EXP8 9-10 > ol
EXP9 11-12
EXP10 13-14 i
EXP11 15-16 bl
EXP12 - 17-18
EXP13 19-22° i
EXP14 23-26 3 bies
EXP15 27-30
EXP16 31-34
EXP17 35-38
----- EXP18 3945 2 bits
20 kHz EXP19 o -4.6-5-4 ------------
Only EXP20 55-62

The TDAC Discrete Sine Transform produces a coefficient S(0) value of zero for every block. This

14 ef

Table I
- Frequency Coefficients for TDAC Coder



4 August 1998 -44- Master SubbandCoeffici ent M ni mum ExpExp Exp LnNunbersBit
Lri MEXP 4 bits 011 bits" EXPOG3 bits EXP119 bits EXP22 EXP%}ZPEXPA@QEXPSSS
bits EXP66 EXP74 bits7-86 bits EXP89-10 EXP911-12 EXPI O13- =i
EXP1115-16 EXP1217-18 EXP1319-20 21-222 bits EXP 1423-26 EXP1527-30
EXP1631- 34 EXP1735-40 Each transformcoefficient is a conplex nunber with a
real and an imagi nary conponent. The -ffnimumbit | ength val ues shown are
for each conponent. " The imagi nary conmponent of coefficient 0 is always

zero. This is knownpgg@riori by ghe transform, decoder; therefore, only the
real conponent of cogfficie Osgﬁgbé'ééqlilg?transﬂqefﬁcgﬂt or stMinitaum Table 11

ser - BOWERPS Tr ansi tBigkn'Band St opband

Frequency Coefficients far Coder
Utimate Al pha FactorRol |l off (Hz/dB)Rejection (dB) 425-89
MEXP 4 bits

EXP1 1 9 bits
EXP2 2
EXP3 3
EXP4 4
EXP5 5 .
EXP6 p 8 bits
EXP7 4 bits 7-8 6 bi
EXPS 910 bits
EXP10 112

13-14 4 bi
EXPi11 . 15-16 bits
EXP12 17-18
EXP13 19-20

21-22 2 bi
EXP14 23-26 bits
EXP15 27-30
EXP16 - 31-34
EXP17 ' 35-40

.
.E.ach traljsform coefficient is a complex number with a real and an imaginary component. The
minimum bit length values shown are for each component.

** The imaginary component of coefficient 0 is alwa is i
: ys zero. This is known a priori by the transform
decoder; therefore, only the real component of coefficient 0 need be transmitted or s¥ored.

Table 11
Frequency Coefficients for DFT Coder

Kaiser-Bessel Transition Band Stopband Ultimate
Alpha Factor Rolloff (Hz/dB) Rejection (dB)
4 25 -89
5 27.5 -99
6 31 -111
7 - 33 _ -122
Table III

- Frequency Response Characteristics
for Derived Analysis Windows



527.5-99 631-111 7 33-122 Table |1l Frequency Response Characteristics for
Derived Anal ysis Wndows 4 August 1998 -45 CLAIMS: 1. An qn&gg{ggléﬁ t he
encodi ng of audio information conprising signal sanples, sai encoder
conprising nmeans for receiving said signal sanples, subband neans,

I ncl udi ng adaptive bit allocation neans, for generating subband signals in
- response to said signal sanples, wher erfi®-sai d adaptive bit allocation
nmeans allocates an adaptive nunber of bits to represent a portion of said
subband_signals, and wherein a portion of said subband signals is
represétAMSby an Invariant nunber of -bits, and formatting means for
assenbl i ng di ¢gj AglenédabOf: | ohh lJadi g .sal d.subband. si.gnals Into a

di gi tal %ng onﬂé{.i nqg a ﬁ?dng’gbogﬂl&tog%}‘@gf%&"ﬁ'a"ng?ﬂ’%rksfnans'%}a?ﬁ'ﬁ?'?gé?'d
wherein Sard for Mg neans pl aces said portion of subband signals
represented by an™pansderireceiving saisksigraf saniples, i nt o one or nore

pre-establ i shed posibbinantedns,tifdiodiny ddaptiR vif allocaBb mBird fdp! e:?elﬂ%tﬂzms' bgind !
encoder accor gy ; | ' id formatflng neans. pla &e %agfid
portion of sy dl}gn'hqgﬁgﬁ%{qg Jsraygﬁé@eg?@p}sbwg'ﬁ'“i% a‘?‘qgﬂ?‘l‘fe 'i’fhﬂ'g’é tieh meanss i nt o
adj acent posi T TON 0 q9ptive numbgr of bitsto represans acnaction of séid subbisad signalslisng Of
audi o i nf or menvhesein e@epionof sajd sitgaad sigaaipis egpresdmbdiby B MVSHRINt AGHBY: bFbIRY TEaNs
for receivingndai d signal sanples, subband neans, |ncluding adaptive bit

al l ocation means, ¢ %mg‘eneratigog subba},nd .signals In response to said
signal sanpl es, wher el osaea ot ptsperablng (digiel ifarmation insluding sdid subliaed an
adapt i ve nunifignalstintg e cdigitsl outpue deving @ foomat suiablé foRitdnshieaian Gr SétRgy, s, and
wher ei n a porwherein ofid Fernatting Haeting placed sdid pé g an lnvariant
number of bi tahinvafiii &%Mftdatp%t%p?;ﬁér Lor "%“Z’%‘E%@ﬁg’%g‘ ?%?%.repfeﬁf'ﬁ?‘ﬁhi'i on -

i ncl udi ng Saisgidsét'l?ﬁf‘nd signals I nto o a drgreestabihed Rpsitons; wighin,a frgmaef
suitabl e for transm S8y or storage, wherein said formatting neans pl aces
said portion of subband signals represented by an Invariant nunber of bits
into adj acent2. pasintodenacosrdiny fb dail’ AWherdh s3 Hmdidto! Rlantid24! said portion

of subband signals represented by an invariant number of bits into-adjacent positions within
said frame.

3. An encoder for the encoding of audio information comprising signal samples, said
encoder comprising

means for receiving said'signal samples,

subband means, including adaptive bit allocation means, for generating subband
signals in response to said signal samples, wherein said adaptive bit allocation means
allocates an adaptive number of bits to represent a portion of said subband signals, and
wt;erein a portion of said subband signals is represented by an invariant number of bits,
an

formatting means for assembling digital information - including said subband
signals into a digital output having a format suitable for Mnshlssion or storage,
wherein said formatting means places said portion of subband signals represented by
an invariant number of bits into adjacent positions within a frame of said digital output.

4. An encoder according to claim 1 throdgh 3 wherein said formatting means
_ assembles said digital information such that said portion of subband signals represented by an |

invariant number of bits Is placed ahead of other portions of said subband signals within said |
frame.

6. An encoder according to any one of claims 1 through 4 wherein said subband.
signals comprise scaling factors and scaled values, and wherein sald portion of subband signals



4. An encoder according to claim1 through 3 wherein said formatti ng nmeans
assenbles said digital Information such that said portion4qdugisbbzogd
signals represented by an Invariant nunber of bits is placed ahead of

ot her portions of said subband signals wthin said frame. B. An encoder
according to any one of clainms 1 througlg-4 wherein said subband . signals
conprise scaling factors and scal ed val ues, and wherein said pardon of
subband signals 4 August 1998 -46 to which an adaptive nunber of bits Is
al l ocated conprises at |east a portion of said scaled values. 6. An
encoder aCaAicH anGadbstive h +.Ci. 3] hr augh wher ei n sai d sqbband

si gnal s Q{hmfi se scgl i ng“?gﬁ?gé'tss Izkiraﬁ' Q%ée;dl %’(T p\'}'ﬁ%uﬁg‘,’ashﬁc?%f’é'rgi §ids sGated
portion of subband signals represented by an invariant nunber of bits
constitutes said scaling factors. 7. A decoder of a formatted signa

conpri si ng suBbancensodsgnakcordifgits! ad@ e &t claichi® TPIkcigh t.tin ans
for obt agignaldcangried sdafly @btorBnd Sw?&)%n%;;j%;@ege;{oz}g gssgﬁ{egwﬂé § ﬁbaﬂﬁ .

| nvari an bits fromone or Patieniofybband sigsalai t hi n
a fr am&ggg%?%bf%'r'%wgwuﬁrpﬁh%ﬂ bits capstityses asist sshlinorfactersi d portion of

subband signals represented by an adaptive nunber of bits fromsaid
formatted si ghalA decoder 2f & Ubhwid . rating.signal .sanples in
responsegnfprismgd portion of subbaﬁaﬁgﬁg{pgg&;}ug@%ﬁt E'ﬂ"%ﬁl ﬁﬂ‘fi‘f?ﬁmant
nunber of bits and §ai d ,Rortion of subband signals represented by an
adaptive number. dieT¥maLing means fon abtaining aerivinrag saidisdbtRing BRnals HPdsBRted 8- A
decoder accor®t sy inveriaot aumbet Mtﬁftﬁ%%r%@rﬁé&ggﬁ%ﬂe‘?ﬁ}ﬁi obt gl ns_sai d
portion of sukdawnef Sél&ﬁ@in%t(eﬁp{ii&??ngngdfobxgb n.invariant nunper o2 from
adj acent posir%é{gggmd\gthig sai d frame. 9. PAWNE: 5¥ Popion0f sbband slwnals gnal
conpri si ng subband si gral Sartva numberat btk from sajd formsttedysigref,or mat t i ng neans
for obtaining a pdter8nsubhanthimass iidvapehesiian alghalr SRS Flpotd¥ @ said

i nvari ant nurdoetionaf sbbland EigRsT: RipFesthte ' osi.tions wthin a frame
of said for ralsbtnd LigRM rep| Q%tgdsg ablg;sB ?'ﬁﬁbﬁﬁ?%@%%i’"f 8" sAGPHEPR | on of
subband si gnal s re¥re ent ed by an Ihrapiveumkenafbits.omdbi ts, the position
within said frame "0 a'oh8pdingfaidsfangtsamplesbband si gnal s represented by an
adaptive nunmber of bits, and for obtaining said portion of subband signals
represent ed 8By Anlecudiepabdordi iRfy bits. fromsaid formatted signal,

i nverse pﬁHBh%@uﬁ%ﬁ&@i ol e%ggé) %g,"ﬂg g*hts%é sag%u?%ﬁ’&atﬁﬂg (RESPS Pbtainsosaidyi d
portion’ of suP(Pan st gnar LPrespated by @a invagang number of ibits fromuadiezentodostiohs and
sai d poMfithinpald frame. o

9. A decoder of a formatted signal comprising subband signals, said decodér
comprising . h
deformatting means for obtaining a portion of said subband signals represented
by an invariant number of bits from one or more adjacent positions within a frame o'f
said formatted signal, for establishing, in response to said portion of subband signals
represented by an invariant number of bits, the position within sald frame of a portion
of said subband signals represented by an adaptive number of bits, and for obtalning
said portion of subband signals represented by an adaptive number of bits from said
formatted signal,
inverse subband means for generating signal samples in response to said
portion of subband ;ignals represented by an invariant number of bits and said portion
of subband signals represented by an adaptive ndmber of bits, and
means for sending sald signal samples.

10. A decoder according to claim 7 through 9 wherein said deformatting means obtains
sald portion of subband signals represented by an invariant number of bits from positions
within said frame which are ahead of othe_r portions of sald subband signals within said frame.



of subband signals represented by an adaptive nunber of bits, and nmeans for
sendi ng said signal sanples. 10. A decoder according to clsgAfguét {9ggough 9
wherein said deformatti ng neans obtains said portion of subband signals
represented by an invariant nunber of bits frompositions wthin said
frame which are ahead of other portionsg9f said subband signals within said
frame. 4 August 1998 -47 11.; A decoder according to any one of clains 7

t hrough 10 wherein said subband signals conprise scaling factors and

scal ed val ues iLn said portion qf S| I I nted by
an adaptive ntu1ﬁba'(erge%4a${)§?°§'di"3nﬁgr, "gegnea?f gg‘gf}) gﬁ P rh t*l(gr?@‘c??ems %ﬁﬁg sg%gapéd

val ues. Signalsgompezestralingfactosssnd gcaled vaiues.and virereln saidRortion of syhband slanalker ei n
sai d sulrkenesentesi ymn slaptiveiumder of bith corgprsas drdeast aportioc af said saledaaluesind
wherein said portion of subband signals represented by an invariant nunber

of bits const] es said scaling factors.  13. encoder, fqQr the encqdin
O Buds -1 nt ol el asRraina g ang e a2 ool 1Y avnentlh SO SHBRRG,
means f cienalsceomprisgyseatinaifactotgraall ssalerhvalues, andbidwrein saishprrtiéroef sybbandasignalg, | n

I esSpons arepres@aédibysirgnvdriafertrlbeSof bite RBANIRItesS il @bmg¥setYsi Si NG scal i ng
factors and associ ated scal ed val ues, and formatting nmeans for assenbling

digital i nfoaﬁat | on igcl uding said subband signals into a digital output
having a for mit' ‘SLPIRAYHOF Kie eppodingrefaudiginfgrmasiop comerising yianab sameles. gaid

f or mat t i godRELATPARInces said scaling factors into adjacent positions within
a frame of said digednslforreédiity saitfsigndsdaipfeeder for the encoding of audio

I nformati on conpri §j | gnal, sanpl es, said encoder, conprisin ans .for
recei ving said si g%lgpg’sd;wg‘f"ésf?r §g'g°6%fﬁ'8' ﬁb%?ﬁ@"ﬁ%rm gé'ﬂeé%{ﬂoﬁﬂ',‘p'?% supaNgnse t o
sai d signal sHfHsLoOmpesing sealing tarigraand asenciatddsicaled valugsi angl f act or s and

asfsoci at ed scal ed fomhatieg naafk F6r s88bMbING ?i@?d_ﬂﬁnfﬁﬁ{aﬂgéﬁﬁiﬂ&ﬂdw?i@ié{lb?}a%_

i nformation i sai .S .signal s, i a, di gi tal output having a
format sui tabf]&{a%‘rn raanbﬁﬁls&s%gr}grmgt%? fs‘%eﬁgrgrnt%éﬁ“lfs‘f’ﬁr‘ﬁaftﬁ‘ﬂ@ means
pl aces said svg?fr"ﬁgalf’éewmwimﬂaes Blaeeshaidaaliag fecgors inte adjndeotipasitipns withions

wi thin a franeframe obsald digige! badpuout put . 16. An encoder according to claim 14
wherein said formatti ng neans places said scaling factors into adjacent

ositions wt i ' . 16. .. An_encoder accordi to claim13 through
26 wher ei n ga?%ngég‘t%ﬁyﬁe@ﬁsem ?Fe?fa?‘fg(é% '§f?68§f?a °_§T"§H§'I‘% s'&%ﬁ?ﬁ“@'f’ﬁg‘a@ne gr
nore bl o¥1e8 %I@E‘Bﬁﬁ% val ues, each block conprising one or nore scal ed
val ues associ at ed mears far reedyhgrsald/sigrat sdoapteg, f act or. 17. An encoder
according to clai ngubBadd ittt ol Jetidtatiddl T Fébohss 4B RN sigff R8mples, subband
signals comprising scaling factors and associated scaled values, and
fonngtﬁng means for assembling digital information including said subband
signals into a digital output having a format suitable for transmission or storage,
wherein sald formatting means places said scaling factors into one or more pre-
established positions within a frame of said digital output.

16. An encoder according to claim 14 wherein said formatting means places said
scaling factors into adjacent positions within said frame.

16. An encoder according to claim 13 through 15 wherein sald subband means
generates subband signals comprising one or more blocks of scaled values, each block
comprising one or more scaled values assoclated with a respective scaling factor.

) 17. An encoder according to claim 13 through 15 wherein said subband means
- . generates subband signals comprising two or more sets of respective blocks of scaled values,

whereln a respective block of scaled values In each set is associated with a respective common
scaling factor.



gener ates subband signals conprising two or nore sets of respective bl ocks
of scaled values, wherein a respective block of scaled vaj Ngsst foggach set
is associated with a respective cormmon scaling factor. 4 August 1998 -48
18. An encoder according to claim 13 through 15 wherein said subband nmeans
gener ates subband signals conprising t+48-or nore sets of respective scal ed
val ues, wherein a respective scaled value in each set is associated with a
respective conmon scaling factor. 19. An encoder according to any one of
clainms 13 thrgugh 18 wherein said subband neans generates subband signals
repr esent ed 'R Ang eReaderneccptslingt tof ckim 13hdwaigh thiwhessiralshid gsubbaat Mesnsal €
expone nusf;)%f’is SdbahdssigratsCoonrisiRg tvad 6r mtsieﬁ'a%]?espg&%vte{%@al@d“mgf whRGGA :?g : ng to
any onereipediivé n.sai ormattin neans assenbl es
said digital i'nﬁerd %%*%Qﬁgﬁé? ﬁ%gt%géggﬂ"?n‘% %?@P{S‘Fes‘:%}"@g‘m"%‘éda%ead of said
scal ed values within said framne. 21. A decoder of a formatted signal

i ncl udi ng subBaf®l eacagar pecorsingptoi aniy e ot alalmsg13 tacigh’ §8 ARGremCRldERbNRAIGUES,

sai d deoesms gaerapesi Subband) gyl tdsbrgtedTHA . Y i.d subband

si gnal ngagbfpme&mdggtssﬂhqaig%@j:ﬁp\%l fact o??"%{rag’rr&g{ijfé}c'@%{"?%%‘éi‘P'Judoﬁ% Within a
frame of said formatted signal . Py e8CMM™EHPng in response to said
scaling factors the position within said frane of said scal ed val ues

represent ed BY- Ahencedertdcomdingnieny afe diiclaims &3 ehrbMghOMY Rhéthil$aid tbrrhaitid! €0
val ues fmeans asserhbles Eiim&tﬁﬂinﬁnﬂgkﬁ;gsdgﬁ\fﬁ{tssga@ﬁgfg%ﬁ% %?3’%2?& gﬁeaﬂgﬂer ating

si gnal gaa! L O se to sal erive , f8%ns for
sendi ng sal cﬁ@?%ﬁgﬁ'ﬁggﬁgfa&f 22. A decoder of a formatted signal including
subband signals conprising scaling factors and scal ed. val ues, said

decoder conp21.sAndpcdddrosfMRifbrinatted BRI MOLAIAE LdiaRd S@HaR Subband si g”f’” s by
re pre-

obt ai ni fa ' ' rs_from.qne or. no rLINaE, CYITRISIAR SO t i ons
Wi t h: nI agﬁ‘ofa?rrrg %?a%glgesf (%?%%to?é%f COTPHI™ and by obtaining siai d scgl el:l |

val ues from sai d Jeo"matingmeans, fier) deriving s9id eubbatd sigoals1By obtainbg sgiNRElMgi Ng

si gnal sanpl @torsnfram agiscene poskicRaivalthirrle fraie df kP RARS SHIAL, By e@ggns&ﬁ. ns for
sendi ng sai dngespoade HadERS K3k r.di to,claim rein
sai d def or mag !ie%téaawsn Qht %‘igﬁfgmgéi tgg.sg%g{ni ‘giél%?g%'? g‘gg“’f%ﬂ}géaﬁ'%wes :
positions Wi t@e sal d f7aneruve pumberof bitgeand by abtgining sald sselgd valgds fromough 23
wher ei n sai d*2fe'PBPIEEOiSIgNdl means  obt ai ns subband signal s conprising one or
nor e. bl ocks of sdaversh wabtaRs ,m&as FoP lgesdfa .5 re scal ed

val ues assocdefit@sudbidy gg,{ag'sgll%:t [ V(oa sgcal itg‘gngfwadgt? 3?&"69% r%poHPe o 36

means for sending said signal samples.

22. A decoder of a formatted signal including subband signals comprising scaling
factors and scaled values, said decoder comprising
deformatting means for deriving said subband signals by obtaining said scaling .
.factors from one or more pre-established positions within a frame of said fbrmatted
.slqnal and by obtaining said scaled values from said formatted signal,

inverse subband means for generating signal samples in response to said
derived subband signals, and '

means for sending said signal samples.

. 23. A decoder according to claim 22 wherein said deformatting means obtains said
scaling factors from adjacent positions within said frame. -

24. A decoder according to claim 21 through 23 wherein said deformatting means
subband signals comprising one or more blocks of scaled values, each block comprising
one or more scaled values associated with a respective scaling factor.

obtains



4 August 1998 -49 25. A decoder according to claim 21 through 23 wherein
said deformatting neans obtains subband signals conpri si ngaiWe pdogmor e
sets of respective bl ocks of scaled values, wherein a respective block of
scal ed values in each set is associated with a respective common scaling
factor. 26. A decoder according to cl at4821 through 23 wherein said
deformatti ng neans obtains subband signals conprising two or nore sets of
respective scal ed val ues, wherein a respective scaled value in each set is
associated with a respective common scaling factor. 27. A decoder according
to any one of 4 & 26 wherejn said deformatting neans obtains
subband sjgnal s a%%%ﬁé%%%ng ? lIa'(')"a? :i n'é'?t@\ hg 51l saif cdeformatsiag anesasl i ng
factors ar "é%(f)‘i?h%’ﬁ{ gonaly cumprising ctyocer mere sets ofresnestivei saks . of 28aled\valgsspder

accor di ngvheseia ayespeasiveblock af stmled Malubs iaWwgth 7 isM3Schidd Wi Qr&séaaggr%.wpg,g
nmeans obtsgaling feqted scaling factors from positions ahead of said scaled
values within said frane. 29. A use for a nediumcarrying digital
i nformation representing signals assenbled into frames, wherein a portion
of said ;L gnal4®- 4y deqodeyr acserdingdtobglaion21 nivaughad whierdhte kai® deRinhdtiag thedns
portion obtainsi subbingnsigralsadaenprising w6 Hr ' r.of bits

0 20 oy MordNoud of Racile WIRF Ly el

wher ei N $edp@ctive skl WaideSR k& n i.nvarian i
located in one or nore °§$é’%§%ﬁf‘?§%&‘ YY1 4 fegpestive,zomimen sealingsfaeton i ve

frame. 30. A uyse for a mediumcarrying digital information representing
signal s assentf’ef) defrder ageoedingsto anh eneoftiamPRT thréUgh o hdréin Skid G@#oﬁna%@
r epr esenmwdnd pbaims subBbarida Bigndls! FRéseRied i t K rtion of sajd signals
are repr esedt e eWod%nééaJn)ﬁisFQ s@ér:;)r?‘?:r? %?fambiafg@ﬂﬂg?igﬁo?ﬁg‘aivah_eb'talp 158idscaling

e

represented by an I nvarrant nu pantiss@sy ocated in one or nore

adj acent posi tgiﬁons wWithin a respective frane. 31. A use for a nedium
carrying di gi 284A dedodenmtcomingrte phe 6886 ciinsS? D Sehlieda i nto  frames,
wherei n ewack sﬁatgiaalss;da,;&u,{qegrcﬁg@.Iog,dp#) tioscagi agg @g?? ors é{ﬁg“'%ggfﬁré?aﬁ'@d
scal ed va.%,,Hg{s, wherein sal d scal i ng"tactorseedrf sat acaled valuesnwithin seidr e
pre-established positions within a respective frane. 32. A use for a

medi um carrying digital information representing signals assenbled into
frames, wher e2% A asedfosa gilum dr&ingIYiEERIAMSH; aling.factors and

associ at Remeés; WHRRINVApsiSn of m‘?r Y Qedgi d sc"gﬂq'f)ﬁéep?e%g?thwgs'gd\a FErmbeddnton one
or nore gdiacept nositions i RPAS e Jenresepted &Y an invadant. number of bits and a

signals are represented by a varying number of bits, wherein said portion
representred by an invariant number of bits is located in one or m

! ore pre-established positio
- within a respective frame. i "

f 30. A E:se for a medium carrying digital information representing signals assembled into
rames, whereln_ a portion of said signals are represented by an invariant number of bits and a |
;portion of said signals are represented by a varying number of bits, wherein said portion

representred by an invariant number of bits is loca ' '
ted in one or more adjacent i i
a respective frame. ‘ postiens witin

31. A use for a medium carrying digital information representing signals éssembled into

wherein said signals are represented by scaling factors and associated scaled values,
wherein said scaling factors are located in one or more
respective frame.

: frames,

pre-established positions within a

32'.1 A use for a medium carrying digital information representing signals assembled into
wherein sald signals are represented by scaling factors and associated scaled values,

wherein said scaling factors are located in one 1
; . or more adjacent positi
» . j positions within a respective

frames,



