-1- DESCRIPTION CODED SIGNAL FORMATTING FOR ENCODER AND DECODER OF
HIGH-QUALITY AUDIO Technical Field The invention relates in general to the high-quality low bit-rate
digital signal processing of audio signals, such as music signals. More patrticularly, the invention
relates to the formatting and deformatting of encoded signals representing audio signals. Background
Art INTRODUCTION Transform coding of high-quality signals in the prior art have used long signal
sample block lengths to achieve low bit-rate codingiwithout creating objectionable audible distortion.
For example, a transform coder disclosed in EP 0 251 028 uses a block length of 1024 samples. Long
block lengths have been necessary becaus&EASRIFHIGRs degrade transform coder selectivity. Filter
selectivity is critical because tran@mgm&mmgﬂmﬁmtﬁgﬁmnk selectivity can exploit
psychoacoustic masking plRsH ) irements without
degrading the subjective quality’o K lengths suffer from two
problems: (1) audible distortion of signals with Iarge transients caused by the temporal spreading of
the transient's effects throughout the transfoffeciiak Faeid (2) excessive propagation delay of the
signal through thﬁa@@%ﬁii&ﬂ AR QRN RECEE S REEY A% SIS dIRaCRIGFRRRIng deleys are

too great for a tions such as broadcast audio where a speaker must monitor his own-voice. A
delay in Vglgéo '&aisacﬁ?cgaﬁ%‘ésé“eﬂ%'ﬁféssp}g@@npﬁfé‘i‘ﬂﬁﬂ%ﬁm‘é%‘t% 1818y 1 ke ferpaainge. The
backgrouridfermittidiseliewedeh sigozls detaiemitgeddibosigmgsBackground 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 m . ed over communication channels with lower
bandwidth, or stored in less space. With reseER@DEIGITEOtEchniques, minimal informational
requirements arersmmrasmﬁ»gvmagmm w@a{x hilEe GHIP BERS. Mltﬁg mh}n gfiction of

bit require ?Pégﬁé (1), A signal of bandwidth W may be accurately represented asereso samples

taken at a pahirseLug Qﬁéﬁtﬁcwn%ﬁf@%‘&ﬁ@ﬁﬂ%ﬂ%%%lgm ﬁ@"}ﬁ‘fé d'%“‘“?‘ﬁé’ré?%"ré“&‘g!@nal T
seconds i temgltrwithder Daridseitliin IR ¢Q6 11023 wkdaddocR 1edgtilon LiRbesngfi eaampleshiotidesirate
representatonbden fLRRHZAHON ' SNl amPIE s MDIC R R ASTUMA RNV:QT araeRtinuaHS:, ange of

values mtroduce inaccuracies in the representation of the signal which are” proportional to the
quantizing SHS3! STSEHEE B ﬁ’gncofdﬁ%s‘éf'mégéﬂ?ﬁﬁﬁggtﬁ?é’%Iéﬁecﬁﬁé’iﬁtf‘fﬁt?ﬁﬁl@i‘réﬁﬂ?ﬁﬁé’é'ét‘érrors are
inversely prasingiori@kttiestd murabseaingits redmiidiiteato rapiesentsthilgigniesalinp b cubjetiation. If
coding techiaistyes @gecmligg,gp the full bandwidth, all quantizing errors, which manifest themselves
as noise, are spr&adc:eunlfor %ro S theg% idth. Technigues which may be applied to selected
portions of the spec rdrﬁsm§n o SSped At ?éﬁ’d“o‘f”&})a{ﬂ Ry A0i2udivls JRAEHRR ofeteifgues,
subband citfinlrandransiests reausatlivig e gedipeub secaniigio bt anthGrothigtets 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 serious 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. Wlth respect to digital techniques, minimal infurmational
requirements are synonymous with minimal binary bit requirements.
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.



"Frequency Domain Coding of Speech," IEEE Trans. on Acoust., Speech Signal Proc., vol. ASSP- 27,
October, 1979, pp. 512-30. By using subband coding or transform coding, quantizing errors can be
reduced in particular frequency bands where quantizing noise is especially objectionable by
guantizing that band with a smaller step size. Subband coding may be implemented by a bank of
digital bandpass filters. Transform coding may be implemented by any of several time-domain to
frequency-domain transforms which simulate a bapk of digital bandpass filters. Although transforms
are easier to implement and require less computational power and hardware than digital filters, they
have less design flexibihgysfetheaseiges Thatwadh bahdphss filies ‘fredurRaCmbirgiapsesented by a
transform coefficient has syunifaumvQanawiits By siiasteA Rank:h digital bandpass filters can be
designed to have different su&ﬁ nd bandwidths. Transform coefficients can, however, be grouped
together to define "subbands PRGOS SRR S Y HA AL LS PRes Ay 0 frh BRSO efficient
bandwidth. The term "saiisbafidaliss iisteetnescimatiendos dfendopetsstadopastionsighineiriaksignal
bandwidth, whether inaigataBiatdIhesHiRARCERYRE OF FLAIRRMHERESH TS eI is ysed in this

manner because, as di%gut?s d by Tribglet and Crochiere, the mathematical basis o subband coders

and transform coders dré  interchangeantd; thePefSrd IHERIRE RIMGHM desharavpbes et capable
of duplicating each otHilakie i krpreseat trepigrricratesl coyutraizsfiorm coder is defined by a set of one or

more adjacent tiaasdRgedARKIGIBRIS I RHAB A DR T PANGWIA ! & Rnglarm coder frequency
bin depe%ﬁly on he cader's sampling rate and the number of samples’in each S|gna{1l sample block
o of el

(the transform leng )"._o‘\sﬁb%rleef%ﬁ SO S LRSI Tretmiptetisfiict sray sprmslicdandpass
filters are®FalRfeH Hogtionsichitie thectvamnam limietef snebloairrdreatief gystdring Ibeisauspriheycatiect the
amount akchignesjeakagaibeswnensyhhabdam ThifiEst indhedandyigivoiilig ragiops.halyeen the
filter passgggﬁj S (the transiti ands). The second is the attenuation level in the
stopbands. As %%gﬁﬂggi#}%ﬁg%iégﬁcri’o AV Rl trRsE e SifEARE N YA s ponse
curve within Q5B KSRt BERHY (Bieesicsstond solition randorolloflingngiithezieyetofsaiienuation in
the stoptiandaiude iih pirsioRbandueigCtiams vinkNQWRTRR J&@oigt@%ﬁ%}@@ﬁmw%gucing
leakage %M’t q)ggg%{%lgn oarﬁgrngt E=to §ubband coder performance because such leakage
distorts the results o spectra anaTyS|s, and therefore adversely affects coding decisions made in
response to theHEPRAScFafiag ray Saamelesertkd hsakbas ofidigilsibeadsses flitgue yrdraatdlipsing.
These effegtsarmlisaeisarey mﬁﬁef@éd@ft@ihh:%l@t«s\fnﬂl?ot%a&ﬂﬁ%y-GBEHE%PM&FB%SS&%%M%%IQE transition
p

band roll epth of bang, rejectign, are alsg critical because the human ear displays
freq uencgfg%g(?y(gs{ﬁ é?%é%%%?%ﬁ‘%%|in&igfﬁ@e té?nﬁ?&'ﬁ‘?fl A AR R AP RisTea it Sl fesariable

center fréqEERE N pRve Atk s wassolian o igieivBlteos, tHeshtana fesatési turfel ifiltey sy didasnssth
frequencshibredyeuitijhe IO "SRG MGG U5 L SlanAlSSIRRALIPISINE L IRdiequency at
e

frequenci 00 H t wideni s the frequency progresses upward to the limits of
audibility.&'?ﬁ%ﬂ. é@ﬁﬁ%ﬁﬁ \’N?é;[’ﬁgg gﬂ""&%‘g%g‘é%&&?ﬁogff?fﬁgﬁ’i‘ste‘FEﬁﬁgé‘a‘&é"a{‘é“& EHffreentapRendn

importanP NSt hEmsitra rerificionitifan, heyermsaboautivah suldher afdetoataibbastsshavigly
manifestéandatidthsandiliticalchatdpies dominaiy sigsalnibeimdeatitarhiand Gap SHAPWESS.He audibility of

other sig ithi ritj nd. .Signals at frequencies oytside that critical band are
not mask%%éa?gﬁﬁygg%p&g}%r%ﬁf%gﬁna i ﬁ%??}é@ﬂeﬁg ﬁgﬁb‘ﬁ%ﬁ ?{%TBBIQ?P'B'@%%I%.,

McGraw-HiHbeaad @5otrasempges 1The-tErpisareddis thid hamsydroace; stidisaskdngyis more
easily acToibypished Gystkhandanddianafonmyadess §iie.eubbasdpanduidinthropghout the

audible s ' t half the critical.bandwidth of the human
u B%Q%%é%?e?%eret%re G‘ne Pwo cg ing 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 frequency 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
signal 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



ear in the same portions of the spectrum. This is because the critical bands of the human ear have
variable center frequencies that adapt to auditory stimuli, whereas subband and transform coders
typically have fixed subband center frequencies. To optimize the opportunity to utilize psychoacoustic-
masking effects, any distortion artifacts resulting from the presence of a dominant signal should be
limited to the subband containing the dominant signal. If the subband bandwidth is about half or less
than half of the critical band (and if the transition bagnd rolloff is sufficiently steep and the stopband
rejection is sufficiently deep), the most effective masking of the undesired distortion products is likely
to occur AFHIYER SRIHEIGIIrRBRS plcsrsitioy kanb sl catgetiet thaisofbhanehiasshtmrdibainausidth. If
the subbatephastdwisttimdsreftdian half a critical band, there is the possibility that the dominant

signal will causethg garscriticalband to be offset from,the coder's subband so that some of the
undesired distortion proc'fucts ouigt%gré %ﬁ%%g? sf%ﬁt%c%lr SR G EP P RO E R SURR 5 RSB s are

most objdRtURND SRATWPHEGTERE decase reuchel ealinge cHstors Bhe depltsapfowpentral ramdfsismacdding
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coding er, iasing cancellatign. -4- Block Length Inasmuch, as the transform function must
wait for tr{egir%gc@e?gg%Ef%l#gs%gen%?%iaeﬁ%le%n}ﬂ ﬁ%aéﬁ’ F:%%%ﬁ?gé?o?éeﬁésﬁéﬁﬁﬁﬁ BOEePEIRUBEIRY the fastest
theoretical time Hefaly'th Blife Aesersrriatics d stespstestn of strgviitionh daich eoflefiothb et sigsdpbamiple block.
In practicedjeyiignas: sesng@iticlivacasdsHy Hhvin delanspmysiilatdbranial fmgdelaxdsligl to be

three or fQEdineERANE,I %Qgriq f signal_sample block. If the encode/decode system must
operate in an env%o!}iﬁmgﬁf rec;ﬁa;r%lgeg%%%#‘%r'g 5agré%)§ence elfé;;feﬁuseﬂ%i?fbk%%ﬁ( TR LS o re

required. RYHIGEKRIIIAS BEE Svned dilsreatarien Hdtb frmamprey dbrouskpuidhe dedipentammandddsadversely
affected men disheinysifrelschsequential witleiagoithedragienyokinbalwoalse, udereagatian of the
responseygharantarsti m?p[ﬁ filter frequiency.bins: (1) decreased r. f transition band
rolloff, and 2)%3du%§eg¥laeg(\?/£s%§f stop %ﬁ%ﬁ?éjgé%’ng%ég gt ra a%o%ﬁ%tfﬁfeﬁaﬁgﬁf?rﬁgﬁ léEQ"easfhlts in the
undesired" SRt br w&istrbiRidh Ioctitsiéibrnd cobrfibnenttash awsbitn pfriguesivispl Dierdins rdeponse to
a desiredpsighedcolisbsmashidgsifectcantiibytinosgty mpaliee sikriabe Jeakagamd iupndenenging on the
sampling yaien 3 | result in.a nominal.filter bandwidth exceeding the ear's critical
bandwidth at gon%%‘?%ﬁfrﬂ;%%{;% é%%%?ti?é‘é{%’ﬁiﬁ |8@&"Féé{ﬁé‘ﬁéié“. 5 iR ‘H%‘rﬁfﬁ%ﬁc‘?ﬁf@and
bandwidtREHS A diGaTIeies tsidarstitical bradcve ae, meskgraneti ditdy. cher aoteriiictemmifested as a

broad trafsitleedmnil adblbok PROBEIO MR balcQeG-MaMiTe Wl Masificisignal GoupRaents
outside thg eares,crjjical bandwidth. In such cases, greater constraints are ordinarily placed on other
aspects of the system, particularly quantization accuracy. Another disadvantage resulting from short
sample block leAGIFRORSIHE e RasanB AtiBIsTeasin atepmptisttih i yerbrendiasttiledimthelsre xt ection.
Transforrmtladiigidwais Disebtadmnsionnssienet b asliiea A Reriecily agrukaia, setrffiggyency

coefficienis; b galisimdhSrar s il ol infis ceament of the

gpgl. tri?ttl'Y siloeakin?ﬁ, discrete
transforms produce a time-frequency representation of the Ihput ime-domain sighal t&th&F¥han a true

frequency HBRIGFFITER fEegptelsd hav W diogy riminitdhererssTobhané mgthtamconsdenience of
discussiotypienity haovfeed suibendutput abglisserie raopfiamswibpperiafieyieddinapsdiegsaney-domain
represenggmgI&@E{g’cgnm%Sql(gﬁ%gtggﬂg%r@fr%m.as%nl?‘eti éh&ggr&p{lfig alg%r}al '?n% h §ifre'glj§ncy
components_ whose perlods are ?._SU mu |p_e 0%"_&16 Inite sample interv L??'Ilgﬁ u \?g to an
assumptidfritgdiciie shbanibrrstainingtieidoptinmot g mhe 18 g svintoh isndeivdras sbowtnifier Bie
assumedtjmerindf@tythe critical band (and if the transition band rolloff is sufficiently steep and the stopband

rejection is sufficiently deep), the most effective masking of the undesired distortion products is likely

to occur even for signals whose frequency is near the edge of the subband passband bandwidth. If

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.



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 close to zero. Samples at the center of the interval are generally passed
unchanged, i.e., weighted -5- by a factor of one. This weighting function is called an "analysis window"
and may be of any shape, but certain windows conjribute more favorably to subband filter
performance. As used herein, the term "analysis window" refers merely to the windowing function
performed prior to application of the forward tmeskor@ngs will be discussed below, the design of an
analysis windowis.GARSR IR EHIRASISRdOMARIAN consiieraions, Therplare, desion and
performance properties of an "analysis window" as that term is c mmonf§ Us&d n the art may differ
from suchbi% YR G RSHRTng s sasorm dhe fstottiteonstse! dmroieiigip 2ritasrdsferedenstseBe used to
assess a VwitwlioevtBedtiméitperipdnedrile sigtetisammdtubleckteéppessal wansiipoohandiel afiangwepth of

stopband agigstioes WM:samecannlisations ik aplitsdalads meerstyallofiondeers feigglign level is

a useful quality. The,an is window is a time-domain function. If no other compensation Is provided,
e %y*]”“ hl&ﬁz‘&cf’"%‘?&?ﬁf%% BEHBIMEY REBiMGHb TRESRRFY SR AIERtwindow.

the recover synt
There arepseragativacieipprssitiohbinekHodt KahextureplenieddThe recovered signal interval or block may

be multiplied by A8 yiyar s Mo deMmORR M ORSVISIANtIRgJaciisAls RS dasinracakotabasa for the
analysis V\ggg{%ﬁ A disadvantage of this tegéﬁnjque is that it clearly requires that the analysis'window

a
not go to 2ere atthe Bddes fbcﬁgﬁ'f%{ﬁ'%%ﬂtw P& SR ACONSRRS bty Wb bors 2y LA tully
designing wieonsashasastoyistibavofshie lhatripasovGlted Breprtoyihitow A dideasnityamord sartidooankdp, the

effects ofdipindomywillieeiaxagiy ﬁemm?é&f%n.(Brﬂi§9€gP%&9quiﬂ&@?eﬁ9¥%be)IME%“SGC’
with Certa%é[XEfs'Of transforms such as the Discrete Fourier Transform %D T), this technique

increases the TS S SRR Vet SRRE RN PR Spdrans ot carS P e B R BPARTISK RINS WiEHIBPTHE the
overlap intervdesiredssigaatrafbéor mmtdsined] doanminittedatwicief oiithesddyipes of transforms, it is

desirable to desigpayirday eﬁﬁitmélmyﬁﬂﬁPal;E',t%f\!ﬁ(l@%@@iai&?g&P%iilié&m(‘%% IRy figsis or

decoding %er ormed in a decoder may also require sgnthesns filterln%. s discussed in Crochiere, "A
Weighted GULHSEL £3EPRHEE 80P oF25 B oiterth LARIAlr Arsamei s pHtrtssrendiess partisplarin datst.
Speech aft®rgaist-Pigen VOIhARSIn? 8ubbaidrbargwillgtB, o9 162y synthasisiifte ipothiion filtering

can be implgraeatendesaficeativhasyathesisyindawnaisticdoyesian-add methpdsghus,

some subp“%ngegag%r% i Iertnent d with transforms, including, one used in preferred embodiments,
use synthesrs Windowmg with G aHap S & THiEE HeisHESHY BRI Wik ol fughRas i aspaler
transform tonshaiels e priinaritio phesidl iy ntakendirsitts 06 $1a ey yoropzeiaatithersdgedooftierfiite time
interval. Left alonghdii@saiesosmipeydiHag Red esouetsr insrdRmalpmonah epiaHRGY ovithin the

window overla{% intergal. A so¥nt esis \é\ﬁndow can be used to shape each synthesized signal block at

its edges. T This ease the SGn ARTIPEL B R d58'%H analysis -6- and a synthesis window, i.e., the

signal will be weighted by the product of Trenskewifiddings Eiftherefore, both windows must be designed
such that the progiseidd thastoienydlh FUprsbRIY pAREARS G ANRHAR: REFHE DISERAIORIAINS
previous ptg@%g&h{vim only a finite segment of the signal. Strictly speaking, discrete transforms produce a
' time-frequency representation of the input time-domain signal rather than a true frequency-domain
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 assumption 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

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



Short transform sample blocks impose greater compensation requirements on the analysis and
synthesis windows. As the transform sample blocks become shorter there is more sidelobe leakage
through the filter's transition band and stopband. A well shaped analysis window reduces this leakage.
Sidelobe leakage is undesirable because it causes the transform to create spectral coefficients which
misrepresent the frequency of signal components outside the filter's passband. This misrepresentation
is a distortion called aliasing. Aliasing CancellationsThe Nyquist theorem holds that a signal may be
accurately recovered from discrete samples when the interval between samples is no larger than
one-half tﬁ%apféﬁ%%f)ﬂ?e Ihymedehiipe dupctinedsstlled apripaentvindeet e sarsirfgmasbaesbelow this
Nyquist rdu, ceitsire mindoue poyribain porefiieably mistbbied etdeth agoovirtefrequency components. The
lower-frequency omponRRAIES @B 1R alarie JHg.cemernent. syohand filers and finite digital
transforms gre nat erfect gﬁssband filters. ‘T’he transition between‘the passband art st_opBand is not
infinitely Sharp. and TR RARAIFAHEN Yrbfanteh tResiempnan a4 Wotimmtd hdreathndedanslit, even if
a passhaftl Artyriswindow Sigreaktiiset iyl exhtibsisaviddpoudss ipntecssiggessasl byhthefope sidsmndmaut-off
frequencycitsraes iojaie dransiian henmahp s s RUIPH ERMHETEXMRRIOR RN,

representgd.‘ Its ishposFible to esi%rslr éhe analysis and synthesis filters such that aliasing’distortion is
automatically Cancaled by e et "e568drature Mirror Filters in the time domain possess this
characteristic. THaileathsferinnsosiegiteciitriuenidechin beprete resksess hodingents whinty)seliseussed in
Johnson angrrasiaue "Adpative o ransianm &9&1i@axmpqmoa@y&%i@e(?pﬁ%n?é%ﬁﬁsi“& Gapcellation,”
Speech Conhrg;ﬂgica 'on%,}volt&tNgrth HoIIan??:&F sevier Science Publishers, 1987, Fp. 2?99-?308, also
cancels alfasing arztortion. SuB S HEIRS LIRS demmer festiondasrbitAHigHistsHBn in transform
coders becomedhausliffivinder ine Sangtesiioblnttnythifsnnadiershomersafisnexiainideiabeve,
shorter sasplerbloskssydeesade HipRPRLP I ARERIN e RAFRRARLRARIN S HEARRS wilifow.
passbandﬁggg%%@gvtg%p%igneng)a %gn;rll%ﬁulﬁss harg ar]d_ the stopband rejection deteriorates. As a
result, aliasing becomes more pronouncedf I reearl%{’se(':omponents are coded and decoded with
insufficient accuracy, tiBsE1eserptretdgaapietonnt tidivnkersy transidpief dmacdnpisterindancelling
aliasing distortiogheTwRosesidigtiabasinerdlisomion il barydiguesa s ditorinmis. A
psychoacousticadl%éga ked. With short sa EJe blocks, however, some transform frequency bins may
a

have a wider paSsSband TReaf s KAUHAS S NcL Fsa ey Akl 2RI K0S MALEORHER the ear's

critical bands hatdhthedggeatest -7- resolution. Consequently, alias distortion may not be masked. One

way to minimize the di%?@&ﬁeﬁtt%iﬁ}ﬁﬁﬁ%ﬁﬂxg%ﬂﬁquﬂﬂb%%%%éﬁ tt]% Rieblem %Lé! lg%gq%e but that
increases the req}%resg %{%{9 Bi 'EEtFtRe aépction T,eghniques The two fdactors listed above (Nyquist
sample rate and QUARLIZING err%]rcg} SROUTR WHRESPE YHATBTS AdHbtPStr RtV E B e tificHestSality of
signal transmisstbthemdndpagwilirbepricilicermpyshied etAploye thenbileviag, jarigdpicg thaditusate
required for a give sigaml gty TReISISEANIURD RARIOEA SRS A ASPRCY AN G Rvancy. A
signal component is red rédgntgfritoggn be predicted or otherwise provided by the receiver. A signal

It

component is irrelevant | 1S ot ecdet 10 Senfel@ aeh&tifitsa ianey ur repiuseribsisraiaveral
techniques usedhfarfslatintgenshisugt herrensfotivoed 20ptrdistet izdickablbesharasteiistisfata,signal

permits a receivirist@esiditenBtacsRAE C MR UIhLASRAMROREHHCR AL RTRVIB s RIgNal
characteristics. (2) EntEo)py. cogin : comgonenés with higg probability of occurrence may be
‘ ¢) Signa sy%thesns t decoding performed in a decoder may also require synthesis

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 most 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



represented by abbreviated codes. Both the transmitter and receiver must have the same code book.
Entropy coding and prediction have the disadvantages that they increase computational complexity
“and processing delay. Also, they inherently provide a variable rate output, thus requiring buffering if
used in a constant bit-rate system. (3) Nonuniform coding: representations by logarithms or
nonuniform quantizing steps allow coding of large signal values with fewer bits at. the expense of
greater quantizing errors. (4) Floating point: floatigg-point representation may reduce bit requirements
at the expense of lost precision. Block-floating-point representation uses one scale factor or exponent
for a block of flG&fAg¥pEItinTdrdREake-athe HeEaaindisyeisbedbrSuintp o tidetain wingnats. Floating
point is a speciateagerqfteanwnidows Bed HOd YRl AP ealiens HraIECH vy své emedich igragguracy may
vary with time, sdi%ngl aGontent S%%QP{‘%%E Jgsemu%n&x. If(g,rE exam I% Igwer frequency components of
speech are usually more important for compre ensioh andusﬁ)ea erprécognition, and therefore should
be transhiP AR BRI SlaskPARpartaicAR FOPRUGHIERC PRI PR eI RS DfAbrEn et Renthesibply  with
respect tovimdesis. Signhdarangiomm ganglctibit-alasaiionciiararaiena)y SaRpONaRiéanangeiHnore bits

are allocagdh AAMRIRETLEARH SRR 1R HGRICSLIGHE! AhAS RO (R feaponent value: more

bits are allocated to transform coefficients which represent frequency bands with the greatest
amplitude or endHFFOCIBEpRIHEHSHI ThaRTT! FawET BRerarioambatea o Righa Cotfifjetents
whose guehitizingsearessnarthen éiskeeh{ye nfledeahinaumdibledthy cothide digndileompassbmid. Thidsmethod is

unique tofhase.aRplicAtieNsIWRaiEALARIGRIgNAlS are intended for - 8 human perception. Masking is
understood best with respect to single-tone signals rather than multiple-tone signals and complex

waveforms such as music signals. Althod8iftHs GRaeREPRiscussion applies to subband coders
implemented witheyquist theersulibbhisdiite sigadloy Wetlacautinedy decowreddivmodiamey-chopiain

ransform e ot IIRMIBG BEAIRS{IR SRR EUIPHInAFeRS ARITIAmSIER eaifis n order to

simplify the discussion and to more clearly identify the [éroblem in relation to aé)referred embodiment

incorporaliFY Sy tIORnint prXBeh ey el e Sl n bkt Wit uihgite BiEbdEeisrEDy
subband sthpaamsfpoenmistdpoiet € loetidrep dnonvengr g Cc Gthia ip tectirigueech asspuenalisimitations

which maﬁgn%ggs%méq@&ﬁ%m&[ow time- delay encoder/decoder system for high-quality audio
signals such as music. In particular, the encoded signal is vulnerable to corruption by noise

encountered duﬁﬁﬁ’%ﬁrf&?ﬁ%él@n%f‘%ﬂ%‘e?ﬁ@@&d?ﬁ% nob PRt RIS HE S o TRSi AR ror
detectiontanekeotectisshandr ot forphatting the aficitde disign aindntst eheavation tof xigmts theteffects of

such noisg, RIFHASHIEHHMERHAR WS ARQRIGSEL (RS RIERRAMGIRENHAR [ RIOVIdE [pLdheytlioital

processing of wideband audio information, particularly music, using an encode/decode apparatus

such that WY FH RS S AL BF MERnd ARTh e s SRt eRRE s BB H B8P S ByY aevedited. The
object is actuff\fesjweitly avillemgdatcigiifdlly dpcedatediccording to claims | and 5, respectively. Further

details of this objeg! aadisilllGtRE: APIGE SR IE JRY DHABASisat TR Wipuaha disHaeument,
particularly in the section describing the Mgodes for Carrying Out the Invention, below, In accordance

with the t@XOFTRIFRIBF tARePIRsBARARIFERSILH- o uaTHaNFR JOIETGE Fiieftdnciifttime domain possess

this characteristic. The transform coder technique used in a preferred embodiment, which is discussed
in Johnson and Bradley, "Adaptive Transform Coding Incorporating Time Domain Aliasing
Cancellation," Speech Communications, vol 6, North Holland: Elsevier Science Publishers, 1987, pp.
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 sampie 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 coded and decoded with insufficient accuracy, these coding
errors prevent the inverse transform from completely cancelling aliasing distortion. The residual
aliasing distortion will be audible 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, particutarly at low frequencies where the ear’s critical bands have the preatest



encoding of wideband audio information Adaptive bit allocation 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 t,eproduction of digitally encoded wideband audio
signals encoded by an encoder incorporating the present invention. The decoder receives the digital

output of ikwlenendeoneyentiigrags dridaR®mERRMISHIARGAtDHE dayivesithmpensiieigalycoded
spectral 0 ] formatted digital,signal and recanstructs the wideband, audio signals

| therefron:"?3 :Fnaqarél} g%%ﬁc%ﬁéﬂtg of the & clgg?a% ?ﬁ%bz?%osﬁgﬁﬁgfheuﬁggastefﬁ iven |3r§?(§“5?g§r'éf3t%ransform

generates frequency-domain spectral Bt Refestipnrdsprigueto analysis-window weighted

time-domain -9-Bempidabiaehitdtaraplyqibesdisseatrtiangianm:igeotsnaiban aguiaiemito the

alternate ARPWERRRMAL AP adfiedrRisqlekR, R IRaT PRSIARLIDG 1ARd 2 TaRiigPiaggle Sine

TransformgS[iS e%.ﬁl an alternative embhodiment, the discrete transform is implemented by a Discrete
Fourier TFARSIO? Q‘B’ﬁﬁ’ HBWEVEE, DRDRIFRAAITd- B8 AcfeD Hett halityormBieteriaftm can be
used. A prefitacignabouikinadinof thd ereboderycotmigitdsenpariablis bitdedmgthifdocka beosckdredach
transformg QaffiiRg bkl 6HR-WAIPIL IeagHN MR RN OL AR PTG ALAUS AN yeriable
number of blts,ggéerr%med ttg adalgtlve bit allocation.. The system is not aggressive in the sense that
most of tHe"BIFASPCIHYLY RitERiRs af@l'éti\?éﬂf‘l%ﬁﬂ]i‘éq&?‘%‘ﬁ&%b‘li\q@f"éé%?gﬁ&d. This approach has
several advantages. Fb diredictibmptivisiyied Bsignped bitblardhnoterisén sitiveitoabigmaltr anseeission errors
occurring betwegruiieiRCaiR aiithORaP RS0 SHEBLUORRERNS SRHl thinrREgLassignment as

well as incorrect valueg for these bits in the decoder. In a preferred embodiment of the encoder,

quantized transform cOBHICTEILY af Qe EXBBAMES il Ak HehRigbaRiity rabResErEatoMabribrised of
block exponentsepuesantaddipebenyiiied addesvoBdth thasrelesttibenidiroviest ne:stdriabibe lemgthodode words
are further compyiged ﬂt%ﬁ?‘@éﬁﬁ%‘&%@%ﬂ@dﬁ@ﬁ%@% divauaRielenatinpemion gl dartivshuassigned

bits. For each si%nal sample, block, the encoded s%\?al is assembled into frames composed of
exponents and tHERIEHNERYRIYEHIBE $ake £5G S BECTRIBWAENEY 4 Lirial oI umupbty
allocated bits. Thegwxipp hefitsienif fisedddengtistpartivmasf gete. words are assembled separately from

adaptively allocated bitgasRauERHN WHARIRRLYEhRAIRR BHISEaSHA RARRHGAH QRS WRE'G:frame
synchronization ig re uglr.ed,f?e encodFr ends the formatjed data tg frame synchronization bits.
N

The formatted data bits are firatransomiz ?é&e&”@é YR AIPSSABTNEG O FERY SEGIHHER & B Bits with
values of all ones or zefdd8oaig poine desgagypinntapsesertaticonmrgntsiseechiaequitewantiestwivich will

not tolerate such.gRALLBEASPGYQoAPETiRY. IRAAIS iR FSYREMANAIRPRILALONS dagdemization
also reduces the rObabé“P% ﬁ?qﬁgév%lé%) data wijthin the frame will be mistaken for the block

exponent fo BHBS BB FBRSHS R RIS B YEoDSRIP R PSRy the

synchronization SEquénce.
frame synchronigigtigs. bitoaing pgiptyiing serisvessseofandonizatiodingocess. In applications where the

encoded signal is subigs} 1RCAILARNAN I TREATS RN AP USRS AL6-LiilAsH da-Profgchine mpst critical

information, that is, the exponents and fixed portions of the lowest- frequency coefficient code words.
Error codes and C[%%?’Of&??@%’ﬂ&'ﬁ TEgReneY U PP HOTETHECRSTIRa gRnRashie &5 FReRR & 8ensitivity
to noise burst errouglly. oo impreagdidheclepghensioa maispebkinstecegniiied befaieratiticeladatacannot be
corrected. transmitted with greater accuracy than higher frequency components. Different criteria apply
with respect to music signals. Some general bit-alfocation criteria are:
(a) Component variance: more bits are allocated to transform coefficients with
the greatest level of AC power.
(b) Component value: more bits are allocated to transform coefficients which
represent frequency bands with the greatest amplitude or energy.
{¢) 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



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 block diagrams
illustrating the basic structure of an encoder/decoder system suitable for incorporating aspects of the
invention. Figures 2a through 2e are block diagrams showing the hardware architecture for one
embodiment of an apparatus implementing an encdder and/or a decoder. Figures 3a and 3b are block
diagrams showing in greater detail the serial-communications interface of the processor for a
two-channel embodim8HtHt BH SR YHeMaskine Jo dodustaeh bret 2 S HPF thoetitslegrapsigsals
representation showinggthdirtiercmnidpiesignalgrainpe leplex Mguformisaciutharskypgiftetical graphical
representation of iR HORILAPIRLAAMR BARIRGY ShamaddiaesRinulisa A G Arloga b e

sample block caused by a discrete transform assuming the signal within the block Is periodic. Figure

6a is a fultBAL BB Rk B A A SIMPG maM8 A yatomplh drosioem) Bt ShHisHawER to
provide tirerteigsitioty facdtidaly (o) trkigioresiGbl¢mantrghcGitmnia fuddneo bipgdiffheticdlsgussbhical to

representalingshoudagith e pRANAtANGHR 1S fRIAN SighlisemRiSRIOGk Y Anadalisls window.
Figure 7 is a flow chart showing high level logic for a nonuniform quantizer. Figure 8 is a flow chart
showing H(%?ee”dg't‘ﬁal?ganl'ogic for an adaptive bit allocation process. Figure 9 is a graphical
representation shibivindcadieprdtoaaptive HONEGatiod by fittdnndriakacteritin fx#pbmseddimbiend two
psychoacgusieMARKIAEEURRRoFd G 8L 0HiB i atapRiGAli g iaseR iRloRsRwIRg & TRAGigeder filter
charqcter(ijs ic res ith res choacoustic masking curve. Figyre 11 s a

nse ecttQ a 4 kHz ps /
Qraphical St SRR GR oG] ot AL A P Gl RSP B it HSHEES 2 1 ki
psychoactigrai dsryuloriat) ectarverriition i Roiseaepramsitioal deringdemtationionl ustsiativeg. a Bonspdisite
masking GethifiqtlerdRe HoprothR PRICHRRGRILIRPKINGAURY §3:abSRYRERIND DR entddby Gidmiis a
graphical 1rne%ré-i;lsaentatiE)nbsh[(l)@/\ﬂﬁ]eg I.p'ets%?ctrﬁl levels of coding noise and distortion of an encoded 500
Hz tone for three ditferent bit alfocation 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 seriesiidyarapPad affdyvindowed time-domain signal sample
blocks. Figures 15a thraough 15d are hypothetical graphical representations illustrafi e .
time-domain aliarréfrslgan d?s%%%i%%%rg%etseeﬁy t%/V tem?lfS’A?&’ 1%1?1?5 f)P‘rf%?Jﬁ'éﬁp S o ?gﬁé({?%%haé'fiéo
hypothetidaiogratipne arrigwads masionesing siraneng eidecedmansiimtion sehtthabtetornaim it inefiags soyf
overlap-adgi@usips:ftACHaRSiaNAR 0 ¥athesise-1iditdgigure 17 is a graphical representation
comparing filter tf_ﬁmsigon hand, rolloff and stopba g of a filter hank usinig an analysis-only

rejectio
indow with that BF s HEE: Ba Pl 010 AhaR)SIevtuod, SR Ch AR, R vdntEhcon
designed fesptiativplpferred TDAC transform embodiment. Figure 18 is a hypothetical graphical

representation speMiRodtMIO¥E HAPBRE: RIAPSINLME- ARG BF WOHRWREDIACKS: forth throughout

this document, particularly in the section describing the Modes for Carrying Out the Invention, below,

In accordance with the teachings of the present invention, an encoder provides for the digital
encoding of wideband audio information Adaptive bit allocation 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



Figure 19 is a hypothetical graphical representation comparing the shape of several convolved
Kaiser-Bessel analysis windows for a range of alpha values 4 to 7 with a sine-tapered window. Figure
20 is a schematic representation illustrating the format of a frame of two encoded transform blocks
without error correction, particularly for a TDAC transform embodiment. Figure 21 is a schematic
representation illustrating the format of a frame of two encoded transform blocks with error correction
codes. Figures 22a and 22b are functional block di gagrams illustrating an alternative structure of an
encoder/decoder system suitable for incorporating aspects of the invention. Figure 23 is a graphical

re%reser;:m@& ‘Bﬁm@am&ﬂﬁﬁlhﬂpﬁcﬁt@ﬂﬁrﬁﬂﬂ@ﬂﬁ@@%%%é{w@ WiferfQb m@ﬂ%@ L&ﬂ;ﬂ%&%ﬁ; aanDtiT
coders. Figure 1S ra al,re tati arin racterlstlc ilter response of a
transform %o er uﬁseldnzjg‘v%g w‘g'\?wt%r %H @)Qﬁi a‘fg gpégﬁ%ﬁésé%%.s B‘ﬁ?%&’éwdﬁﬁ@wﬁ‘?dows
with 25%3\abeestiFmbodinpata @eh@wa@dmpf@mmamhmmlomg DiecfermFaucéaTranfernf two

encoded (ﬁmfﬂameb&@ckmhﬁb% CRRLIGAHRCIORfulGb RIS RatR RALRRIMANE seRtepentation illustrating
the format of a frame of t e(yv .Oded Er&nsform blocks with errp correctlg@: fjjes Table | shows

master exponen‘%s ShE roﬂ‘ﬂﬁ?{go and CoeftiERImitTeh yse &"é‘ﬁﬂ EnESIHPEE}Er. Table Il
shows sulistgfedny P@@lﬁﬁ%@lhﬁdﬁ@b@ﬁﬁﬂw@)hi@ﬁ@ﬁsﬁ@lﬁém edited. ntabriedf bith omisafmatjeldncy

responserineR Gt igadenifer e sianaly sis Mindaws. Wﬂﬁé@ﬁ?ﬁr%@&%@t ithednvertien 1. f
PREFERRED I EMENTATI ENTIQN res la an show t a5|c strycture of an
encoder/orlrtlz-oc%8é\1rbll:§)-/t’sl er%reséﬁ%dbg) or‘fﬁcrngaﬁgr% |$1f)§wvar|o?f§ 53[5) twfsy o%sfﬁ:e" invent! :1 ettﬁcoder
shown in SERGEAAY XEAERSri 208 RAcadarsivelmastigras Mﬁﬂrae@rgfgﬁ%mg«myqumwm, signal
sample boétarifgheangly gis-antodiaandldcoded $pliecddRrdrichmedil sl s @ach digiiizest tsnatdomain

signal blogking&g}@ UL@QQP@%&%WP&‘ dransferms the quantized signal into frequency coefficients,

block-floating-point encoder 105 which converts each integer-valued transform coefficient into a

floating-point repleekfemahenbrdimest sfithsiRicader toentinstHaushign sesfliciermarsepressitition of
each transfslgtk drafiigigbintcamesingtiontbempoialisg BRI sp@ﬁtmlsmmsmemfem Groamdizer 107

which roupdz.cagndaasioml FerliciRn %t}'loco%g FRRlonehihds c&nhn%‘e&j Eujl qé’h'c flgssembles

the code requency coe Icients Into a DIt stream for transm|SS| or S ora e I UI’ e ICtS a

transmissiBh hEarabiedlengstertieniot pdrntér e asvierseshiied ﬁemﬁwmbw&@h&kmhw@%red
immediatelyntridatesmises mhﬁfﬂeﬁ@d@ﬁ;ﬁhe&m B fogutte il CRITRES BH AR GRERM bﬁﬂ&t@am@ugaal input

111, defognalies 12 WP SHTAGR SR nsore Mquscy, caeligaat i g asserbiad bi

stream, linearizer D AvaHS dach ancoaed Coetitent nta an integet-v trans orm
coeff|C|ent’V‘?Fﬂﬁe?§'e"éﬁ§‘ﬂ§Ie‘hﬁ@raH§r’ﬂk *3[‘1‘& WH%W%%H@%Q%*&&%W'@é@fﬂbiérﬁ?s“m% st

time-domairogignal block, synthesis- window multiplier 115 which modulates the time-domain signal

block, signal bIo;k over| 0.2 “(]ﬂhrl 6 _which recovers a dl%tlng epresgerl]tatlondoféheiitlmq e(;%omaln
1

appiica g ] rame syncnronization o)
signal, analog S|gnaﬁ generator T 3 aiog signal outpu Ny onerdr Several discrete digital

transformdataly ﬁﬁfﬂgédﬂ%i‘iﬁﬁmﬁﬁfémtﬁhe ?bmfarauawa Iripehie ﬁ!Feﬁﬁ&ﬁk%!W‘iréthFdHﬁ? $&ed in a
preferred predifnonlonasdiisnas ssrbiedwnnPrinee v rand sl eyroAnatysistSysthasisiriiesyBank
DQSign Baéﬁgg‘o%&;ms%aomqlq '?:‘zlllr%%lrn%hci:c%n\%ﬂl%gp E)’]lflarate such sequences beyond specified lengths.

in asynchronous applications, randomization also reduces the probability that valid data within the

frame will be mistaken for the block synchronization sequence. In the decoder, the formatted data

bits are recovered by removing the frame synchronization bits 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
required 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.



IEEE Trans. on Acouse Speech Signal Proc., vol. ASSP-34, 1986, pp. 1153-1161. This technique is
the time-domain equivalent of a critically sampled single-sideband analysis-synthesis system. This
transform is referred to herein as Time-Domain Aliasing Cancellation (TDAC). The Discrete Fourier
Transform (DFT) may be used in another embodiment. The preferred embodiment for the DFT
embodiment is discussed after the TDAC embodiment has been fully described. A. Processing
Hardware The basic hardware architecture for an gpparatus implementing a filterbank with the TDAC
transform is illustrated in Figures 2a and 2b. Empirical studies have shown that, urnless special
measures are taken, transform compuieddpesariisidacopEXigwings to an accuracy of at least 20
significant bits t | t f jactives, One,special measure permittin
implementation%?g%%gir§ﬁ%liqz?n%{g§t?%%ir%@§g i!g{%g}s%srit?éu g(tzienlgarlg' foagr?sf)cf e BET %fmaﬁodiment.
A practicaPT5EtRdRs RN S Skl fredrerrsiingerio stsobitg ineantiamel coder, employing either a
44.1 kHz or a 4§ ghesszmpleugite? dtiiz cdwkl @it analogwmgligita haanvester diravithr agycle time

of no morg.amhk BIGIPSSEERASIIY MHRRIIRE D ElaRME SiNRidpRIaia.signal. Each 16-bit digitized
sample is used p form theégégosﬁggﬁgi%:am bits of a 24-bit word which is used in subsequent

computations. A MSt5rdia? T Anerne Preeaes S S wpakEamg HRE0B0 5 MHZ
with no wistedfagtesf itheipadessqpdoiorriwihehroglicetcdémeputdtionsader tméantecddbre encode and

decode processpgugiatic RARaNiaR RN BIERREHRAM QYIS HREARAIM A fala Mepary for the
DSP. A 16-bit dlgjtal-t -analgg convert rﬁéDﬁC with a cycle time of no more than 20 ‘microseconds is
B RTol, Wil MBRRAE

“used to generatée ah anafoy & d BIIRN of Retimfetniaih sigWarmale hitecture,
shown in Figksbrenisdisoontinistics of thvedpry sfgnsdamplatb2C0c dmad passifilten iREoROASpARL 201,
DSP 202 ysiafigdRAihid0Re S152aP g-RE@RIaMmMable read- only memory (EPROM) 204, programmable
array logic (PAL ,205,qu}nd encoded serial-sirgnal output 206. LPF 200A (a low-pass filter which is not

shown in Figure I8Pt &s IHEMAIIES RIS HaHanawiRtira Mt BroAtiosoaf diditnstien K bed and
quantizesiptistiom ddi itegpsiy it thetcesu Bimg dlistrioarttpf 16-bit words. DSP 202 receives and buffers the
serial stream of gigiizeehSBRRIGS €MD SR SANBIRSIC Alks: PREAIASNE CalWalions required
to transform dt et.bloc s into the fre uenc%‘ﬁdorgéglr](,eencodes the transform coefficients, formats the
code wordSTHE S A UPRAPUR S EMRE BrRsh e 3n BRI igh serial data path 206. The
programming anigises? isorKlaveeladoththvdn® 8igh deecktogisdiin onengdifkitobyteeB) bank of static RAM

203 which is orgggized iRte Fod B A6 shikv MO HRRIRS R FRABI e (ARSI IIMGRIRSAT memory
which can be implemented more ilhe pl!%/g in RAM thahn it.can be in programmable ROM.

Consequently, EPREM 29488 5o FRIRHIRE Snd " Stibe datsrrsettiiprdsdd e Wistch the

DSP unpabkesdteristcussiivks formyérdud Red\p OB evbetic thieskingaueress first powered on. PAL 205 allows

the encoder to sﬁg@rprﬁgméaﬁk&a@mgnmﬂ@ﬁoﬁﬂ &Brm&fdﬁi%wh%@émgqe@gm@m and
data addres‘%eéseﬁgenerated‘(%% DSP 202 into specific ad%ress segments of RAM bank 203. Figures 2b
' i

and 2c prdV P Ui IR RV EREPSHidPRSKNE. #YEre 2b shows the serial- communication
interface for DSFig02, A 20dbhzalrgereszhtitite piviad@. T gogenfiateh 20a4kisgenayaies the

receive clogh, @R W EHeN FIERNARA:RRRIM GlRRK signals for the encoder. Line SCO clocks a
serial-bit stream fdf?gzed input signal samples along line SRD from ADC 201 into DSP 202. Line

SCI provides the 1B8Mie sy R BramisatiGREsnatien Hestkayes e e Paing r hsrKerived B¥8inning of
each 16-biteysydidanesgCiiaskhngk suavsenbidoitrsittesen of the encoded signal along line STD from the
DSP to serial daqgnath @6  FigipifcaC sHRWRINEMEBMRY HlALGSsIAe IVaLase-ofhy- Al tiagslates

addresses put on
%lgtort?on 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 i5athrough 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 canceliation
of time-domain aliasing by overlap-add during TDAC transform signal synthesis.



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 into one 24 KB bank of RAM. The actual addresses for each of these
segments is determined by size and design of the encoder/decoder software. In one embodiment, 4 K
words (4096 or 100016 24-bit words) of program.mgmory are mapped into addresses 0000-OFFF16,
-14- 2 K words (80016 of 24-bit words) of X data memory are mapped into addresses 1000,6 17FF16,
and 2 K words igvreldfainsegrrohjcalrecprssppaibintorepidiresSber 1808%6n| Btk k61 RRPdvl 283 end EPROM

204 are mgpird BT SROVAE RGBS SRR JWRHEK 20RCHAIorS RS BaR 4R SRIE Gl Alter RAM or
EPROM accg)rdin the staﬁe of ad%ress Iin%Ala Wg‘eﬁ% DSP 202 sets A15 hg{ﬁi Inverter 205C sets
|

the chip-select (CS) fines of RAM 203 and EERE S648%0. BhiEBRBIL0HE S H When CS is
low. WhefBSWT8ef> sets A15 low, inverter 205C sets the CS lines of RAM 203 and EPROM 204 high.
Only static RAMFafeis ss@lectagoutiacaCRashlvghegleslesadendangvre oarghitesiusropshown in Figure
2d, is conggggég‘gQ{ngm&pgg&grial-signal input path 207, DSP 208, static RAM 209, EPROM 210,
PAL 211, DAC 212, LPF 213A, and analog signal output 213. DSP 208 receives and buffers the
encoded signal, T iigsathepetbptisal ﬂfﬂ’%\@‘ Encedrigtivnsermrnecbtianstef Jruetetnes wised
calculatioRsisecpusad ifatyainsiaitowb ecaatigeatsiphe viedine damain saoupsds raskicients into
time-domain bl Hap- e blocks into a.time-.domaip sequence of digital samples, and
transmits the dii]ﬁita iFsé)a)}'(rﬁ éﬁgs %%gl%sa?ﬁa%%ﬁ%sgwaetéorrﬁ 'fguf)%&n r{’lf .Pﬁ%apr@ogarg%rﬁ%r% and eé'g%e\?vork areas
for the DSBS BlRcHs; v o rRecersprion dartieukpkfopadtRE raaseearmrberings8, 192 24-bit
words. EPROM Biglrsiras anscheasprepsaeniaionai Ria@hammeingaadostatiasatar miichntbgPSP
unpacks i{;]t'\gsﬁ%bﬁ&%r@{ﬁ}t% lIEéAM 20 Whe(pethe decoder is first powered on. PAL 211 allows the

decoder to store FJz_)ro ram an gtcgtlﬁfo“glscﬁ]gfé 24 KB bank of RAM by translating program and data
addresses gene

g

pa 2YBastSagicam dlerkotingsrns JHysinttingt | ANsBative 2o0ctpacl 212
generatesmodandiogisignaleeosaasiioncling:septhisgrisjedald sk earnrieaeived from the DSP. LPF 213A
(2 low-pass FCHNIERISOLEANANA IBnFAGHIRU RS IRLAN BHLATD I T RIATNGRNTOUS

high-frequency com%onents Create the encode/decode process. Figure 2e shows t
serial-confthRcERON fravieres vt B@g"m?'serial-signal input path 207, and DAC 212. Timing
generator 208A Higing2d shagepldci echteeptelvauitigaiigatt ehtirnrgsefelen easpihasotheremaoded

serial-bit ippHkiaNRLILRREAIRRIING MR &1tk @?ﬁ_@é@%ﬁ&

Qpizatig-Rnd fransmikclack signals
for the decoder. Line SCO clocks the encoded serial-bit signa ahong I%ne SRélleintc%] “F}gg%  Line

SCK clocRdth RAAYBHl2tream of the decoded digitized signal samples along line STD from DSP 208
to DAC 212. Lin€igfzL 35t id echenfyaenepsyvashoni zadionttignm forhe RACHanG 6 the BaRayhich

marks thqmmm%%m&%g&vggmc@ae 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 encodeierddiirasthematipapprsrratolion Hlvsieipbedormapti H1De Chritectaerded shown
in Figure SansfiveniblertacdthetveenrtbritaSbiasnid 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 - 15 control
multiplexer 202ET8H8 IR iishexprspiriehhaidisecipigsape roeiticienitRitderaths JuiaiiRde data.

transform coder.
Table Il shows subband grouping and coefficient bit lengths for a DFT coder,

Table I shows frequency response characteristics for derived analysis windows.

Modes for Carrying Out the Invention
I. PREFERRED IMPLEMENTATION OF INVENTION

Figures 1a and ib 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



A two-channel decoder requires DAC 212A and 212B, and LPF 213A and 213B, connected as shown
in Figure 3b. The interface between the DSP and DAC. components operates in a manner similar to
that described above for a one-channel decoder. Timing generator 208A provides an additional signal
to line SCI of the DSP at one-half the rate of the frame-synchronization signal to control demultiplexer
208B and indicate to the DSP which of the two DAC is currently receiving digital data. The basic
hardware architecture may be modified. For example, one Motorola DSP56001 operating at 27 MHz
with no wait states can implement a two-channel encoder or decoder. Additional ‘RAM is required.
CCl)ne 24 KBultiphieri$03tikiziet fﬁmdpm@rmmgmwmeei%ﬁmms%Aﬁa&%pgaémtgﬂzg@a,tprle,gqql,gghand I
ata me RAL. | ir, L ress translation when two banks of RAM are used. Further,
specializrgglg% gﬁsaﬁﬁn%iﬁt%d usi%éptz)n%ge% orm ce F?é% ﬁﬁtétirc‘)snosc}glf% AR& DORb BN IRt or the
Fast FourfPPHSrferlr IR Tlupf dranieame restideny de e Flpatipetiminh pteresentaidninadaptive bit
custom-detigred M edriskettprsubitsMany eihesepaasible wplememaiieosivilheohviapsdaene

skilled in e afinis ReitaP oS INAARMIRAL WAGINAD S, JRAG Embodiment, signal sampler
and quantizer 101 Eﬁa,n analog-to-digital converter Whlch(g]uantlzest e mpuf signa into 16'Bits which

are subseauSHE b FEE Bn IRt A% hich 2isemblesshacadsd fesavansy spalisientsintatidrit Al
subsequeitfetra et oisioatiots e Figlornedeinct24 tinintiegex pal Bt wERE anaie@dmeaut signal
should befimitessdnhandwidtiade ggmqa&}ﬁekgdﬁeci%%%dﬁ!a 7 Yt g gandwidth coder). This may be

accomplished b;ﬁ)a I S§H}‘iltet not shown in Figure la. Asp(i%cussreu eétbove, the length of the signal

w-pa ] - ! . (
sample block crea‘fe%cgye& S EA MG Lhep mpsiseRistresed itndream Senljerst Ehkiciormssetance in
some appiidaiok extrrsticeaghrenceded & efvesancdilviiatoens o alsertnaueitiofeala) aywithedigital filter
performangnTiaaaniae Uaalareadelaliaflies BROk ORI Sk LAl BhiDE blockss sgmles
before aIIfI an forT Egﬁ‘tflments may be calculated. A similar delay Is expe_nencéd" y the thierse
transform 1ch'lgnfa‘zfl‘lk e BUHERIP bR P csirienthiat afins-theaimuzad bl syiagsimay be
recoveredVipiow mudiintiend$6imiidy bothlfestiardrendhimie senitansior masineyde perpaqRE ifsa period
of time equatindmaenibagitRdheRackaiRierale BRJRR% (U A sl Sing, 110 coding
system is tm’ee times the gb'l gk Ieﬁjé%h. ?n appliggﬁgﬁi%ﬁﬁé?ﬁ%%’g;ﬁgﬁﬂ%?%@r f?greagﬁgcﬁlz,’ fﬁ%le desired
overall deﬁ%y%h%%’]a %‘?Btez eater than approximately 10 milliseconds; therefore, the block length
should not exceéd&GOBemil@ewhds.csdxs-di'glsaldmifm hayveyekciow sRREIanga Noskasjaossible
because sheriemRekaieng s aakes ihesBis] P@F@M’J%%ﬁﬂgdﬂﬁéﬁ‘?@%yﬁfecﬁ éﬂg Anpiion,pand

gth s

rolloff anozli rg ;[zll’l lof sxgp%andlsr(ra"gﬁctjon,lTherefore,_the chosen block len should be as ‘I'gﬁ% as
possible, SUbjeal 1o tHe 38 e FiNF et etz Hasd pline RuwiuApaingdraps!igisnmusic
signal witr=aElé s Clindseest Dsnegeh DY igned Bphiaso linASS8ioN 1986ther faalities, anhawdwigih in
excess Ofisltdditite-FomamtbauNyarist haaiemy bLiskaamaitha A pigna!l must be
sampled %&golr%;slss 'g_g er; rg?zb? igg( A saérn[ﬁl @drrigte_o 44.,14\[@%2 iﬁ#iéﬁﬁ’ﬁ%%‘ﬁ%ﬁ?&ggmb@@éﬁmem
because t in‘CHAbAlicAIBRO A 4litsing CrrntledsmBiRaSnhd babistectnBenddary to use

IS rate 1s'use
a coding Sy¥tERIT™ QISR aplibatiens i Ehithsammiedimtatal Sthsupplerislasmaliginaiivier Q2 B kHz
bandwidtertsmlindinweniGieenibisamtiog mbaifa Smiliseaandilogcgomprises 147 samples.
Digital filter transform calculations are simplified, however, if the nUumber of samples is a power of two.
Consequently, the number of samples per block is reduced to 128 which establishes

A. Processing Hardware

%]

The basic hardware architecture for an apparatus implementing a filterbank with the TDAC
transform is illustrated in Figures 22 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 arithmetic 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 block length at 2.9 milliseconds. Other sampling rates, such as 48 kHz which is a rate common to
many professional audio 15 applications, may be utilized. If an alternate rate is chosen, the frequency
separation between adjacent transform coefficients will be altered and the number of coefficients
required to represent the-desired signal bandwidth will change. The full effect of a change in sampling
rate will be apparent to one skilled in the art. Assuming the input signal is not a complex one, i.e., all
imaginary components are zero, a 20 frequency:qgrpain transform of a 128 sample block produces at
most 64 unique nonzero transform coefficients. Hence, the filterbanks incorporated in the encoder and
decoder sitchma wigLuesk aads i cRmprisereih fiaognes Rinsylndbis ImPle BsRlRti LLagebandwidth

of each bin i . 5 4.1 kHz / 128). ( me g'gscr?tertrangfo ms such as TDAC, bin
0, the DCl'{(ﬁ)éSdz%(rackj %‘r)é%gse%f%:y %%arﬁ(p%ﬁgrﬂntl,aﬁgésa a#&mﬁ%ﬁ%ﬂ% éo Waﬁgo?r?hﬁsdajr%m?ﬂognfsf’ﬁ

coefficienf P28 ard Lt i abirsang!as; eoryssesi JRACICHEHiBicHES die AferasBlth Bap0?RHz
embodimaeitrteepast & Bied tkiHizngign ah aidhe atiniticrah igidcegpdangiyacegfiicients above the input
signal bandwidthreses fa-dninimizRRRAIRS ﬁifﬁgtﬁeomq@@&%ﬂ?&&f&f&ﬂp@&&l&%ﬂp&

cancellatig%inthin th%Ides'ggrh)ban width, Note that it is assumed the input signal I1s band-limited to 15
kHz (or 20 KHZ) RIFHETHHAOAB 0 SEH=AL B35 B dHRRAM P 08 cersahls ipgsmg it 58-in the
highest ceovlffisiemesy SEPBOM3 2 @hepsegraplmibliochizy togidi AL R0 creterraddforralwiliar kaingaously

create nopeXISIERt SRACHRIGRPIROMRRESHIRGAHSRNGHAN HOFB RS TMAS A HIORahin G Block is

periodic. See Figure 4. These transform errors are caused by discontinuities at the edges of the block
as shownﬁﬁ{gﬁwﬁ?é@ft&f’hgg)egcﬁéigfﬁ’i%?ﬁi@mlﬁﬁﬁg Wﬁﬂ%@%“i’ﬂﬂ’ﬁ?ﬁi%“lﬁi’é‘t@ﬁéﬁﬂag’fﬁﬁ?@s 6a

through 6ef ilibrbitareriowDa b R{Gkrissivedifiddbofforei htedd uthahatftidigisaed plespheap thebibek edges

are close dmpROinkD BIRsTpUHBlIAL GHEUIT NN IRduio f.ORmesH ales g Samnladroprtajanal x()
shown in Fcl‘ghure 6b %}/ - 17 the Welghtlg‘%functlon shown in Figure 6¢. The resultant signal is shown in

Figure 60T HFAG048S the YapHowm fRersl o FB et heigen® YArd oAty HER R SRS d an
analysis windowdéd siged thpteghysesihiste pallfhicallerpofghesignahddaplebiocksdndthmbeen the

subject ofscopiderabiae M ddGEANES itathapaexraiodnd.alfactsdipan.digiial Blerpatigrmance.
See, for exaﬁgl%e{l@é? "On the Use of Windows for Harmoni lysis }g\:/ith t%i Discrete Fourier
roc. ,

. An

Transform.” s SFISESHEME PREBANIOY YOI Bt i R ness of
transition BMriie it fan dgivercissameblddiiiof Seoysanend ye RRIIOM, 2(Hdsweanpitsgoorngogendof its
modulatiofagitfasts iPy exsstenpingaNd eekdinGadiacaRiBIRcks Yinddesiag raipodssadpelow in
more detadll. C. A(palgs' filterelgbeﬁnk - F@L @gd | ranslform A discrete transform implements cggital filter
bank 104 SASWA T Eigtrelfs Fitéfing | vé B AEN,PISHTe I TR i et A Wiy AiieEple
blocks int@4akébbatkiivh & Add iy ¢ mptinalprogeificied taa vk esas e ted iy i@ A82dhin greific
embodimegidssTiBe-epeitnMiasingancellation (TDAC). TDAC utilizes a transform function which
is equivalent to tg,e altefnate ?plicaﬂon of a, modified Discrete Cosine Transform (DCT) with a

t

modified Discreté'Bife 5Igréﬂ‘éf TR UBELOrhEHICOR, HRIMAT iHteHessior BUsh P RO TS S#16in in
equation 2omrennicatian (layeefges (foy. EBH] 209 (NDTTER 10 Bnik sedid(djtaltath IROKL- TTHEk)g geme(mysia@ak(nN )]
for05k %Qﬁé&ies the receive clock, frame-synchronization, and transmit clock signals for the encoder. Line
SCO clocks a serial-bit stream of digitized input signal samples along line SRD from ADC 201 into
DSP 202. Line SC1 provides the frame-synchronization signal to the ADC and the DSP which marks
the beginning of each 16-bit word. Line SCK clocks a serial-bit stream of the encoded signal along
line STD from the DSP to serial data path 206.
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 into one 24 KB bank of RAM. The actual addresses for each of these
segments 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 0000-0FFF,,



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(t) at sample n, C(k) = DCT coefficient
k, and S(k) = 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
C(k) C(k) for 0 Sk <N/2 (3) 1= 0 fork=0 -18-1 S(k)I = S(k) for 1 5 k 5 N/2 10 fork=0 (4) where i = signal
sample block number, C(k) = DCT coefficient (seg,gquation 1), and S(k) = DST coefficient (see
equation 2). The computation algorithm used is the Fast Fourier Transform (FFT). See Cooley and
Tukey, "Anka¥gsinitsitie ofRd-Maebide Falcddativenok Caomplgyddointiciddesias, | dutath 7M., vol. 19,
1965, pp. ZRA%8fk. ok Biogienkmbryaneifapsadiit ResieLm: b CikaRd DST simultaneously by defining
them respectivek\(Aahi t%g r%ﬁ:ﬁ ' %;Jnary comeﬁonents of a single complex transform. This
technique exploits the fact the i$'8 SRR THL ARG RBERS sidisrienAvsfe Bleks consist
only of re&SVatde dosalensieitieB R 4dé torIFBRAYS ectraisfptimstinte thedpradiet Af Hneyidnhapraden array of
complex cemstamisgkhaiiet snrificients &perae. fos the tARANd A erseibiRalbyalgs,and the
DST coeflgg,igaiﬁ Qgg repres gft‘%l?e:? T{,‘h!e et Owiﬁaﬁﬁga%‘%\éalue& Therefore the DCT of one gignal
sample block can be concarrently calctlated with e bS¥ SFsAdmrsighareatife siodeSonly one
FFT folloiaes 5§ By 2R anp EERIOM 284 biekiitionly, Stitis Badit 208 linigsed whing Srie HFghT to
concurrently f;alamkaaecm H@gﬁﬁeéf?tsﬂﬁewﬂé,kmwmiriﬁ;&iﬁea;!&,&9%&%&%@&8?&#&?&@%@&&“9dFaSt
Fourier T i : ices , 1974, itional information regarding
the concﬁr%%tg E{g{;gﬁg%o%v ggthse%rtﬁﬁmg %%%}J@éﬁf&‘ t%iel trardBr P bEHENd in
Lookabadffahguirubd R RSB A88xassh R rbeftksn e Denerteih sissetod unmtithiticizuf Spedeh,”
Stanford, #udStandardrid niveieltyy L pRFMEsiBe dtnRidABRqlis eoneRR REOSRERIseSARCIally
useful in TeE Al |cAl b rm _block is generated concurrently for each
channel, tg(gQT bloclél%cﬁhrq gﬁgﬁ%ﬁ%@%ﬁﬁ g%rgr'];l'%b oC '?c()g}lfoﬁi(éq SHer %ﬁ%(%ne?. gIés’c%t éd'Bfdcks for a
given chaf PR fereies SEdisdiahsamwlese 1d dysits (Bedisitzhramglonisy: satdldie wiesayt G1AKe
opposite Bile ffoeptbgtaiihg oihestcharnakastiacks DAak abrilorkte 0BK fosaRCRAChRMNA) are
transform I : el, Pringen.showed t it ropet phase component in (see
equation gt)ﬁb aar%ﬂggzgg‘}l%ﬁg/&g(gﬁ&]gdfggig %pgn%??s%é-s%?amgsg\}/ﬁn%%%s,"Fhae PORE ﬁ%ﬁﬁ i'af‘}e can
accuratelyREEHIBIEn b Sfetisi i bish dheREPnurrgksdagermabloffemsiinoaRa Mit8traheiotm blocks

of the fornte¢@iée) jo filigywEetkon2, HBK)2, allo(B)wbarr @ashansipmmblackde mese BigRne
time-domgdg BARYRANR'S PIRERHRIQERS RIS TS YR EIER A% ! B 100 GndrLoa-160.
address segments of RAM bank 209. DAC 212 generates an analog signal corresponding to the serial-
data stream received from the DSP. LPF 213A (a low-pass filter which is not shown in Figure 1b)
insures signal output 213 is free of any spurious high-frequency components created by the
encode/decode process.

Figure 2e shows the serial-communication interface for DSP 208, serial-signal input path 207,
and DAC 212. Timing generator 208A, using a phase-locked [oop circuit to extract a timing reference
from the encoded serial-bit input signal, generates the receive clock, frame-synchronization, and
transmit clock signals for the decoder. Line SCO clocks the encoded serial-bit signal along line SRD
into DSP 208. Line SCK clocks a serial-bit stream of the decoded digitized signal samples along line
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 encoder requires LPF 200A and 200B, and ADC 201A and 2018, 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



Referring to Figure 14a, it may be seen that quantized input signal x(t) is grouped into blocks. One set
of blocks, modulated by the window function W. shown in Figure 14b, produces - 19 signal x,(t) shown
in Figure 14d. Signal x,(t) is input to the DCT. Another set of blocks of the sampled input signal x(t),
which overlap the first set by one-half block length, are windowed by window function W, shown in
Figure 14c (which window function is identical to W. but shifted in time by one-half block length)
producing signal x,(t) shown in Figure 14e and subgequently passed to the DST. Using only the
alternate DCT and DST transform blocks results in a loss of the information contained in the
discarded°PairebriHErieaprstEhanibiokisaEhistie SXSPrebic ef thetimeAduMisiruakiasingndionamamant, but the
~ distortion dmay be cancelled by choosing the appropriate phase term m for equations 1 and 2, applying
the forward transfQrm tp_over ed time-domayn signal sample blocks, and by overlapping and
adding adjacent%?n“g)- %%%%n%%%%l %ﬂ‘fﬁrﬁfg)ﬁ?c?tgz A&t g’lﬂ?‘lﬁé’%%}éea sfhreAneRgdphase
term in inBGhANBAL Figwg 3becoReeoiatariecp hetuswestife S73P erinte Gomajoraliasiperadisindimanteigures
15a-15d amiliba lifg iestiade Wi ligiortion-Signal ):(je@déﬁ?oyﬁ{ﬁ’ng E%&dﬂa‘?f VRS TR i Shr?W”
in Figure s EIqUEk i es.tha recovered signal is composed of two components: the
original w@ﬁ%ﬁ?%ﬁﬁi’gﬁsdq ﬁﬁwéﬁﬁ?ﬁﬁ%‘-&%ﬁéﬁ % |g§£|?‘1§ %&%ﬁ%&ﬁ*(ﬂﬂﬁ%‘&ﬂ‘m@). Srg%ﬂr@s 15¢ and
15d illusttBrehdramitrbrrmbttPrardighiany tp fecBSEradithont the tivBAS BSTiratcanedibis alias
distortion digithladgtarately recover the original time-domain signal, TDAC requires the aliasing to be as
follows. For the ([RE: in_all opent.consists_of the first half of the sampled signal
reversed in tim,e%%}lﬁ%gg?&%u%%@? %L(k)?er?t'% c?ﬂﬁee %g(r!ﬁfﬁg' b oagk?x%m efhgﬁgéhg’)tﬁgj ﬁ;%}s&s mﬁisampled
signal revEIEAE A HMIBO IO ik statesca inRinmest #esainme eksdkr PotededeD STditionalias
componeR¢id dimitpriral tHaddax K takk Tsaxicrpt ite paplinidRipriNVATiESId Siats Bae Figkies 15b and
15d. The FR QLI li cellation i N12+1 (6) ,where N = sample block length.
TDAC alsggrﬁ%%g%%ﬁgfp%%g?%ﬁr é%zgi?o{}‘cgr%ﬂ? ﬁé%iadr%ég%}%aark%f's%ﬁ%’é&g% §8RAM
overlappeades'i‘éﬁhl sample blocks. The signal sample blocks must have a 100% overlap, i.e., 50% of a

given block is ovisnitiepeghdeialiaed rendioats lageanddS%pafdhe same binskois Quarlapresiby the
following ploadk - | he lapping of signal sample blocks and the resulting
cancellation of éﬁa‘gs%?gf;ﬁ%r%% gfg#i@%@?g%rﬁﬁs(t) %Eeo\}%'rﬁ'ﬁ% @%F&@efg‘%‘éﬁﬁyf%ﬂdf“}é%\%%d from
the inverdZ besstomidepianed intsgrtd masais bilavineber Resdbisrimninentationgwd) besbeistivedyonehown in
Figures 16tllAdnlBe ato produce signals 9,(t) and y,(t) 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(t) shown in Figure 169 is an accurate reconstruction of the original input signal x(t).
-20- Window design and overlap BRIt enatisiertntingy#ith S¥isdawingss is discussed below in more

detail. It is sufficlenhaTtM< poiktdimaalisititatomiting athther transfamakiecks halveshewgquired
bitrate, byhlfie Rt RGN EHR RIS T BRE ATT DA%, BN signal sy aingsis doubles fae required
| e.

bit rate. Consequently, TDAC has a neutral effect Upon the réquired bit rate. b D--NonUhIfGFm
Quantizatiih LA AALTSHRtEsR AR ERIoe oTbHAsE AFeslam skt ampegiompd hinto

subband524-bit integer arithmetic. The analog input signal should be fimited in bandwidth to at most 15 kHz
(20 kHz for a 20 kHz bandwidth coder). This may be accomplished by a low-pass filter not shown
in Figure ia.

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 signa 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
interval, 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.



by nonuniform quantizer 108. (Table | shows the assignment of transform coefficients to subbands.)
The nonuniform quantizer is composed of block-floating-point encoder 105, adaptive bit allocator 106,
10 and uniform quantizer 107 shown in Figure la. As depicted in Figure 7, nonuniform quantization is
comprised of five major sections: (1) calculating subband exponents, (2) determining the master
exponents, (3) initially setting the bit length of each coefficient code word as a function of the
coefficient's frequency, (4) adaptively allocating adgjtional bits to specific code words, and (5)
rounding and truncating the code word according to the bit length computed from the sum of the 15
adaptive bit allo#aliotrsiehte-thewamimonssirsclogehabsledd s rptivstto diisientsditer bRk edgbating-point
representaiiaee ohs) M AkGIABN L SdPelval IinewnHE daR At A9 1ah SR PEIRE SRR AAR4S used to

represent, m&?‘r rqage f values with fewer, bits than js possible with integer representation. A
floating-poé?nt rllumber%s cgcgefhpc§$’s§1 o abf%%(n%%} g’asr'? uﬁn %xﬁ%g%.afnpﬁss&%fewgﬁcéﬁ%ﬂ‘dillhént, the
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convert the man ithe ized or ynngrmalized) into'the true value of the represente
numericat})%uantlléjis/?‘?' |§é§ééreﬂg’(re%%ﬁo%q%rgnﬂﬁe J)?b'?setstgggf AL ER Rt Bz fadydie of the
floating-pS#Ehiibes, seunirdatiie Kesribeniddifr-vAlsrsehinattios 44 drithzHschmsicioed jntégedtvalued
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m i such appljcations
representation of the mantissa three places ?8 tfie right.
norfhlize? WHE bard widsh embedimaemo d Sxamithis sromtisgora.negdivillisatond bivahbosmisedinalized
when its saogtlsigiigieah fitted ackit ficracrdcfation el FRgHMAN ISSAVAS U R thengER Jiaaknidalgr of
significan QU&f&rt%e. fkﬁlmﬁf' uantity is contained withjn the. mantissa's limited bit length.
Block-floal;)tin -point represe ‘?{:%[{It(?ﬁ %%a%én?\)ﬁrel?iﬁaén qnmer ?lee)kécr g’n@%cﬁé% ]t%)g:‘e‘%}%'s‘éﬁbggga 35 of
floating-p&ﬁ Iknisesd with Sanibissradhan is possible with conventional floating-point -21
representation. DttierteahyliapieatisesuonasesPRACNRIIRE A O4P AfMRAESASSHTEMARNIsSAS in the
groyp may,net.ne o I e nti for the quantity with the largest magnitude in the group
will be norPntizednpro |qgﬁ?ijzs-g€o%%%oaﬁslt§r§§ ,e irsa.E,etﬁe é’)%%ndr}ééenér?gulennccé{ps %a%‘?"ae%b‘l‘%%%ﬁ‘f&‘iﬂg
multiplier Y8BTy RAFrtAanEhhe Altoed anddheumbantbeestfisiensonmwiitdad vprrstnhibwessardthe

exponentsiwa yardpidisentsdhagunmheraf Bmeseacihiniedriapag Mankiase ibHeareUmust be
shifted to g Jight4Q gptain the true value of the floating-point quantity. 1. Subband Exponents The
block-floating-point encoder comprises sections one and two of the nonuniform quantizer. The
functions perforfYSHRPERerirenssignarisapat sheswnls 9o 761 el Miyaieay. Dhiposenonecaioylates the

subtand éxpementhivieaatsoiseyesal Bk fragyroacoafidianss JhhgsHhhandsakshown in

TableI. T uge.is C ised of three steps, The first step finds the largest transform
coefficien%%ﬁ‘gﬁ%ufggﬁﬁwﬁgeﬁé&go%: e r&%%g'r%%eegct%é’ rnalﬁpﬁw%eéf’%eﬂg‘r‘i’%ﬁ dieytrlarng

normalize! thE¥ePHH &4 freaupiey Siiclarihds I emersattep babendtidteofjsaththie dsamibiaepbhent for
the corredporeting.$ukiband 22). Mastesomepiineat thasseesnaaesliamatihsinenuifermguanpfizer
determingg e Allig pi AR eIl RRIRn equal to half of this amount.) Only coefficients 0-45 are used
25 to pass a 15.7 kHz signal. (Coefficients 0-62 are used in a 20 kHz embodiment to pass a 21,5 kHz
signal.) The additional high-frequency coefficients above the input signal bandwidth are used to
minimize the adverse effects of quantizing errors upon aliasing cancellation within the design
bandwidth. Note that it is assumed the input signal is band-limited to 15 kHz {or 20 kHz} and the
final output signal is also band-limited to reject any aliasing passed in the highest coefficients.
30 Uniess the sample block is modified, a discrete transform will erroneously create nonexistent
spectral components because the transform assumes the signal 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
a block is modified or weighted such that the samples near the block edges are close to zero. The

a5 multiplier circuit shown in Figure 6a modulates the sampled input signal x(#) shown in Figure Gb by



exponent for each of two subband groups. The master exponent is used to expand the dynamic range
of the coder. Referring to Table I, it may be seen drat master exponent MEXPO represents the low
frequency subbands zero through six. Master exponent MEXPI represents high frequency subbands
seven through eighteen. (For a 20 kHz coder, two additional subbands are required as shown in Table
[.) If all subband exponents in a group are three or greater, the master exponent for that group is set
to one and all subband exponents in that group arqfeduced by three. When a master exponent is set
to one, it indicates that all coded coefficients within all subbands in the group are shifted to the left
three moréhtirightingrfiiectivgishawd inFibe sabbahe resqioneasignabisicisril hefigui 66t eTiaxpooest is zero,
each subhgpe@xpeen) IbihRYRUREARCIERNIRRAAR, RAdRIR! laff.anifts.foysachdiansiorm

coefficients gpntpeg‘fsysggalnd. 'I;p&isetmasltet{1 exponents Egmlt usm’gll; shorter subband exponents while
allowing for FSUMCIENt dynanmic rarh et hieagl SMPIR &18F6 A TS SrefwheisBisdedf sersiferalerooh of
Figure 7. Andiduitiupralistehrpahdseptafendwtietts nupgnr digitak fitter totafobiisnce quied for reprssient the
coded sigmatidn"oh sbAISMHREIR 8 RXRAIRONBRIES Rk BRle cpallicient s siophit of a

normalize ant [ erfl . discussed aboye, the sign bit and the most significant data bit
ina norm 3 dvcr’rhﬁs'an i?sgz}égrgpaﬁ;kés 0 é)epgfﬂbgitgé’%mgf\{%@%‘i@aﬁeﬁi%émﬁ'é%f%é‘ﬁ‘é‘g?ﬁﬁﬂé’d by the
encoder afodai £opackivey ievel gbdenterf Tthebahrd preticigmbitteniaierredtionhé isimalatitidiiens bit." -22-
Whether aynaitissgig neraslizesizembasieiermingshoy.axapinngstie sxnenehlod fagigxponent is
less than its maximum value (which is 15 after adjusting for the master exponent in the floating point
scheme used in the preferred embodiment), the mantissa is normalized. If the exponent is equal to its
maximum value, no conclusion €aftdysitatitienRapdorBorvargdsEraneddrihe mantissa is not normalized

and there is no hiddiserdié thifotec iR e A Sed ORI AR MBNTIESRS 18P ESRAKKGstransform
coefficients, |, ﬁ%)% nds o ining. only one coefficient, Agsuming such cpefficients will usually be
normalizetgf3 thlé. re gc%on ?r{?%gltqggc?brﬂ%%gﬁtt% !Ségpemaﬁ% @?3. ug}ngat ‘gﬁxél(']n_ B AR th B length
for the cotATERIFRES: aEhenBRsion tedhriare psediamsrormbedartitsEimaiinaminid rsivgReneeltiioad, the
reduced W[rda@th is not likely to created audible quantization noise because the frequency
component will very. low amplitude . 3. Fixed-Bit Length The third section of the nonuniform
quantizer sets aﬁ%%lgr%ilﬁlmﬁmr%%gerﬁg%nfglf) 'tlhgh‘r%'p}seg hta %IE i egcqtfé?ﬁfgh?ﬁ%(’f ‘ﬂflrigﬁs(#)ﬁn
coefficient™fificdeRisaicts Sosinecorranfierto MeT twitfigiaedifine Hitsrrty SBOXITORMNFIGNE .7 Thpresents
this sectiopof {iropkoResfana Takbie ihshowys stheminipummumber of bits fixed for each coefficient's
code word. The minimun bit length was derived by comparing a representative filter bank response
curve to a psychmous@ﬂ;gsggﬂgwgbmpld curyg-gBecpusgyfilter performance is a functiqgonly of
the difference in freque®y between a 2¥gnal and the coefficient's frequency, any frequency coefficient
may be used to re egﬁ Q’ ilt ?"l"ﬁ responge..The resppnse curve shown in Figure 9.js
obtained from the Q‘éot )zg Z?fﬂg’é’p aver a{ge of the Plltgr']é Fzsl?ﬁonse to a range of frequencigg within
the filter passband. As discussed above, filter selectivity is affected by the shape of the analysis
window anghthe RUhenRh&ARIBIRSR RAMdIMme-domain signal block. It may be noted here that the
overall coder cha}!rq_(;tﬁlrigétigl rgi]pons IS r‘bot as good as that shown in Figure 9 because an additional
selectivity loss occurs aurln% &Y ﬁamgy‘ﬁthesis process. This effect is discussed below and is also
shown in Figure ¥7=Twopishisiebdenstistic masking curves are shown in Figure 9. These curves were
derived from Fielgler, pifayalbation aizRe Audible Distortion and Noise Produced by Digital-Audio
Converters," L. ) ) .
‘ x(n) = quantized value of input signal x(f) at sample n,
C) = DCT coefficient &, and
§(k) = 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

Ck) for 0 <k <N/2
C®), =
®), [0 for k =0 3



~Audio En So c., vol. 35, 1988, pp. 517-534. Auditory selectivity of the human ear varies greatly with
frequency, however, the | kHz curve is representative of ear characteristics for frequencies between
500 and 2 kHz, and the 4 kHz curve is representative of the ear's response to higher frequencies. 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 achieve the lowest bit rates. In particular, note that
ear selectivity for frequencies below a | kHz maskipg.tone is very high. Other transform coders in the
art have achieved the required subband bandwidth and selectivity by using -23- time-domain block
lengths of at least 512 zgmé)les Fér exam }153 see Brandenburg, "OCF - A New Coding Algorithm for
High Quality Soux¥), Sig a({( Ié‘g IR Con , on Acou t Speech and Signal Proc., 1987, p 4)141-144.
 Because of time delay nstraiffsbizdissed above, a preferred embodiment of coding system uses a
128 sample block and must overcome undesirably wide subband bandwidth and degraded filter
selectivitﬁ#@thbm%@! ﬁ‘ﬁg‘%b&‘t%?ﬁﬁ‘héhed in part by reserving additional bits for all coded
frequency coefficignts betwwodtkicizntFige egulficaorypaes the filter response against the 4 kHz
psychoacoustic %s._lgi@g{;%\é%ge CAUSE coger B:mdwidth and selectivity improve relative to the

. equation 2j. . . .
psychoacoustic masking curve as frequericy increases, fewer bits are required to represent higher

frequency transfOtfifeBBit Rl etibvesek s sheris FeraissTemplosndRBEIeBta Goelemimiailikepit length
values as"dhosigoritiialie the inditd Caampaies thendlkHEdmaskisgsuryeoainghine filieigesponse
curve whigyl set-sich that. hoacoustic maskin rve is.al igher. The offset for the
filter respgﬁhsstsé %Hdggé-l?g?thgﬂlﬁ%é %s%%cl%;‘é%u%ctyeé'cﬁ‘grgeer?%% E.Hdedl S?{a %ﬁ]ﬁrﬁse‘r” é&“f’é’r"iﬁeby
lower-fre{SEMEG tsexfiesesstively av el dom Anginrpreveeneits sivhsingls eonnexarmdpmrodiately 6 db.
The-grapltethrifqgeieeplditsithditatese FFDifsetdiplek dBnfairappepkbmanply fasiditipnabijtesbagauracy)
may be ng t loy-f trapnsform caefficient if ng other S are present to
contribute @?ﬁg%;%ﬁr%c %ﬁﬁé’%ﬁf T e@r%%?#ﬁ%n %P{é’{ﬁ%‘gﬁgﬁg&g@p B@?ﬁeoéoggm%ﬂ?\?&%%wn in
Figures 9°HePmAler 1oBants ohedpEaRiveeficionts, ere e dzmahm ravefvas astthowstinfireb edis rad represent
the psychiha@ Bt firalking effeciepraciicas syt isingladppaws. anprmaanband afngisg. Figure

12 showsgnpRBRaR e Tesing ey s AGINEE IR AsYPRIE VRIAY. oL he Id i Maoina curves
of three tones. Empirical evidence indicates that even this composi EELRENE VAR Q18 Yitive,
understatfig’ fAkexed.by ﬁﬁé”é’kmﬂ‘é’ﬂé@toéf%ﬂﬁlﬁléoﬂfnes. Furthermore, music is generally a more
complex signal habaitaecidizprese finguanSEs ianthihe AU HIIg IRONEAGENTRMASK RS QG Permits a
reduction in,ihe rsaritedaseHrae B iansior ficient code words. Co ently ,the. minimum bit
lengths shown in Table | are obtaineéd by ae“’aﬁ%‘f%%g’('t”w“e*m%mﬁf L}tlmn %rm’t(ﬁgg %?Pé’r[fﬁqg’f (glgtcﬁrggécﬁicient

code word ¥u festddoyAdAmiHe BatoR s serdie e areamtnt raladaty el the anestifibPGFovides
additionalarit®8hése theend Cotringirased absuiaay of sporiiagactivientse 4.A0aRtKABifvéllocation

a. OvervigyedglpHi-AP AR b IRAGINII I uaazer PRertls g apte B gllpcation. Box

704 in Figure 7 provides an overview of this aflocation procéss. In general, for ed ffm block,
bit allocatitty: an a fixed number of additional bits to specific coefficients in four phases. The

number -24- of litdsnaacieeah parBsioidalRRRM S igRAN GRS Ky BPERRNSMIRSION PihiRle: The
preferred yfuPRYMRAH:I iR MBI RPN DU BT RITRE Bl Iod A DIF R
e 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, {(SB}, {CB}a (SN, ... &)
where 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(f) is grouped into
blocks. One set of blocks, modulated by the window function W, shown in Figure 14b, produces



maximum or as the number of allocable bits. The current implementation assigns a maximum of 4 bits
per coefficient. This maximum represents a design compromise between coding accuracy and total bit
rate. It will be realized by one skilled in the art that this maximum and the total number of adaptively
allocable bits may be altered. Phase zero is an initialization process for the remaining phases. Phase
one assigns bits, up to a maximum of four per transform coefficient, to the coefficients within the same
critical band of those frequency components with tke greatest spectral energy. If all allocable bits are
assigned during phase one, the allocation process stops. If not, phase two allocates additional bits to
the transfoHeal hhreRdR g sdre atigea e ittt PrdieTond aeiber tehfHdadmpithaptively
allocated bitspled iemehsigasfficipnitcloovertbniinalingalete BitsaraaS6iENE RANINGLRARBHWOLhe

allocation ProeeStinstRRSw!f AV Pils Femain. P three allocates bitg to.those, coefficients which are
adjacent tQ coeffic?ents that were allcl%iated %l@gﬁrlﬁg f%“é?ie“%h"él anc ?{/I\t/'c??&omng "débé#%%‘%onceptual
descriptioH™8Ph s PAE LRSI sussrbuiadsing nsbnéhaherpdnbiensnderans aehsesuragicrissibimentation
of the prabed¥® is discussed later. Figure 8 is a diagram of the conceptual process used to

adaptively allocaigiiitsry Giefilinaaneio5n) FRATIRIRNSm MG AITRUAEPT RIERT BLRNABRS.ASIC are
shown in box 8%9..T y A(') to zero. The next step

0x 8 qle férst Sé%? initi?:izes the elements of an arra : NExts
identifies 08 amallaLEdEHAY BIHShER amiRAL ke x SBISdATSIBFAE S O BRACRN tFiesiRg est
spectral cepnpertaht, tuhdhsalistortive majubeasaiteliadl dybihansrexpengptomiacsyliisaates fiomXmN and
the differengerisnstorad 7) iR Mid diRiasthatsbmsmalesinrasiniefubhand SXRANSIbis.£er0 and

the Iarges%r@%ssiot%leeﬂguqrpanlgd %ﬁ)onedﬂqt is eiﬁgteen, which is the sum of a maximum value o "fifteen for
a 4-bit high Trefuency P arban e b SHATR bITecsamai MeBt FrERe RIeRks Maerb PRSP vRIEXPI. See
Table |. THar&fsre, the range of possible values in array M( ) is negative eighteen to zero. In the next

step, four is addagle haBaA-AIGMAyRLRHAY M b0l %%rpﬁmssﬁﬁé%wm@%ﬂn@!&ﬁ% [Qpsfy At the

end of phase zero, arra sists of a set of elements, one for each subband, whose values
range fror?]isggéc’)of’o fg{ﬁ{xﬁ"}iggé%#?éﬂti%ﬂﬁga‘%ﬁ%e&ﬁﬁﬂ}sf‘é‘ﬁﬂé‘seﬁlgﬂ"i‘bﬁé‘%dﬁﬁ’é(ﬁﬁé fperbat least
one of thelexsefiEEAisisrshtiven sulblipmel 15as Giperef ieilmyass shectrataoeificianisinsbensigddsignal.
Phase oneraasiuMeaReliRs s ibhiigRIcsaRiSls Bl InRaalRraIRe iR g agficients

in each suhband, using.the prqoces n in Figure 8 box 801. Each elementin'A() corresponds to a
subband. %‘2%?’%?% %&Bfe I#ucafil ajﬁgﬁ‘&%ﬁ%&% DY APRtions frs siaad my Ph EnepyR S SRer S

coefficienf@vtrierBfdre Eacnedkhisntisf digyrtprasenisuite norrber dkhiteassigned imallsipansform

coefficientbDAhe paesRANSNG GURRAMIJWR SxamPlecieiBringfohah s Bhand RRIESeNts
coeﬁicientgf&gﬁg %a{; gfl%ment A %.ga§ a value,of .one, this indicates that 2 bits are - 25 allocated,

iGiehts 7 8Rka8 E8hih hi‘hega?ﬂgté@f’a‘?ﬂ?if&'ﬂfeé@%ﬂf hesaypsdlokalue of

one each to trans%orm coe?flueﬁ‘ts
two, then 326 Bhessaeend hatfaedie s2hipied aighaloavesticie titse30 o451 Uriag thetal jadatisnh psagss, as

each eleMAmO! Adr) ifelDrIIRNLAds BhAERS! shalleGa'aroi IRABRHCIRELIOM pREr of bit
remalnlngig%r?é‘lpcanon. \é\é@ I all ogggagllocable bits are assigned durlnr]] this or any following phase,

that phase. Immediately Erminaies | 5¥thd LRSS e 1ALk for &Tasi sisa!aorifg the final step
in which the allogatjoi/Bmit is reached, the number of bits assigned to a subband during that step will
not exceed the number &f bits remaining for allocation. If the last of the allocable bits are a@igned
while processing a subband with more than one coefficient, it is likely that not all of the coefficients in
that subb‘éhﬁ%i%’t?e%ﬂ@&%@%?ﬂ%ﬁhe number of bits. Starting with the MO array element

representing the TDa€siagyarsyaseeHinie ot 4R o arefully designed analysis-synthesis windows to
overlapped signal sample blocks. The signal sample blocks must have a 100% ovetlap, 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(¢) and y,(r) shown in Figures 16a and 16d , recovered from
the inverse DCT and DST, are modulated by window functions W (6) and W (1) respectively, shown
in Figures 16b and 16e, to produce signals (1) and ¥,() shown in Figures 16¢c 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).



DCT blocks, or element M(i) for DST blocks), each element of M() is examined in turn. As many as
four passes are made through array M(), or until all allocable bits are allocated. On the first pass,
each element in array A() is incremented by one if the corresponding element in array M() has a
value equal to four. The second pass increments by one each element in A() which corresponds to
each element in M( ) which has a value equal to three or four. On the third pass, array A() elements
are incremented if the corresponding M() elementhas a value within the range of two to four. The
final pass increments those elements in array A( ) corresponding to those M( ) elements which have a
value in the rang¥ indawdesigonadarvel:fapsaddt ureeyiinénp dieslythindsit frocelemeantaeEbsiyvi st to the

allocation dimii of Igsarihencanignis:af @, ) ( [ ' il q‘ vnti al. Ifuth number
of bits asgigned tggs régc@% the %zllgf:Stigargy%n%tg,tt%ﬂgfg:@a%gggﬁrﬁo%&vég%%c%r{;ff]g‘?g at fﬁeéei end of
ble b

phase one 1f any Ao (SRR VL SEH b it G DA i pre sigtil o HbRrs Aowhiss gl of
Figure 8. TéadirphhitaatsakCmsmuralyy 2D At despassesitefiecgtpadreay Ag)irsiogpiag.earlier if and when
the maximum allocable bits are assigned. Each pass starts with the lowest frequency element (A(0)
for DCT blocks, or A(l) for DST blocks) and works upward in frequency. On the first pass through
array A( ), each element which has a vAURBERNEER Sratatithee is incremented by one. On the
second pass, eldiriritangfitinsdef§sioft vdved fiwadiltee imdr d 0dein tadodod dibgthinsk P Ass seigments equal

to three atg nskpmeniedadiiliaanaganeMasR W RahRicceARoNG alleratian dnikigysry element
in array A(r?: will ha.\ze a value of.either ];s_%}i'r or%&:ﬁ?lf ?ﬁ%{ allocable bits remain, allocation continues

orm qua of ARSI B AR B HEE N RN Etion will

. F.nonun tizer mpo 8
with phase three Shown |p'box gH%6p igur
ternfihate 3¢ ¥pieradwmeizoE e wvIrntasdieniedetied) Fhidginal phaseifssignantizditionsal bits to
transform eagiigienis rvéhajoeteanmstraheariamindichnm adiRsent [sukbands.ef gesfiicignts with
higher en%’r(ﬁgﬁeg IS jsti%larﬁlengug a&co%n)tplish dliwf?fow ste s,@rhe grgitep scannsgat,rrayA ) starting
with the highest réd‘a ency. 26° eFemee_znf Affé?‘(g g?%%pf%@ﬂf%fﬁ es%%%ﬁseﬁeﬁ’ﬁﬁm’fnoﬁ Hz
Eandgvuitw%ﬁ@?gg;;%m%w afenijyady t;iﬁa&g@énm&gwmgmﬁmﬁzf?me {@)_o,|4}. If
ound, theresiap alamentitisehdearomehdatihegiar BV alias bes WP sPegial cases
compyise glag l?gcgi %ﬁ}ea%‘ The pi allocation ngf Iihte lowest frieiugfc trglgg‘orr?l coeefficient IS set to one
if the valuds b1 the two Towast requency aiBma fgg(g@)‘feéln%n hp© gﬁ-ﬁef‘f HIFRHESr A(l) and A(2) for
DST blocks) are {paingmnint eqpreserfasion of pemetit1@lhntitiesdsted! tondeteimtirenit tiaiigitaldes are {4,0}.

If so, the glogatiap iad thaighestiraanencHARYRRAAL 19 S6lIQ ARG (R ame A IR0 §4R0) are
tested in a}n%O kHz codergolf thﬁ ﬁllocation limit has not beengrgﬁched, step three of phase three begins

by scanning Brray® AL downward StariPg TR HghRerTFd Al enRersstbaAhesBYEH: of R %roup of
three adjaRefirrede prbadneniciisamantinsa due sighd! Ohtégéouridedhexpenton etementdsisettd one to

prodice vedupeniéhi 0mT NEntoLsthpbRlfinad- RN Mas aliRcales araitignaldista the

coeﬁicienﬁ%r}ngﬂb ands aes(a'\%ned bitglin steps ongl%hrourg three of this pha tarting at the highest

e.S
iphiet, requir ofivert the maniissa (either n rinasﬁ‘eg atunnormalize) e ";AEHV &fents

frequency element of array A( ), eac éﬁemenf’hﬁo’
modified iRfferenveseied inenetisehauantixt Thinaty cedentionteambriifieckisedasp three are incremented,
starting with the Righ@st ffequency subbands. This fourth step reiteratively increments the Htay

elements Wht%g stgrgqhord r d'ks&lusf?e above unti| all allocable bits are assigned, or until all of the
where =

elements ified in's evgsu(e)r?e ﬁrooﬁdﬁgfﬂ?g}é e §§’signed a total of 4 bits each. If the latter condition

is met and any altbcatie eredrinisaen-1alisd apstigmecinphase three repeats starting with step one.
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



b. Adaptive Bit Allocation Logic The concept of the adaptive bit allocation algorithm is represented in
Figure 8 and described above. An understanding of the algorithm's concept is helpful in gaining an
understanding of the actual logic of the adaptive bit allocation routine. Phase zero begins 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 XM,; (2) starting with the lowest frequency subband
(subband 0 for DCT blocks, or subband | for DST blocks), subtract the subband exponent (see Table
1) from X,, redsei@itititine differenaiyie 2e£0 pirsafdatIobbarshPUMBAILS, 13I8 rantl2asTin aRd T4; (4)
if the differ, ' ' RS mber inta tables T" T2, and T,; (5) if the

~ difference %Gﬁg %ﬁvﬁg?’gﬁﬁgg rztégl eeglf E‘ggﬁg@g Struh%hg ﬁﬁ%ﬁt{gb& q]e %ﬁ%&sﬁf %gﬁt"lﬁl eth"e‘&ﬁﬁéorlé’nce is
negative tRFee TR S ampided b PRt iy evionstleisiappibiceal grmsesinastitdor each
subband unittialies otzired Straverirdizatipno c¥dseitkr At hevenshohihisosiafizéaliendt, RoRtaiASthe
numbers QipdhehbiRRSBRLIRY G EXIABENLE IMSIANAR K I WonuahiPal P s FRNADS

subbands %H]%Féo%gen S froryt),(,,:g‘n,-z to X",p,, table T3 contains subbands with éxponents from
XmN-1 to X1, Ana tabie P4 L8 ﬁérgﬁﬁﬂﬁﬁfﬂg%tﬂoé%ﬁé%%@@aﬁ% to XMW. Of significance,
subband entries in each table are in ascending order according to frequency. Phase one allocates bits
to transform coefficients in subbands with {heg,|grdgstsiiRhang exponents. Starting with the first
(lowest frequency) entry in taple T4, one bit is allocated to each transform coefficient within each
subband represen 85‘?%‘[158#515@9'fh%“ﬁﬂ?&éﬂs’ﬂrféeféﬁ‘é%d’m e vropfide Ronumiform, Aerntizany table
T,. This prébesmdionsnerégmetibnthafiosabitdnitsdshvehiadoxaiHghBiuay TNThalkamriesiatakles T4 to
omave baRBIBELEERAnAR P LSTIONAD [ SMEIRIURY SRl AL SN A0

correspondigpftt)?e at.subband is incremented bﬁﬁone such that the elements in reflect the total

bits allocafed fo each FaRSEFH & IL AR ehleetmand kv dieplintie the et oreeiarinates
immediatetgaffitiantain ghehesatfodblélbitsenedistipnetmims htiabiendrtryp f dpitesdnisragsizband which,

in general neaninisHae fiplestransiosRmeriicients il s Jfihe 'ashafleallocabichits, are
assigned pa tar}:)else (%tl%reg es(gnting a subband with more than one coefficient, it is probable that not
all of the coeficierne in that subbiand can be allocated the same number of bits. In such situations, the
allocation process notes which coefficients in the subband must have a bit deducted from the
subband's allocation amount subsequently giigeiR-BiiakeAO- Phase two constructs four new tables,

T, through T4, usﬁ}g aprocedure si@'}lar to that used in phase zero: (1) Xk still retains the smallest
subband exponent (35 F8P (e 1aMv Q5 P BRIMALD S RpiFEF (SelEmRiRg dhfor e PhioeREbErsMfand | for
DST blockepasshtiaceatiecd b avidbexponepst oot gdpifetinés diffe nenepaisl 70y dyinstrtrihg subband

number it tabIRdEA: Ebrifhs HifGERNES: inHaRANE QRS iseY F&Efiﬂ@%ﬁ?&"ﬂgﬁw {ple T3: (5)

if the difference is negative two, insert the subband number into erence is

negative thrSB N SIPRRRYE AR AREP TR Ber MAtSTaERRR$ M5 XBhieRieswtis s fessusnes myhbandsor each
subband wsstitalihsoushagigitdeny e(fseen 2priddesedet, Avdha dinchaf slitibaste piréafal@iiTecantaing the

numbers of aflesuphenrisith u relaile 108, with
exponents.eq#&;ﬁo X 2 tﬂbﬁﬁ%@ﬁﬁ%ﬂggﬁb%%%?%é %x%%%’eﬁ%@%%ﬁé% %gﬁaqrﬁgat B4 contains

subbands Witk SO Al SybBA KRV Huthat i frepdiceddydbres kbR A SHstsH g Orakr

Exponents g
according ibsehéofeaeiitindjcutsiatmhsidudnoetiefficienitithab aibin@sai grsghits tasdhiceefficients

representagi ek RN damde ﬁ%'%siﬂ-cﬁcm’bywé Eitblnd 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. o
An additionat 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."



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 T3, 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 T3 and inserted into table T4. Next, coefficients associated with entries in table T2
are allocated an additional bit, moving each entry from table T2 to T3 as the additional bitis 28
assigned. Then entries in table T, are processed, _nigv_ing the entries from table T, to T2. If any
allocable bits remain, allocation continues by repeating the process for table T3, and then table T2. If
bits remain to as$igwtharfmaizpass is maselduw ugh thaeatimsdbiablsmtAnll Alasgdym dqggpot
assign all iggaiing leshits.able T4 cantains all of the coefficients, each having received 4 bits,
and tables ﬂ%&ﬁlh rou %yg,ﬁggeﬁé%{%/%aﬁlﬁ Fog‘{é}gfé ﬂ)si%ghaa{t\% o "§s§’|rg£§d?aéf?'é§xﬂ?')el‘§ ReBisilt from
the informaﬁ%tﬁnﬁgﬂl%tiﬁﬁ’ﬁq‘r‘? tspsl detre peebstng srabediame thnaneotissbiserifodedd 16 thactptransiorm
coefficientiseegetl elctmenkimanrasivd( hceshespondinghoRman thsitdabieT ddsassigngda.vatye of

four. Eachnbheipaiett ei"@sROBGNTidg.AReNntry in table T3 is assigned a value of three; for table T2
a value of two; aq_g,for tgble T, a value of one. All other elements of A(), i.e., those subbands which

are not represented b aNIESTA feprsed ek oy gheseamaptissas: semesaniing | sentfianbitoatSiain, iallocation
continues Whtapliasetatniog oMlalvie: TafSdontedssondagingihecsuiandinumbey sdnindascending

frequency relibgibissisteP adeisealdhRands.ie,ab ich.are.not in table T4 that are lower in
frequency an&fédrlacent toéqsu_t?bands which I:'Qlﬁre!)?nx'[%\dk}\fI%EEH ?2‘“ 5 grtlnarwnﬁﬁlm% irst (Iﬁpéﬁbg?‘fr@&uency)

entry in taBTg el AL ndf aresieemasostisins baprsatderhernibtiveljzsde the pairatdd by two
or more sbderats st difely do theadimidin ofiheisubbaoie Peradiaielyehalny thefushetsybpand is
inserted ingoviaklenl knfpRrgxample, suppose two adjacent entries in table T4 represent subbands 16
and 12. These two subbands are separated by three subbands. Therefore the number 15,
representing the subband below subband 16, would be inserted into table T,. Two special cases for
subbands 0 and 18 (subbands 0 and 20 in theFd@d<Biz Eeapmdiment) are handled next. If subband I is
the last entry in tgRéetisd thQy4NYp d 0 is.nserted into. table, T1. If the first entry in table T4
is subbangelzes%sl{l bang 19 in t %Jgﬁjuﬁrﬁgg'df’r%@'t ,?tﬁé%nﬁ%'ﬂ%@?c‘%‘r'“s‘%ﬁ’a!%ﬁ fegetl B bR 20) is
inserted into able 1°" The #itd 5@'3%5‘@0%%0@% ezl TThihitangike inotin aabldifil hatare higher
in frequentspBtientitlfacmancy sBipbaiids Ribich Brepiastakle it 4etarinaayihthe fitstighgsiireauency)

entry in tafdemifimagiaeantebl RS Kkibadabla als 8% d.to determine if they are separated by two
or more sybbands. If they.are, the number of the su&%£§ ?%em“gé?gt%ea%"\}'@ gjfBWE’F‘EJﬁﬁand is

inserted info table’ T, Far B AnfRESElAb s &0 batkatespensatseg dnteablesTdhoepretenmskbigands 16
and 12. Abrerseldsmen:afovasetfdse persubbandstaseiseparpiethbyiRsHRbands Lhey elaiR e

number 13, sigaRr eKeMingdieisil akPVE SHA 12, wauld be inserted into table T1, Starting
with the fi%saglgrgt%inotable%an additiona ’biti aé{si?g eapté(f)\g é’g’{;ﬂ ragnpsef(‘)}?ﬁg RISt Eiated with

each subband réprasarited By SR ERtrUH tatirrriin Adeussch suphisinetdieny the protessedgitis moved
from tablerYeragfoatuie filer'¥ epoasiotableitsatrairmidheiand @b mecessingdabie Jl.asimilar

process repealstivsr e R Wrtakleol 2nMEXIRg ntry from table T. intg table T3. Processing
continues with table T3, entrlb% if any bitg remaéli% to%qﬁ%‘g't&'gn‘%{}%}é" -aﬂge-%}ﬁt?fg'%%ﬁo?ﬁ BIAESTS into

table T,. IFany bife raraSi N BREPIHS Jopanheaeseh heee thpdhecnest tnderubginninigtioyrspotingigable T4
entries inteotiaseeortinghttediuendy Bigies. /¥baosalkaianable RS ARNG RS SRARERGE v ANA() is built

from the feyifaligraedesthbert ANOURIALANARGMR ARG AT in g ne T, allocated, dach
transform coefﬂc+ent codhe word is rounded off to a )
WO psychoacoustic masking curves are shown in Figure 9. These curves were derived from

Fielder, "Evaluation of the Audible Distortion and Noise Produced by Digital-Audio Converters," ],
Audio Eng, Soc,, vol. 35, 1988, pp. 517-534. Auditory selectivity of the human ear varies greatly
with frequency, however, the ! kHz curve is representative of ear characteristics for frequencies
between 500 and 2 kHz, and the 4 kHz curve is representative of the ear’s response to higher
frequencies. 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 achieve the lowest bit rates. In

particular, note that ear selectivity for frequencies below a | kHz masking tone is very high, Other

transform coders in the art have achieved the required subband bandwidth and selectivity by using



bit length equal to the value of the element of array A() representing the subband in which the
coefficient is grouped. Some coefficients in one subband, however, may have one bit deducted from
their length as required to keep the total number of allocated bits equal to the allocation maximum. 5.
Code Word Truncation The fifth section of the nonuniform quantizer, shown in box 705 of Figure 7,
follows the adaptive bit allocation routine. Using the subband and master exponents determined in
previous sections, each transform coefficient in a ggosform block is shifted to the left a.number of
times equal to the value of the exponent for the subband in which the coefficient is grouped, plus
three mor&egriesnainghlogsisnafaneliatiaststiadxpoplent Ecsekiopinesde aemdanifigierdsrotal bigdength is

then calcutatral ygadelingolt :1ipA R b&,}grgggaﬁgpqg;@@ﬁtlgggggﬁ mg;;gerﬁfeggapti%g%nailocated
bits assignped.t %?effllg:lqgggl%each subband, found in array A(’). Each transform coe code
word is roun e’dl off 6 this bit léngth. As described above, each element of array A() represents the

number of bits aB&fghEcPiding debtrienaraivtitiviusaedubbend. iBdemed cebiidients if @dmgsppand may
have ‘one witsce thisctedpiototheild inngdvasoreouimRa i ikeaRd bt nHmRah A PisAlRF3iRY to the

transform Qiagk e uabiRethg.allogall imum. . E. Formatting The formatting process prepares the
encoded t{ﬁ%#ésfo% blocks foaf%fansr%?gs?gﬁg%rpﬁ%q%g%.pafm’sy prr%%i:ré'é%gigd PRt donyib 5298 in

Figure la. THERSHoRHE R hpRoh biddus SBeuwrse! Fomattierg Be dilwo retransrebgigitlisudhidis that
used in stevethphonitiappitatonsve hedkasie salvervamdhiamenss serabRyUilizRY N Ginglershannel or

multiple-channgl-systemsswitbut.Aenagting from the basic invention. A fixed length representation of
each,tran%%?m coefficient co%e Worég isr%gllrmg% n??rﬁﬁsda%ﬁér t%tes founded” E’eR%’(SF&eP(S léfqg‘ﬁgth equal

to the miniFRUSM B TARERArSsRsisisAtrabene f iny Jhingeainngite ianetestedingbmiobulenbirdngte
formatted whparmateipvm dnEairtive bit block. The master exponents, subband exponents, truncated
coefficient code ygyds apgl jve hit.blocks are then assembled according to the grouping shown
in Figure 20. The %rmatte‘gnﬁgtr%ﬁpe“lgflt%zs%aﬁlr%rﬁgggse HREsURe %e&éﬁi%(lgsﬁ %ﬁch’t'(h‘é‘%Hw &channel A
has encotSh Yabherrsyshaacoetic maskiar BuRvesioH wertligh S Thslo ket fothibeffiltereresibide subject to bit

-30- error@shichinasthdsaansestioyabineduriogh IRRSTRSSIAN fR IR CVEREINFQIGR @iGHermixed
with the qdaia agaaManLio ikl Hional.-overhead bits e,required, such as frame
synchroniz tio%ébitis if %é%%%ﬁﬂﬁﬁﬁﬂﬁ%}%ﬁj %}Ot%ﬁrsorﬁﬁrgrs;}lgﬁ,%o(r’%;{ﬁba@eaégrﬁ'o%é%’%rlﬂecord
keys if the TTaAEs RraiMeAted 48r Cicmeximaemé dliterdrhitandiosieere mey biradctierformatted
frame is ranmgderiden-frequeneytoeifooueiBsiethintheritbnd igiplEeans Rissiony e msiiew York,
NY: Van Ngsttrand Reinhold Co., 1985, pp. 228-236. Randomization is performed to reduce the
probability that valid data within the frame will be mistaken for the synchronization pattern. The
randomized frami& SRS [sasthe srasgied barthe spskineonies showltsinNogeres & d@chntrdihshorm

coefficientonseyvbtivee reserte hévaas: manwa&gvgmc{istmcmtgﬂ.@qg?p&mg.t@ Eﬁygggﬁgggggprese nts
the coeffi@ggg{ggnggga%lﬁ@gfkbqusﬁ & mposed, of a fixed nLLmk()ier bits. See Table |. The second
part of the representation, if present, is-of varying fength” and is compol¥tfor tH Gdpthasty Allocated
bits. This f\?\ﬂgﬁﬂﬁ PRI HEYROfeEkpb @ Gipelerpertay of thevinibimidepireesiitg canksagaffieient as a
variable ldergth lowitnetedidenit imdharg inmVaSHes GMEPIRLOMRY ROISE. dbRPAIRG LT AGGHES in a
frame utiligin { . ffects. of, the noise will be confined to the value of the
exponen t%ﬁ C%éiﬁwﬁ()’)ﬁ% géﬁ%g%g% tﬁ% Stgtllrgesbt yua %rc 861, music Is genera Iy a more complex signal

. an 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 Iengths 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 additionat
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 allocation. Box 704
in Figure 7 provides an overview of this allocation process. In general, for each transform biock, bit

allocation assigns a fixed number of additional bits to specific coefficients in four phases. The number



by the noise. If a noise burst occurs in a frame utilizing variable length code words, the effects of the
noise can be propagated through the remainder of the frame. This propagation may occur because
the noise burst will alter not only the value of the exponents and code words hit directly by the noise,
but also the information needed to determine the length of each variable length code word. If the
length of one code word is in error, the remainder of the frame will be misinterpreted. Table | shows
that an encoded DCT block is composed of two master exponent bits, nineteen subband exponents
for 69 bits, and forty-six coefficient code words for 163 bits. An additional 34 adaptively allocated bits
bring the totdii®Giliybteckhisagth tai2G8 bifsai(kanitheg2diigHne RARMIKIRA bidkaRNCate Glerdedlock is
compose r s, /7 b expone ts%J 77, bits, sixty-three.coefficient
code worg%&g}%%%%,eatﬁﬁggﬁ gg%ﬁ é‘yﬁr&gﬁ%‘%}i% S@ﬁgg'ﬁg %t%?%? 10 rﬁft%.r) ﬁ;&' %o%e%:?ﬁu?able I
and show BB QESbhuntmbes i perer DS T coefficient S(0) is always zero, therefore the code
word and its exp@hertneedmgthentiansmiied armigiash 118 wdusecoamanaoderidmkiblask by a
total of 8 hi ' efficient code word bits).to  a length.of 260 hits (302 bits for
e 20 Ko o T R B s
No side-infbirbibheesahorithly Rrrineaadne soakmembies b admmdrediiershis Hismane s
allocated. The défimmattings proc@diistiablgricesietermineithpriopesallopriie oo Hiansmitted
subband eypoReAkRRY REHR PUNG MRS Rerlera g3 AR AS AL et GERGAMING: Process.

When dat corrugétion is not a problem, a preferred structure for formatting a frame of transform blocks

is one whillP 5 TELERTL RIIBSR é”ﬂps@}etﬁ%?(sédgf'éﬁéltﬁ"ﬁfﬁlﬁoﬁ 8t abenhifhitsaseassigred ASFHE second,
and finallypirsecatepthecliaiticm wdckitsstdfisis HeshiceBaprovessingteedyivat ditseo aftetraadfesmbband
exponentscm@iéagewhﬁawy@qisﬂzme&ﬁgmamggheg%sém @Qﬁﬂ&%f%ﬁé}%@im&q%ﬂ%%made to

each transform cagefficient while the adaptive bit blocks are being received. Thé formatting structure

used in th&3PeTRFrateRt b &netii LHRsable iRiEias - aswanet i BneRRast WS fath At O PFORRs master
and subbastebexgbrentsiforominciFhamclhasseiiolded bitascahdingdetipimncyintiesrdaligaed toy the
master andosiRhandiarRencmizald it s dhansl. Mthdhafisd lkngth R%@B&a‘?fd@?riﬁiﬂﬁ‘smrm

coefficient c?*g,e words for, the first channel are assembled in ascendingggrequency order, tollowed by
the coefficRriP SRR EISrad R avEstin thanoHnuing paiagraphe adBpacuabiosiocre isentdion ef @annel are
appended fothdisitistisarssedddaved by the adaptive bit blocks for the other channel. In applications

where potential %@&%%Qﬁ@ﬁ%éxﬂf SORESHR A HOERLGEHON SENRIIE, SuPEEESREY: HEERLS In

subband exponents, afnd,to the lesser extent, errors in the lower-frequency coefficient code words
generally PSSR RSTGrieates DG dmiR Erio s PhD AT At ROt h &t 880k e #irotect. A
preferred duttistiaes photebisdhiesd walaesywith) exrcedeteThionandigorieetits dedessiaadssepamtes

these valugganMUshia@siPeRSIRIS H TR AY SulaH IIRUALY AQLPIS e RIS REERS:, SRR Sheme is

shown in Figure 2]. It Wilkbe (E’bvious to one skilled in the art that other frame formats and correction

codes may B¢ fityey ithBEPHE AR Sy th Bk TaTetuornd the ¢tk fariyths8ra iR %dhe of a
DCT/DST Motk PhiteishBos b im0 oitstforstihd30 kiipnemborimeant) UBf thissdepeivla 30bbitgiare

subband aggsnaster axnencrisithd RS dbe %%H&mem?]%m&?) fireadiers) Regpdigolomon

error correctb n aodes are added tq the bit stream. Each of these codes provide single-symbol error

detection/SSHERH STRYELPHRRY x84k ptduRe faithe mBei X pmmmiddEh s o%hd *blad. foPEsEple,

rec
Peterson dhelraugsddmosiblrv@uesdetingyGodeis, negrhleridigeseMasaoT He thk hdxt Beps Sot I8HIdpd.

269-300, 36%3h2cRRIPSAHLPHR FHAY HOHGHIARNPSAY G- BGHSEIM ARG IR HIRglect uPp to
39 nibbles (156 bits) of data, bringing the total frame Ien%th
array M( ) consists of a set of elements, one for each subband, whose values range from 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, referring 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



to 552 bits (636 bits for the 20 kHz embodiment). Because the three codes may protect up to 156 bits,
yet there are only 139 subband exponent bits in the 15 kHz embodiment, protection may also be
provided to the three lowest-frequency coefficient code words in the block-pair frame (coefficients
C(0) and C(1) for the DCT block, and coefficient 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, théDTT master exponents should be-assigned to one

code, the RRTERH APRNERSHSAWRRRSSIANCH '@aRAINGL ARde.ANE hea loN feduency
e - e

master exg%gﬁgts from aclér%nsform block should be assigned to t Ifd code. -

Reed-Soloman codad piilelt Yk hainsates 2hissetas theoaifistents At Sor RetnadtissHomation
unprotectdiogeita 2 eaghqlpresntimbAd-bis nibisieenfal, abhs ewitprocessingedTtie ratiedatpdatesierkdata to

unprotectaghfsdadnasch il BRI LiiRedS approximately two-to-one. This permits scattering
protected data tmléghagutftﬂ]e f [m%tée%,frame, each 4-bit nibble of protected data separated by two
nibbles of unprotected data. 1h add Sl ASHRRSL MRS, B ireRIfLny e HBREa Ak gRassymbol
error, protEetedipibb legniratessisid kb ofihe siseqfithieptiaseraco skippial sabpranaie Fod axarpkhidhe first
five proteatacadokss RifassGORA (@eriaRFadiShs 2sdrkadd 2uSEIRCENEM BERI U GRL Wit
this technl&%ged%igrillgll%gug%l rror gf as I;narg as, 33 hits may occur anywhere in the frame without
corrupting more than a single Ribbie Hom BACREIPEr Jo0s 1ahatdie Alofdits or assiensth le
recoveredPiURIsHIR AR Btk Beresthan dongeeffibiant 38 ipiikdly bagtbx. Bulfjdettefi-consttaints
discussedsaliayve vanpengotstanché ansf akmueegfigient code words are assembled in ascending

frequency order, are follow, the adaptive bit blocks. F. Transmission or Storage The
formatted frame %}%ﬁ ?véadlﬁefoﬁrﬁt aXr%a ies?é‘ﬂ(‘)‘a'rrﬁjl RSP ERETA ‘?fﬂ'ﬁﬁﬁ’éﬁiﬁqﬂ?ﬂ‘é’fré‘fé@ciﬂh&“@s{fﬁn means

110. Tran&hiESI8rkm etRement A D foniPeiskleskation dembnbsfivéadeastivigedinternal Asensuch as
studio monittingaetesign aadxingu A ptRItacHitmar inlaRhanicuisaiandeastdnl @k Artgllite links.

Storage X ngtiG tape and magnetic tical disks. G. Deformatting A deformatting
process ﬁiﬁ%@%ﬁﬁgﬁﬁg %?g‘?tig}ecr ‘é‘ﬁ‘é“’&%e%“%ig‘;fg i%"FéeéB?&@ﬁ‘%rS'ﬁﬁ“eﬂhH&Fﬁﬁ%%i’&ﬁ hhasas 11|

either by rEBSRIBI A BHEMTRE SasRIdanasy Iesisavald hropnsearhgenPhiinphdedsds cepeasmritad by box
112 in FigemIae;ﬁethenfmmanﬁaafnmevﬂﬁ&@@ﬁlwndéewaw@néi?m?&ﬂ&%@g QYRR PESIRRsthe
formatted Hggﬁg&gg&gvg[ﬁgc@é e%noin\{grﬁ rggdncl)mi;ing Qrgcessﬁ_Then the frame is split into the
component parts of each transfor pitg MO L Fsmens pa SoBHERAL, Bs A e bR L ixeifength
portion of {HthSRsFrinersEmEichescodempstds 2y Addapotivebpralssignetbiitsi( B remensredlidrhgades, if

present, mayahie as@e i ge ity en ik inttoduced Hiipg MaasnisEan Qfex%ré?ﬁ@@:?a#é?cbﬂ thf master
exponent PJtE.;@EﬁO%QFCkﬁ% .\(vithl its c{grres{pondi?%redugi%nt bit to verify accuracy. If this check fails,
€

op SREERSterIan Al Bt At this p\?&h@%%&@%erléxponent

i.e., a master exponent’and i_?s‘ reaundan
is assumelit GBI, bittiestenpdkbasisnsaed tin alloratitar lonjvothe itis! lowtira lyraess ithisrassemption wil
reduce theharaglitd@hast allslransform coefficients within the subbands grouped under the errant

mastor exponen e e e h SR MR BB LS DA Brocted
coefficienttigusg 8. This phase makes as many as three passes through array A( ), stopping earlier if and when
the maximum allocable bits are assigned. Each pass starts with the lowest frequency element (A(Q)
for DCT blocks, or A(l) for DST blocks) and works upward in frequency. On the first pass through
array A( ), each element which has a value between one and three is incremented by one. On the
second pass, elements with values of two or three are incremented. On the third pass, elements equal
to three are incremented. If this phase completes without exceeding the allocation {imit, every element
in array A( ) will have a value of either four or zero,
If any allocable bits remain, allocation continues with phase three shown in box 803 of
Figure 8. Like the previous phases, phase three allocation will terminate as soon as the allocation
limit has been reached. Thi§ final phase assigns additional bits to transform coefficients with lower
spectral energy which are adjacent to subbands of coefficients with higher energy. This assignment

is accomplished in four steps. The first step scans array A() starting with the highest frequency



The exponent for all single coefficient subbands are also checked to determine if any hidden bit
adjustments are necessary. The adaptive bit allocation routine discussed above is used to process the
exponents extracted from the received signal, and the results of this process are used to determine
the proper allocation of the adaptive bit blocks to the transform coefficients. The portion of each
transform coefficient whose length equals the minimum bit length plus any adaptively allocated bits
are loaded into a 24-bit word and then shifted to the right a number of times equal to the value of the
appropriate subband exponent plus three additional shifts if the associated master exponerit is set to
one. This gearasa ($8y epensantadopyisox &33iig Eigatie ta. 3d. ﬁwmﬁﬁisdﬂilt@ﬂa@niﬁ sdaNgreeal ransform

Box 114 '@%ﬁg%@ulbes%@jﬁ%ﬁpsﬁe.%éaanbh%hsmﬁ]%'%Jfg,égr ﬁ%ﬁ?ﬁ@ gf%gé‘e%@efS%femeat s set

frequency-domain coefticients recovered from the d finearization procedures into a
block of tiff@FoTH N8 04PYAREs REFIMFeld fansform from that used in analysis filter bank 104 in
Figure la implenimtsspyatihesiesfittenpgoakhklsbedidesigyverseettanaffammiosthie: THAE feefisigue used

in this empgdiment ale103HNg ARPISANORSLT ?@Q%'?&@Y@%ﬁe@e LandanyeiRE BpT-

Because half of the transform blocks are omitted from transmission or storage }(aee expression 5),

those blodRE R PI9& s eFeADPRSr AR fURL BHarSIchhsd the THRSHRPEIETY, ):I?E%&gbé’?ecreated
from the aestid el ST dEkeiaydimsvareiftdyualion, BcTiteatissifiy OSHighoclismeybabborkated as

shown in eauatiPBnd. ThRMRYEA1DGhdARXprassaskinequation 18q4and the inverse DST is expressed
in equation 11. -k).for N/2 5 (k for N[2 <k 5N (9) x-i 8(n
Et(k)cos[2rk(n+?[pﬁ)“!alg)?ﬂa Ni'&'bfaﬁlﬁ’&’%ﬁr % Sﬁ %ﬁ%éﬁﬁﬁmm{eﬁ%‘%@ﬁSgaﬂf‘mTrWhere k =
transform 46&diviewariustaing withslym bigbesh frkguenen sebbhtd: inuseabdy off ararefonitiosefiitieats, N =

sample bleeklaRgMRiA B RRSEIRIM 4V, hDAGIRRE RELAHA Rneft (s fHAR R IREd wpglficient k,
S(k) = qu(?{u'fléz ed DST coefficient k, and A(n) = recovered quantized signal x(n). -34- Calculations are

performe an FFT algorithm. The same techniques as those employed in the forward transform
are used in the iThefoerthamd finnh soppdiphis€ dneustiordteal ddilddiah bik bothe thafDiEdsdneubBiBidusing a

single FF Lodrgilf §hsl adalfcoanthigian Bl Iusihalgile. tr@tﬁﬁfﬂé”&t REOGSIR LTl AR VRissRy pEhesis

filter banks. Theg %éfxf filter bank transforms the time-domain signal |nto an alternatlng sequence of
t

DCT and B&F4 RIS l?ﬁh‘éfé%?‘éep‘ﬁﬁ%%em@ iHbersy erters RAMJSHF SR Hnd
applies thiadrerentes! DST tﬁltlhéyoﬂi\endw&ﬂfrmduﬁedbmmﬂm@srmwmmdﬁtgdjrssrﬁﬁavﬁ&ihﬂ’mgteﬂovered

signal contaisnayiasibgheistationoutiisicistartianis,crocalian G auRsaguetingsdereain block
overlap-adf pIage SR RRISRSN'SIHRNR LA I Fias s QrGriapsadd rogsas i disgussed
through three are assigned a total of 4 bits each. If the latter condition is met and any allocable bits

remain to be assigned, phase three repeats starting with step one.

b. Adaptive Bit Allocation Logic

The concept of the adaptive bit altocation algorithm is represented in Figure 8 and described
above. An understanding of the algorithm’s concept is helpful in gaining an understanding of the
actual logic of the adaptive bit allocation routine,

Phase zero bégins 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 X,m; (2) starting with the lowest
frequency subband (subband O for DCT blocks, or subband 1 for DST blocks), subtract the subband
exponent (see Table I) from Xyp; (3) if the difference is zero, insert the subband number into tables
T\, T,, Ty, and T,; (4) if the difference is negative one, insert the subband number into tables T, T,,
and Ty; (5) if the difference 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 T,; (7) continue steps three
through six for each subband untif ail 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,q-3 to Xyqn, table T,



below. 1. Synthesis Window Figures 16a-16g illustrate cancellation of time-domain aliasing by the
overlap-add of adjacent time-domain signal sample blocks. As derived by Princen, to cancel
time-domain aliasing distortion, the TDAC transform requires the application of a synthesis window
identical to the analysis window and an overlap-add of adjacent blocks. Each block is overlapped
100%; 50% by the previous block and 50% by the following block. Synthesis-window modulation is
represented by box 115 in Figure Ib. Analysis-sy[\tp)e;s,is window design must consider filter bank
performance. Because both windows are used to modulate the time-domain signal, the total effect
upon filter petfimsmetriceds wilnélpoterts areffex fauser, by asinglecwindawitmaecianhg.product of
the two W'HQQ:W@,%P?&JQE‘ Ofammlﬁsﬁﬁ@{&ﬂg%?nww&%@%uén@%%%?rte’)ts ac%)tngfﬁkl 10(319 by

designing a suitable rqﬁﬁét- window representing a point-by-point mu tiﬁicé‘ﬁ‘én of the ana(ifisis and
synthesis TRV A" G268 bhe Mg Iy seeningafiidnd ASerdime g ERMBRRSYin trading off the steepness of
transition band réfast and thedeptitofistopiadd rejetitimisAm asivbatts fitan préfimanceviamegraded

to a greatergodant thaRiisaY &R aRaMSissQHYW ' ith S.C int. Eor example,
see Figure 17. While ﬁn(%@sis, H\;\1indows¥1§a{i’§’/eéﬂre%:((ieoi[\é/%%@rvr%!L]Jc ﬁt@fﬁﬁ\(l)&rlf t%lg ;{;trllgsr g&%ﬁ%ﬁc’egaﬁ{;ﬂe about

analysis-s%'fﬁfg%% REHFERRF pethin Fash suebmtiraraseiehir i pabls dEIMALSHIds EPRtediE SyAthesis
window pdirt fiabia B kKhownd oty tableiis Thindowesiasigimuw hild! al yibnatisidtviindasemayidaedused as

a starting peliisgeialovindas e, deranal adigthank wil opdaelPaiaRddiey.ofer a
means to traq%]of steepness of trabr:smon band rolloff aafalnst depth of stopband rejection. Three

examples Afe the K AT S AL 2HPY b FoTSHROBENSHOCRE SYRMRY Rilgtsmentad by Wi dth datited from
finite imputigmiinte ieddflict8ens theatplthasRHokatdd dClattatiamétho doS6eidniksmhduttecdellan,
"Chebyshev Appxgisratianiter NeRRUSE R EHIRIF Wil LinsaRENBRIe il ke, mg%ec?ifcuii
Theory, voé. %T%lg March 1972, pp. 1@9-94. Only, the Kalser-Bessel window is discussed here. -35-
This window alfds &V ARE e e8I v iestigh frateinsitwitiels Lansferpasasisifisalpha
value. As digerieral fule, lshofitbhalicshibs itspo\esstgasis tvontiize dntoyl offiresadtinig h sulthadvaliies
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low frequetithasd patshasee bivyednetadidtof dsuwhbiod (abemdon kit Fiisargéyclaetéptable alpha
values wag dgtermined using computer simulations by identifying the lowest alpha values which have
sufficient stopbang rejection tp keep quantizing npise below. the . psychoacgoustjc masking threshold.
The Kaise(-Bess% avﬁl?n? Swlne %ng?sl(lJr 5"53“@-%\ ?2 %E’Hfg\béof’rf'ﬁ?yré?%eg%% sy to4 a=
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is negative one, insert the subband number into table T,; (5) if the difference is negative two, insert

; (3) if the difference is zero, insert the subband number into table T,; (4) if the difference

the subband number into table T,; (6) if the difference is negative three, insert the subband number
into table T,; (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 al} subbands that have exponents
equal to Xyme-3, table T, contains subbands with exponents equal to X, g2, table T, contains subbands
with exponents equal Xype-1, and table T, contains subbands with exponents equal to X,p. The
entries in all of the tables are in ascending order according to the frequency of the transform
coefficient.

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 aflocation 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 T,. 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



is derived by convolving window W(n) of length v+I 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 s(k)W(n-k) WP(n)leé-p forO5n<N (13) E W(k) KA N-r-1 W(n-k) WP(n)
=k-0for05n <N (14) E W(K) k-0 where it = prodlict-window sample number, -36- v = number of
samples wiignwlindten evettannnieat, M pdesied lsneip MJQQM%Q'W?YVtoW§P)IF Agginning

window fupgti + P(n) = derived product-window of length N, and s(k) _ It for O sk
<N-v 10 o%%%tigé @E@%ﬁ%éﬁ%ﬁo sg%l léesﬁsg %1% oW sl\ﬁuéoWﬁ(’ﬁseE?ﬁé‘g’éﬁgﬂ@éin‘ﬂe%ﬁg}%%btained

by taking tHTadrva Hrasnien wifinbwmarm ixmpeds thevsiaid Siissvirtabisseclil/plystiddpes WP (n)A for
05it<N (ékﬁkn\ﬂﬁeh))ﬁcvm'fﬁ(@}&mrﬁ%tﬁbg P, (:%ﬁ)aiiﬁhzﬂV&W?&Qr}]rfci;@n%w&ghﬁmﬁlhﬁié%i@%%{%?e
equations n).= analysis yi : n),= synthesis window, N = length of the
product-wi%ngg?\a/?/}% th,&fé*:’ ir.‘ Frﬁ?oer% %m\go‘n(jlj %Yéﬁ%&/%%ﬁ%‘f?&%""‘éﬁﬁ'gﬂ}?ﬁhﬁéﬁ (RidbirRislem, length
of 128 sarHi5&HmALin romemedidriaiesvBrihipueh T toviefiemp frrdotahibds 6losatrdpiesacitensiioes of A
and S are eméiciset. tdi@me}haiﬁwhi@hz@rﬁdy%ﬁﬁ%ﬂaﬂ@hﬁif @em&s&bam&uﬁ?‘r?r&dﬁéyg}ml i&wéflﬁ?ws as
required by.the ransform. Substituting these values intq equation 14, the resulting analysis
window is }éjgpe'n %gk@e? QB%eéW[(ﬁ?ﬁ WA ‘r?f ggxm&ef‘ct)pd u?;%ielg’( SW ?(_\ghwﬁgérw(ﬁ)ggble
Kaiser-Bedad YAWERS 15 iyfer éedleaRuamalunshamctdl riher tlementyel A(0.7i.¢J. thseselbandid An
additional rédghiremantripelaced bpemrivinidarbldeFion: dhe analysisand synthesis windows

If any allocable bits remain, allocation continues with phase three. Table T, is sorted,
ordering the subband numbers into descending frequency. The first step adds subbands to table T,
which are not in table T, that are lower in frequency and adjacent to subbands which are in table Te.
Starting with the first (highest frequency) entry in table T,, adjacent entries in the table are examined
to determine if they are separated by two or more subbands. If they are, the number of the subband
immediately below the higher subband is inserted into table T,. For example, suppose two adjacent
entries in table T.‘_‘.represent subbands 16 and 12. These two subbands are separated by three
subbands. Therefore the number 15, representing the subband below subband 16, would be inserted
into table T,.

Two special cases for subbands 0 and 18 (subbands 0 and 20 in the 20 kHz embodiment) are
handled next. If subband 1 is the last entry in table T,, the number for subband 0 is inserted into table
T,. If the first entry in table T, is subband 17 (subband 19 in the 20 kHz embodiment), the number
for subband 18 (subband 20} is inserted into table T,.

The third step adds subbands to table T, which are not in table T, that are higher in frequency
and adjacent to subbands which are in table T,. Starting with the first (highest frequency) entry in
table T,, adjacent entries in the table are examined to determine if they are separated by two or more
subbands. If they are, the number of the subband immediately above the lower subband is inserted
into table T,. For example, suppose two adjacent entries in table T, represent subbands [6 and 12,
As discussed above, these two subbands are separated by 3 subbands. Therefore the number 13,
representing the subband above subband‘i?., would be inserted into table T,.

Starting with the first entry in table T,, an additional bit is assigned to each transform
coefficient associated with each subband represented by an entry in table T,. As each subband entry
is processed, it is moved from table T, into table T,. If any allocable bits remain at the end of
processing table T;, a similar process repeats for the entries in table T,, moving each entry from table

T, into table T,. Processing continues with table T, entries if any bits remain to allocate, moving



must be designed such that the analysis-synthesis product-window always sums to unity when two
adjacent product-windows are overlapped. This requirement is imposed because an overlap-add
process is used to cancel the time-domain effects of the analysis- and synthesis-window modulation.
This process is represented by box 116 in Figure Ib, and illustrated in Figures 16a-16g. Signals ye(t)
and y,(r), recovered from the inverse DCT and DST respectively, are shown in Figures 16a and 16d.
Each signal is grouped into a series of blocks. Eachgignal block is modulated by the synthesis -37-
window functions shown in Figures 16b and 16e. The resulting blocks of signals 3,(t) and 9s,(t) are
shown in Figfgiessfoertaiiel ToMT keblenh silfrmils by echappafidoytonsepallitaleckiengtieataroadtied to
produce sigaahity. by RWRINbIOURAAE RIGARIMNIIIS IR ALY FadECHIRTUAtIMRQbsOHgRal input
" signal. As shown Jn eFrllgure 1% z,sgn?lfsamg}lg at sope tim nq%wnhln the overlap interval between
block k and9bAR B &TanAEL FdthF R RS SPFCRYSBISIRE PERifoWihg an overlap- add

of the two windowdtthiidkss, lilne tren i redl sig pathsamgitenatcteffeint ¢sdseeorddsbmithded uffi tofathe

samples frofuind Qe RIGRKSRNE e LiatBith MR PABYRESRIGHAS A BRRtOKEOY +
WPk+1(no'g->%notg (18% Wrégtre WPk r%)f_t) = WAK(not)WSk(not) = (WAK(not))2, WPk(notz = analysis
window in BISEK R TARPE:, SREGRBH LU Al & S R RoHeBIORY 2RY 9855t 5Pt A hot) =
WPk(not) dkeietpirtbddieqhised et dirvsfaphmulitterprbdiscated ridis wamb tutbéi eliveffeotsianiencancelled if
the sum of the two adjacent product- windows across the window overlap interval equals unity.
Therefore, signal x(nt) may be accurately5 re,cgge‘{%gdif Pk l;[))“+ WPk+,(nt) =1 for 0 5 n< N (19) for

all time samples nt within the overlap interval betweEn BIBER Kand block k+1. It is difficult to work with

the product-windealft Rertdem Afaheimrnuaiorns qasiiagh) showerih S d ot digire heltienselpressed
in equationdftivtota fuReticeh cbuingd ow SaMAle satbRRE &Y iRALAtiaps&istReaiigmed BxpeRtudhis

requireme r.a product-window created from the product of. a pair,of 128 sample analysis and
synthesis v%%@%“?vse\%ﬁﬁ‘i'&f\g%%“ over gb?“k‘é‘uaatﬁ%rﬁ%ﬁgé%%s%F%féf%ﬁ%o (5'%/‘3elr%lagtr§1 8?@5%&@&‘?%%? 8¥%vindow

WPk and ttethssrigipbherransrsiiderstiviptbandirrhicE thaatefidemt je grewmsdiplsdhseenars dfifise last
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equivalent gxpressions in.terms,of the analysjs window. Note that the analysis and synthesjs windows
s RS TR Ry R R TR G A e R
WPk-+(n-64)effititols 4o @oh subp@d 2fopnfitdein-A64) } Eacl{\tvankiorjhXoellidenOchda wabd i2@nnfed Ak(n)}2
+ {WAK+(sg 4} dhis hifakfhd n < 128 (23) where WPk(n) = WAK(n)WSk(n) = {WAk(n)}2, WAk(n) =
analysis window valuge for. s le n in block k, WSk(n) = synthesis window value for sample n in block
. WAk() = (TSRS PR b R SRR CIGTEScas e TIPS A Figure
Ib represerfieeffieispivarithimareibingd-tSomeaenflisiamtscin onsvwhithinganrorbiesore bitrgéderied fengetbginalog
signal in respgmsasteequiigital iRpyind haligiabipistiaoliained (0RE thehsform block equal to the

allocation maximum.

E. Formatting

The formatting process prepares the encoded transform blocks for transmission or storage.
This process is represented by box 109 in Figure 1a. 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 1. Any additional
bits allocated to the code word are formatted separately in an adaptive bit block. The master
exponents, subband exponents, truncated coefficient code words, and adaptive 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



16 most significant bits of the 24-bit integer words produced by the overlap-add process. The analog
output should be filtered by a low-pass filter with a passband bandwidth of 15 kHz (20 kHz for the 20
kHz coder) to remove spurious high-frequency components. This filter is not shown in Figure Ib. 1.
ALTERNATIVE DFT IMPLEMENTATION The TDAC transform is preferred for most applications,
however, the signal processing resources required for a TDAC coder are greater than that required for
Discrete Fourier Transform (DFT) based coders. Ugjng a DFT, a coder may be implemented which
requires less memory, processing speed, and arithmetic accuracy to only 16 significant bits. The
design objactisesdorsrsbElised tipmaise dhargamasastival torctherAG emkogdinmeathiid auality
signal, minialsit s8tefovandn [eMpli1e delada i RMobhR5PdRE TS TlaMngFiscHRsian sgumes a
sample rate o 48.kl;tz aﬁlltrslo h g_theLrate§ suchg the 44.1 kHz sample rate discussed above for the
TDAC emBBIErt Ay 2180 Be RS SERLILL LAY F3BISRY aaheseoiisrs o gt
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shifts requqllr%sé‘ggge %ﬂ%ﬁg‘gﬁﬁfgﬁﬁﬁé@g‘?ﬁ%ﬁﬁg&? (gordlgr‘ﬁ rég’oﬁps%ﬁ? %““‘0‘5 e ‘Jﬁﬁ%é}?ﬁ“{ﬁge range
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signals begagacotlbsatimosddadelt shiftadaepncadeond fight shiftedRudesade reducing the
effects of arithmeIIi Irqléﬂg-%f{he{rors. U@J(PBWE)I modulation of the arithmetic naoise flpor occurs
by a

with high si%nal levels similar to that create K SR LIS SR PSRN AL, BRE S hpirical

evidence sHBYgadIsaPIRRH D AR bt RO fsbrsinfoanivinst ardE orpetscior 463rbittuenaieddBisiealy 3300 Hz.
Because latdpiiiéshnaiocaed oite beligtaidiakADE TG Riigroisebeiay 396: e avaitaubblemthe input
signal (an engise floor be reduced by a special preemphasis attenuatjon before
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frequency always zero, therefore the code word and its exponent need not be transmitted or stored. This reduces
an encoded DST block by a total of 8 bits (three exponent bits and 5 coefficient code word bits) to
a length of 260 bits (302 bits for the 20 kHz embodiment). The total length for an encoded frame of
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 probiem, a preferred structure for formatting a frame of

transform blocks is one which places the exponents first, the fixed-length portion of coefficient code



signals. The preemphasis characteristic is complementary to the postemphasis characteristic so that
the frequency response of the coder remains flat. The preemphasis gain characteristic is a low
frequency attenuation given by G(s) = s2 + 2w-100s + (27r100)2 (24) s2 + 21r-300s + (2x300)2 where
G(s) = preemphasis gain S=jf, j = -1, and f = 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 cqtg{f_frequency is 100 Hz. For further details on the
use of pre= and postemphasis, see Fielder, "Pre- and Postemphasis Techniques as Applied to Audio
Recordingwdyhtesamd, knd\ﬁd&ﬂﬁlﬂ@a@@&elyalto%&e&mﬁmﬂ@&&@%'pﬁ@ﬁéﬂg'&@@% -E%%J&UQMPQ
descriptiondi if ween the.DET and TDAC transform embodiments. A.
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ese co eé'provide single-symbol error detection/correction for as many as thirteen 4-bit symbols
(nibbles), or 52 bits. See, for example, Peterson and Weldon, Error-Correcting Codes, Cambridge,
Mass: The M.LT. Press, 1986, pp. 269-309, 361-362. Three of these error correction codes are
inserted into each frame to protect up to 39 nibbles (156 bits) of data, bringing the total frame length
to 552 bits (636 bits for the 20 kHz embodiment).

Because the three codes may protect up to 156 bits, yet there are only 139 subband exponent
bits in the 15 kHz embodiment, protection may also be provided to the three lowest-frequency
coefficient code words in the block-pair frame (coefficients C(0) and C(1) for the DCT block, and
coefficient 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.



The DFT coder using an analysis window with 100% overlap requires approximately two times the bit
rate as that required by the TDAC coder. Unlike 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 samples. See
Figure 23. This reduction degrades the digital filter stopband rejection, but it incurs an increase in data
rate of only 14.3% (128/(128-16)) over that of the TDAC coder. The DFT window is generated in a
manner similar to that of the TDAC embodiment except that the kernel Kaiser-Besse[ function is 17
samples in length and has an alpha factor within thé range of 1.5 to 3. See equation 12. The range of
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two of.the nonuniform quantizer as is done in the TDAC coder. Other minor differences are
attributable to the differences in the strugusg. ofcthelock-Bipating-point representation, i.e., subband
exponent length rﬁg rTber and length of coefficients. Comparegl'ables l and Il. The evaluatlon of

subband expone O S FramaCls iBo8a Sado P AReSBHSSIRRSTOHor sloetiieRioveduasibystiats for
coefficient GaBTso00 HenhdBe Pnaginissgtarmtic mNaySpaBlo anRskiSination such as broadcasting,

internal use such as studio monitoring or signal mixing, and interfacility or telephonic use via

terrestrial or satellite links. Storage media include magnetic tape and magnetic or optical disks.

G. Deformaiting

A deformatting process takes place when the digitized and coded signal is received from
transmission means 111 either by receipt of a transmitted signal or retrieved from storage. The
process is represented by box 112 in Figure Ib. If the formatted frame of code words was
randomized prior to transmission, the formatted frame is recovered by an inverse randomizing
process. Then the frame is split into the component parts of each transform block: the master
exponents, subband exponents, fixed length portion of transform coefficient 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
value 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.



Ignored. Each subband exponent value is determined from the largest component, real or imaginary,
-42- for any coefficient within the subband. The minimum bit lengths for the DFT coder are greater
than that for the TDAC coder because the DFT filter frequency selectivity is poorer in this
embodiment. As for the TDAC coder, the minimum bit lengths for the DFT coder were determined
empirically using sinewave input and comparing. filter selectivity to auditory masking characteristics.
E. Adaptive Bit Allocation The adaptive-bit allocation for the DFT coder differs from that used in the
TDAC coder, but most of the differences stem from the structure of the transform block. Only 32 bits
(rather than 34) e avpitebiedonialbgatiantliacatinnds MAdes oA LARRRSALS IOl N fidden
real-imaginarshaiiioneashecagificient. To simplify the allocation scheme, no dynamic bit allocations
“are made to coefficient 0. Its length is fixed equal to its minimum bit length as shown in Table II.
Therefore, 32 bits' AF NG hE flfpcatpr seiprtiteupwit sbavecisretstotpreaesTORE pooehes extraghly the
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Bit Ln MEXPO EXPO 3 hjts' ? 5 bits' EXPI 1
expressed in equation I1.

Ciy = -C-k) for N2 sk < N ®)
S = SN-k) for N2 <k <N ©)
1 K-1 i
) = _Egcf'(k)-cos[%rk(n;(m)} for0<n< N (10)
K~i
£(n) = _Il.{.kz*;S(k)-sin[Zvrk(f;{ﬂ)} for0<n< N (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 &),
C(*) = quantized DCT coefficient k,
S(k) = quantized DST coefficient k, and
2(#) = recovered quantized signal x(n).



EXP2 2 EXP33 EXP44 EXPS5 EXP6 6 MEXP1 EXP7 4 bits7-8 5 bits EXP8 9-10 EXP9 11-12
EXPIO 13-14 4 bits EXP 11 15-16 EXP 12 17-18 EXP13 19-22 3 bits EXP 14 23-26 EXPI5 27-30
EXP16 31-34 EXP17 35-38 EXP18 39-45 2 bitS ------------=-mmmmmmmmmmmm oo - 20 kHz EXP19
46-54 Only EXP20 55-62 The TDAC Discrete Sine Transform produces a coefficient S(0) value of zero
for every block. This is known a priori by the transform decoder, therefore the DST exponent and code
word for coefficient S(0) need not be transmitted ors ored. Table | Frequency _Coefflclents for 'I_'DAC
Coder -44- Master Subband Coefficient Minimum EXxp Exp Exp Ln Numbers Bit Ln*"MEXP 4 bits

EXPO 3 bits 0 11 BritulEieb 1r8 iitbrindRRidgaX PBISI SN RR. /TR B3 BiLs & X8 B bits 7-8
6 bits EXPehndQofid9ckdsrbtn BXRIQU RN VRIS RXR bR B EX B2t Lt 8 Eahias 29,20 21-22

| permit concurrent calculation of both
2 bits EXPl&l‘fEZBEZIG and DST using a single FFT.

Figures 14a-14e and 16a-16g iflustrate the transform process of the analysis-synthesis filter
banks. The analysis filter bank transforms the time-domain signal into an alternating sequence of DCT
and DST blocks. The inverse transform applies the inverse DCT to every other block, and applies
the inverse DST to the other half of the blocks. As shown in Figures 15a-15d, the recovered signal
contains aliasing distortion. This distortion is cancelled during a subsequent time-domain block

overlap-add process represented by box 116 in Figure ib. The overlap-add process is discussed
below,

I. Synthesis Window

Figures 16a-16g illustrate cancellation of time-domain aliasing by the overlap-add of adjacent
time-domain signal sample blocks. As derived by Princen, to cancel time-domain aliasing distortion,
the TDAC transform requires the application of a synthesis window identical to the analysis window
and an overlap-add of adjacent blocks. Each block is overlapped 100%; 50% by the previous block
and 50% by the following block. Synthesis-witidow modulation is represented by box 115 in
Figure 1b.

Analysis-synthesis window design must consider filter bank performance, Because both
windows are used to modulate the time-domain signal, the total effect upon filter performance is
similar to the effect caused by a single window formed from the product of the two windows. Design
of the analysis-synthesis window pair, therefore, is accomplished by designing a suitable product-
window representing a point-by-point multiplication of the analysis and synthesis windows. This
design is highly constrained, reducing flexibility in trading off the steepness of transition band rotloff
and the depth of stopband rejection. As a result, filter performance is degraded to a greater extent
than it is by an analysis-only 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
2 means to trade off steepness of transition band rolloff against depth of stopband rejection. Three
examples are the Kaiser-Bessel window, the Dolph-Chebyshevy 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,” 1EEE Trans. Circuit
Theory, vol. CT-19, March 1972, pp. 189-94. Only the Kaiser-Bessel window is discussed here.



EXPI5 27-30 EXP16 31-34 EXP17 35-40 Each transform 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 O is always zero. This is known a prior! by the transform decoder;
therefore, only the real component of coefficient O need be transmitted or stored. Table 11 Frequency
Coefficients for DFT Coder Kaiser-Bessel Transition Band Stopband Ultimate Alpha Factor Rolloff
(Hz/dB) Rejection (dB) 4 25 -89 527.5-99 6 31-111 7 33-122 Table Ill Frequency Response
Characteristics for Derived Analysis Windows 45 "‘GPAIMS 1. An encoder for the encoding of audio
informationNTGa RRAEIRC I RIID BleSa oA ising means.for receiving said signal
samples, syatiltl)gng‘ means, ipclPd%ﬁ%@ﬁgﬁﬁgﬁ%ﬁ%ﬁﬁ%ﬁ‘gicg ()er(gfeans‘e’ﬂﬁ{?nﬁaméﬁﬂﬂpg‘bnals in
response to said Signdl. Sampes, & FRiYAlT R aYsstarsiiscbandtingflafiendifematatiervalmsiuding
said subbalfdre&itmtie dert afdighbindusientinayifep dfoismalialitatie for transmission or storage,
characterized In thatagigharkapiive bihgd muﬁghdgneﬁfg%mlg%[ﬁgpmgggp% %b uml .e.tlﬁg‘s tr)!‘tns% to
represent %QQI&QQ ggo%aégmgl%pnq%r{%tg nalts, and wherein a portion of said subband'signals
represented by an Ifvarantnumber of bita  any Said o HAR R hrrlaikat i Beawanaissdiid ki subband
signals repttbdriaobytarbindarission fmiser Gepitsdinsolendeosindte pre-bigtahlighediaogiioas within a
frame of sHaligited cuut edpandapserAsacidingn HRIMMPRSIEIN A rmating means places
said port|oglgi(ﬁw_gp%Egasdrglggslsw%e&r%%@te hy an invariant number of bits into aéjz_féenf' pgslﬁons
within said frame. 3. An encoder 1or the encoting SPAISHRTERm ibsrR SHIpHRingoncite halosathples,
said encoo@?@%ﬁ?ﬁiﬁ@‘?ﬁ’@ﬁﬁ@f@ﬁhfé@eiving said signal samples, subband means, including adaptive
bit allocation medfis, Kalsagaevativigiouwbiangsignals in response to said signal samples, and
formatting means for assembling digital jnformation including

I, mc\ 1-(~2y?

W(n) = N2
) Liro] for0sn< N {12)

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

N = window length in number of samples, and
- ¥ (2)?
¥] = Rtadet
Lx] § i

To satisfy the overlap-add criteria, an analysis-synthesis product-window WP(n) of length N
is derived by convolving window W) of length v+ 1 with a rectangular window of length N-v, The
value v is the window overlap-add interval. The overtap-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 W(n-k)
WP(m) = 22 for0<n< N (13)
Y W)
k0
Nev=1
Y, Wk
WP(n) = . for0 <n< N (14)

Yo W)
2

where n = product-window sample number,



said subband signals Into a digital output having a format suitable for transmission or storage,
characterized in that said adaptive bit allocation means allocates an adaptive number of bits to
represent a portion of said subband signals, and wherein a portion of said subband signals Is
represented by an invariant number of bits, and said formatting means places said portion of subband
signals represented by an invariant number of bits into adjacent positions within a frame of sold
digital output. 4. An encoder according to claim 1 thggugh 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 ZhEdWBYSAEIPBIFONER Sdndasvbig iteneds within said frame. 46 5. An encoder
according to any éhe désitedrsgtitlorakigprddudhigiawaid subband signals comprise scaling factors and
scaled values, a erein. said portion of subband signals to which an adaptive number of bits is
allocated comprir;gswgt Iea%tﬂg% %lc')}nog% fsggf & ?g n§§lﬁ’é§’6. An encoder according to any one of
claims 1 through YRRk raiferivetinsodistvindaynefdesetnphisedscaling factors and scaled values, and
wherein said portion of pubband signals represented by an invariant number of bits constitutes said
scaling factors. 7 dggFHer@Fé’férhw&tféd’ signal comprising subband signals, said decoder
comprising deformattingl fheastbefmissbtaining said subband signals, inverse subband means for
generating signal samples in response to said subband signals, and means for outputting said signal
samples, charactéheekiysihaidsemitdafonnadtinghneniseg meansiad ebRNRaARYRRS said
subband sigpais @B&ﬁ&&ﬁﬁ%@wn)i@y@{gagta%@%&% bits @E%{,%;O”e or more pre-established.
positions within w‘kﬁeﬂo%aid’\formatted signal, and tor o alnlnd"a portion of subband signals
represented by an addptiv (nber of bits from s&% %cFrtatiell signal, and said inverse subitsand
means is means WP@kreMRy’ said signal samples i gespange to said portion of subbanc{g%ggnals
representegubys i jpat it .g&%(s id portion of subband signals represented by an
adaptive numbermﬁgﬁi. S?ékm(%%g%? ;%Icor m%ggoggfglﬁqlmi \I/viaé]fgaﬂsaid deformatting means obtains
said portion of su@ ?i@?ﬁ%’?éﬁ?@%‘énted by an invariant number of bits from adjacent positions
within said frameWa(# despdiesiviveddrwmatted signal comprising subband signals, said decoder
comprising deforq@a;tigggm%%fggogp&qmgag Sald subband signals, inverse subband means for
generating signaIAs%mspl_t_asiin ’

In one embodiment, the analysis and synthssis windows have a length of 128 samples with a
100% window overlap, or an overlap interval of 64 samples. The values of A and S 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
S Wi-B

k~0

64
Y WR

ke

WA(n) = for0Osn< N (N

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 overiapped: This requirement is imposed because an overiap-add
process is used to cancel the time-domain effects of the analysis- and synthesis-window modulation.
This process is represented by box 116 in Figure 1b, and illustrated in Figures 16a-16g. Signals y,(1)
and y,(#}, recovered from the inverse DCT and DST respectively, are shown in Figures 16a and 16d.

Each signal is grouped into a series of blocks. Each signal block is modulated by the synthesis-



response to said subband signals, and means for outputting said signal samples characterized in that
said deformatting means is means for obtaining a portion of said subband signals represented by an
invariant somber of bits from one or more adjacent positions within a frame of said formatted signal,
for establishing, in response to said portion of subband signals represented by an invariant number of
bits, the position within said frame of a portion of said subband signals represented by an adaptive
number of bits, and for obtaining said portion of sugbend signals represented by an adaptive number
of bits from said formatted signal, and 47 said inverse subband means is means for generating said
signal sampiledoi femponsehte s aidFpmsonabfadbisandraigraisigreentedipiRy Bvaliant) awmber of
bits and saiflRartiopiglisy bReI Sianals RRESERISIRL B PENCIHTIRE! RLOIS 10, faflgcoder

according to claim 7 through 9 wherein said deformatting means obtains said pgr fo ‘of Subband
signals repPESEREUERY 210 isiarmin RisHipdPor ISIEPHOH sbanisrramam Hisresie stiomeficnigiral ahead of

other portidmsibfigadtl subband signals within said frame. 11. A decoder according to any one of claims

7 through 10 whejgig,:aidnsHiphantk sidhals camplisesgaling factars.and scaled values, and wherein
said portion of subband si nzgprepréseﬁ%d b%ggn adsaptgllee"%u Fb“é'l"ﬁ 0 %ll S‘“’g{,ﬁﬁ’ﬁﬁ%@"s@ﬁ‘é"ggﬁ? a

portion of SAfaREAMPlogk Bk | IDTeRmeygnie Qe RaeEwieiifg 1eh Ay hsriwoblerkimETiitrinagin oveddrerein
said subbasid sfghaiscoringoseisdathsy fecters ant sealedvabasiao 8, Wheseito Saidldaien 8l

subband siafgled eRiesAied s AV AHEALIDREE LTS SARSIGS sald scaling factors. 43
ABSTRACT OF THE D—lﬁglkESURE CODED SIGNAL FORMATTING FOR ENCODER AND
4

DECODER OF HI&R-SURIHD XG5 ﬁ"éﬁ%ﬁ’é@?ﬁ’pplies a digital filterbank such as a tr&H8form or
subband fitteetsarkRdnath VA drgal & (aenerd¥éAtegiiéncy subband information, encodes the

resultant subbandyafgimalion 1R GadaRisRLAHAFaIRNP generate fixed-length values
represented by fi>§ﬁ$ @J{Ebers of hits and variable-length values represented by variable numbers of
()

bits, and formats Baghsrsysiader indjosk LatBaed£ighdl in which the fixed-length values are
assembled into pREégiahlishBts tasitie naquittidibthie: amodedsigaal. In response to an encoded signal
including subbangjgf W%J&W%ﬁ%ﬂfﬁ%ﬂffg q-leng hlv I and variable-lepgth values, a
decoder extracts ﬁxecl?Er length values represente b)r/efiri?e‘]éof3 I’llel,?n!l ers of 8@1 ﬁtgvfﬁ %Jrége% ta%‘ﬁgﬁ%a

positions WifiPHAERIHE o Wilptapvauamineryal rusrss [ertth Veatebeserainmsl st ehiy heeasabisehumbers

of bits, whareimvathe ifariable numbers of bits are established in response to fixed-length values, and
generates an  wp,(uy + WP, (nf) = 1 ford <n< N (19)
for all time samples nt within the overlap interval between block & and block k+1,
It is difficult to work with the product-window as a function of time, so it is desirable to
translate the requirement as expressed in equation 19 into a function of window sampie 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
WPy,;. 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) = 1 for0 s n <64 (20)
WP(n) + WP, (-64) = 1 for 64 < n < 128 @D
{(WAL(n+64)) + (WA M) = 1 for0 = n < 64 (22)
{WA (M) + (WA (n-68)}* = | for64 = n < 128 23

where WP (n) = WA(n)-WS,(n) = {WA (M},
WA (n) = analysis window value for sample n in block k,
WS, (n) = synthesis window value for sample » in block &, and

WA(n) = WS,(n) as required by the TDAC transform.
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K. Signal Quiput
Box 117 in Figure {b represents a conventional digital-to-analog converter which generates
a varying voltage analog signal in response to a digital input. The digital input is obtained from the
16 most significant bits of the 24-bit integer words produced by the overlap-add process. The analog
output should be filtered by a low-pass filter with a passband bandwidth of 15 kHz (20 kHz for the

20 kHz coder) to remove spurious high-frequency components. This filter is not shown in Figure ib,

II. ALTERNATIVE DFT IMPLEMENTATION

The TDAC transform is preferred for most applications, however, the signal processing
resources required for a TDAC coder are greater than that required for Discrete Fourier Transform
(DFT) based coders. Using a DFT, a coder may be implemented which requires less memory,
processing speed, and arithmetic accuracy to only 16 significant bits. The design objectives for the
DFT coder are the same as that for the TDAC embodiment; CD quality signal, minimal bit rates, and
low time delay through the coder. The following discussion assumes a sample rate of 48 kHz
although other rates such as the 44.1 kHz sample rate discussed above for the TDAC embodiment may
also be used,

Figures 22a and 22b show the basic structure of a DFT embodiment. This structure is similar
to that of the TDAC embodiment. Four differences are required to compensate for the lower accuracy
of 16-bit arithmetic: (1) a preemphasis gain is applied to the analog input signal by a network
represented by box 2219, (2) block-floating-point encoder represented by box 2220 operates prior to
analysis-window modulation represented by box 2203, (3) block-floating-point decoder represented
by box 2222 operates to recover the time-domain signal samples into 16-bit integer form, and (4) a
complementary postemphasis boost represented by box 2224 is applied to the analog output signal.

The signal samples are converted to block-floating-point form to increase the number of
significant bits because otherwise the DFT 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 Zzaqfarst 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
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to the left an amount equal to the vaiue of the master exponent. During decode, block-floating-point
linearizer 2222 shown in Figure 22b shifis each sample to the right an amount equal to the master
exponent and the sample block is derived from its block-floating-point representation.

The use of block-floating-point representation provides a lower noise floor for low level
signals because all samples are left shifted on encode and right shifted on decode, reducing the effects
of arithmetic round-off errors. Unfortunately, modulation of the arithmetic noise floor occurs with
high signal levels similar to that created by a broadband audio signal compander. But empirical
evidence shows that the major audible effects of this modulation occur at frequencies below 300 Hz.
Because 16-bit transform coder distortion and round-off noise below 300 Hz are inaudible, the input
signal (and consequently the noise floor) may be reduced by a special preemphasis attenuation before
ADC quantizing, and compensated by a postemphasis boost after digital-to-analog conversion. The
preemphasis attenuation represented by box 2219 in Figure 22a and the postemphasis boost represented
by box 2224 in Figure 22b provide a large reduction in audible modulation noise for low frequency
signals. The preemphasis characteristic is complementary to the postemphasis characteristic so that

the frequency response of the coder remains flat. The preemphasis gain characteristic is a low

frequency attenuation given by

G(s) = §* + 271005 + (27 100)
52 + 2x+3005 + (27-300)?

(24)

where G(s) = preemphasis gain

§ = jf,

j =41, and

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 ffequencies. 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
transform embodiment, iltustrated 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-
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with a cycle time of no more than 20 microseconds is used to generate an analog signal from the
decoded digital signal.
Design of the coder hardware and configuration of the DSP serial ports is not unlike that

described above for the TDAC transform embodiment, and will be obvious to one skilled in the art,

B. Input Signai Sampling and Windowing

As discussed above, the input signal is attenuated by preemphasis gain prior to sampling and
quantization. The sampling in the DFT embodiment under discussion here occurs at 48 kHz. The
quantized values from the ADC are 16 bits in length and are buffered into blocks 128 samples in
length, One block is received every 2.67 milliseconds, which provides for a short propagation delay
through the coder.

The buffered block of samples is then converted into a block-floating-point representation
using one 4-bit master exponent. The block of 128 samples, left shifted by an amount equal to the
value of the master exponent, is then modulated by an analysis window,

This analysis window is different from that used by the TDAC coder because of differences
between the TDAC transform and the DFT. Unlike the TDAC transform, the DFT creates a sequence
of one type of transform block. Each transform block is comprised of a pair of values for each of
41 transform coefficients; a real value component and an imaginary value component. (Coefficient
0 is an exception, represented by a single real value component.) See Table II. It is itnportant to
choose a window design which reduces the amount of input signal sample block overlap because the
transmission rate or data storage requirements is doubled for the signal samples in the overlap interval.
The DFT coder using an analysis window with 100% overiap requires approximately two times the
bit rate as that required by the TDAC coder.

Unlike 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 samples. See Figure 23. This reduction
degrades the digital filter stopband rejection, but it incurs an increase in data rate of only 14.3%
(128/(128-16)) over that of the TDAC coder.

The DFT window is generated in a manner similar to that of the TDAC embodiment except
that the kernel Kaiser-Besse! function is 17 samples in length and has an alpha factor within the range
of 1.5t0 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 obtained from the square root of the
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DFT window has poorer frequency selectivity than the TDAC window because of the reduced amount
of overiap.

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

N-1

cky = Ex(n)-cos[Zvrk.%} for0 <n< N (26) -
n=0
N-1 e

Sty = Ex(n)-sin[Zvrk% 1 for0<sn<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,
Ctk) = 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-floating-point
representation, i.e., subband exponent lengths, number and length of coefficients. Compare Tables
I and H. 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,
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for any coefficient within the subband. The minimum bit lengths for the DFT coder are greater than
that for the TDAC coder because the DFT filter frequency selectivity is poorer in this embodiment.
As for the TDAC coder, the minimum bit lengths for the DFT coder were determined empirically

using sinewave input and comparing filter selectivity to auditory masking characteristics.

E. Adaptive Bit Allocation

The adaptive-bit allocation for the DFT coder differs from that used in the TDAC coder, but
most of the differences stem from the structure of the transform block. Only 32 bits (rather than 34)
are available for allocation. Allocation is made to both components of the real-imaginary pair for each
coefficient. To simplify the allocation scheme, no dynamic bit allocations are made to coefficient 0.
Its length is fixed equal to its minimum bit length as shown in Table 1. Therefore, 32 bits are
assigned to 40 coefficients pairs. ,

In contrast to the TDAC coder, roughly the same number of bits are available to assign to
approximately twice as many code words. Consequently, the maximum number of bits that may be
assigned to any code word is limited to 2 bits. Whereas the TDAC allocation scheme assigns as many

as 4 bits to a coefficient using four tables or arrays the DFT a331gnment scheme utilizes only two
tiers.

F. Formatting

The structure of the formatted data is similar to that used for the TDAC coder, and is shown
in Figures 25 and 26. The principle differences between the DFT format and the TDAC transform
format arise from differences in the block-floating-point structure and the number of bits assigned to
exponents and transform coefficients,

Referring to Table I, it may be seen that DFT nonuniform quantizer 2208 shown in
Figure 22a produces 65 subband exponent bits, 331 transform coefficient bits, and 32 bits for
adaptive-bit allocation. Block-floating-point encoder 2220 passes a 4-bit master exponent directly to
formatter 2209 along path 2221. The total length of all encoded data for a single channel is 432 bits,
In two-channet applications where data corruption is not a problem, the preferred formatting structure
is that shown in Figure 25. '

For two-channel applications in which data corruption is of concern, an error correction
scheme is necessary. A preferred structure is shown in Figure 26. The most critical data to protect
are the master exponents and coefficient exponents which comprise 138 bits (69 bits per channel).
Three Reed-Solomon codes are sufficient to protect these bits, providing the capacity to protect an
additional 18 bits. This extra capacity is split equally between the two channels to provide redundant

protection for the master exponent (4 bits), protection for the three most-significant bits of transform
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coefficient 0, and protection for the most-significant bit of the real and imaginary components of
coefficient 1. Protection of the lowest frequency coefficients is desirable because the low frequency

boost provided by postemphasis (see equation 24) makes any errors in code words below 300 Hz more
audible.

Tables
Master Subband Coefficient Minimum
Exp Exp Exp Ln Numbers Bit Ln
MEXP0 EXPQ 3 bits” 0 5 bits®
EXPI1 |
EXP2 2
EXP3 3
EXP4 4
EXP5 5
EXP6& 6
MEXPi EXP7 4 bits ¥ 7-8 5 bits
EXP8 9-10
EXP9 11-12
EXP10 13-14 4 bits
EXPl1 15-16
EXP12 17-18
EXP13 19-22 3 bits
EXPi4 23-26
EXP15 27-30
EXPi6 3134
EXP17 35-38
EXPi8 39-45 2 bits
20 kHz EXP19 46-54
Only EXP20 55-62

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

is known a priori by the transform decoder, therefore the DST exponent and code word for coefficient
5(0) need not be transmitted or stored.

Table I
Frequency Coefficients for TDAC Coder
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Master Subband Coefficient Minimum
Exp Exp Exp Ln Numbers Bit Ln®
MEXP 4 bits
EXP0 3 bits 0 11 bits™
EXPI 1 9 bits
EXP2 2
EXP3 3
EXP4 4
EXP5 5 8 bits
EXFP6 6
EXP7 4 bits 7-8 6 bits
EXP3 9-10
EXP9 11-12
EXPt0 13-14 4 bits
EXPi1 15-16
EXP{2 17-18
EXP13 19-20
21-22 2 bits

EXP14 23-26
EXPLS 27-30
EXP16 " 31-34
EXP17 ' 35-40

* Each transform 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 always zero. This is known a priori by the transform
decoder; therefore, only the real component of coefficient 0 need be transmitted or stored,

Table 1I
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 _ -1i1
7 3 -122
Table I

Frequency Response Characteristics
for Derived Analysis Windows
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CLATIMS

1. An encoder for the encoding of audic information comprising
signal samples, sald encoder comprising

means for recelving sald signal samples,

subband means, including adaptive bit allocation
means, for generating subband signals in response to sald signal
samples, and

formatting means for assembling digital information
includin sald subband signals Into & digitel output having a
format sultable for transmission or storage,

characterized In that said adeaptive bhit allocation means
allocates an adaptive number of bits to represent a porticn of said
subkand signals, and wherein a portion of sald subband signals is
represented by an invariant number of bits, and said formatting means
places said portion of subband signals represented by an invariant

number of bits into cone or more pre-established positions within a

frame of said digital output.

2. An encoder according to claim 1 wherein said formatting means
places said portion of subband signals represented by an invariant number of
plts inte adjacent positions within sald frame.

3. An encoder for the enceoding of audio information comprisin
slgnai samples, said encoder.comprising

means for recelwving saild signal sanples,

subband means, including adaptive bit allocation means, for
generating subband signals in response to said signal samples, and
formatting means for assembling digital information including
said subband signals Into a2 digital output having a format suitable for
transmission or storage,

characterized in that said adaptive bit allocation means allocates an
adaptive
number of bits to represent a portion of said subband signals, and wherein a
portion cf said subband signals Is represented by an invariant number of
bits, and sald formatting means places said portion of subband signals

represented by an invariant number of bits into adjacent positions within a

h

rame of sold digital output.

4. An encoder according to claim 1 through 2 wherein said
formatting means assenbles said digital information such that said portion
¢l subband signals represented by an Invariant number of bits 1s placed

ahead of other portions of said subband signals within said frame.
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sald porticon of subband signals to which an adaptive number of bits 1s
allocated comprises at least a portion of said scaled values.
6. An encoder according to any one of claims 1 through % wherein
said subband signals comprise scaling factors and scaled values, and wherein
sald portion of subband signals represented by an invariant number of bits
constitutes said scaling factors.
7. L decoder of a formatted signal comprising subband signals,
said deccoder comprising
deformatting means for obtaining said subbkand signals,
inverse subband means for generating signal samples in
response ¢ said subbkand signals, and
means for outputting said signal samples,
characterized in that saild deformatting means i1s means Lor
chtaining a portion of said subband signals representaed by an
invariant number of bits from one or more pre-established positions
within a frame of said formatted signal, and for obtaining a portion
of subband signals represented by an adaptive number of kits from saild
formatted signal, and
said inverse subband means 1s means for generating said signal
samples in response to sald porticn of subband signals represented by
invariant numb or of bits and said portion of subband signals
represented by an adaptive number of bits.
B. A decoder according to claim 7 wherein said deformatting means
obtains said portion of subband signals represented by an invariant
numper of bits from adiacent positions within sald frame.
9. A decoder of a formatted signal comprising subband signals,
said decoder comprising
deformatting means for obtaining saild subband signals,
inverse subband means for generating signal samples in
respconse to sald subband signels, and
means for outputting sald signal samples
characterized in that said deformatting means is means for
obtaining a pertion of sald subband signals represented by an
invariant number of bits from one or more adjacent positions within a
frame of sald formatted signal, for establishing, in response to said
portion of subband signals represented by an invariant number of bits,
the position within said frame of a portion of said subband signals
represented by en adaptive number of bits, and for obtaining said
portion of subbend signals represented by arn adaptive number of bits

from sald formatted signal, and
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sald inverse subband means is means for generating said signal samples
in response to said portion of subband signals represented by an invariant
numper of bits and said portion of subband signals represented by en
adaptive number of bits.
1G. A decoder according to <claim 7 through % whereln said
deformatting means obtains saild portion of subband signals represented by an
invariant number of bits from positions within said frame which are ahesad of
other portions of saild subband signals within sald frame.
11. A decoder according to any one of claims 7 through 10 wherein
sald subband signals comprise scaling factors and scaled values, and wherein
said porticn of subband signals represented by on adaptive number of bits
comprises at least a porticn of said scaled wvalues.
12. An decoder according toe any one of claims 7 through 11 wherein
sald subband signals comprise scaling factors and scaled values, and wherein
sald portion of subband signals represented by an invariant number of bits

constitutes sald scaling factors,



