-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 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@@%ﬁm aMled R Qulingh REOEE ISR A1 %%%[@aﬁ &ﬁ%@ﬂ%ﬁ?@&%&%@s are

too great for, ap tions such as broadcast audio where a speaker must monitor his own-voice. A
delay in Vglgéo '&aisacﬁ?cgaﬁ%‘ésé“eﬂ%'ﬁféssp@@@npﬁfé‘i‘ﬂﬁﬂi‘bﬁm‘éﬁttﬂ’é 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 arersyRRIMYBRHS S RiPRIGIMAL 43R FM@QHHPE‘PF%e used long signal sample block
lengths to achieve low bit-rate coding without 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 because shorter blocks degrade transform coder selectivity. Filter selectivity is
critical because transform coders with sufficient filter bank selectivity can exploit psychoacoustic
masking properties of human hearing to reduce bit-rate requirements without degrading the subjective
quality of the coded signal.

Coders using long block lengths suffer from two problems: (1) audible distortion of signals
with large transients caused by the temporal spreading of the transient’s effects throughout the
transform block, and (2) excessive propagation delay of the signal through the encoding and decoding
process. In prior art coders, these processing delays are too great for applications such as broadcast
audio where a speaker must monitor his own voice. A delay in voice feedback causes 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.



Two factors limit the reduction of bit requirements: (1) A signal of bandwidth W may be accurgtely
represented by a series of samples taken at a frequency no less than 2 W. This is the Nyquist
sampling rate. -2- Therefore, a signal T seconds in length with a bandwldth W requires qt least 2 W
T number of samples for accurate representation. (2) Quantizatlon_of s_lgnal samples Wh_lch may
assume any of a continuous range of values introduces inaccurac!es in the representation of the
signal which are proportional to the quantizing step size or resolution. These inaccuracies are called
guantization errors. These errors are inversely proportional to the numl:_)er of bits available .to
represent the signal saigskéoegiantidtibril [§ecoutingtelehgilgwashasebapplirech tavhe duileb apdwigth, all

quantizing errors, which-manHesin e BeEERARIRISEA"RRIEAGHRIformly across the bandwidth.
Techniques which may be ap(gli%d tg selected portions of the spectrum can limit the spectral spread of
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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 bank of digital bandpass filters. Although transforms are easier to implement and require less
computational power and hardware than digital filters, they have less design flexibility in the sense
that each bandpass filter "frequency bin" represented by a transform coefficient has a uniform
bandwidth. By contrast, a bank of digital bandpass filters can be designed to have different subband
bandwidths. Transform coefficients can, however, be grouped together to define "subbands" having
bandwidths which are multiples of a single transform coefficient bandwidth. The term "subband” is
used hereinafter to refer to selected portions of the total signal bandwidth, whether implemented by
a subband coder or a transform coder. The term is used in this manner because, as discussed by
Tribolet and Crochiere, the mathematical basis of subband coders and transform coders are
interchangeable, therefore the two coding methods are potentiatly 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



interchangeable, therefore the two coding methods are potentially capable of duplicating each other.
A subband as implemented by transform coder is defined by a set of one or more adjacent transform
coefficients or 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
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Psychoacoustic masking is more easily accomplished by subband and transform coders if the
subband bandwidth throughout the audible spectrum is about half the critical bandwidth of the human
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 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.
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frequencies. Even if the nominal subband bandwidth is narrower than the ear’s critical bandwidth,

degraded filter characteristics manifested as a broad transition band and/or poor stopband rejection
may result in significant signal components outside the ear’s critical bandwidth, In such cases, greater
constraints are ordinarily placed on other aspects of the system, particularly quantization aceuracy.

Another disadvantage resulting from short sample block lengths is the exacerbation of
transform coding errors, described in the next section.

Transform Coding Errors

Discrete transforms do not produce a perfectly accurate set of frequency coefficients because
they work with 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

-y

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



frequencies. Even if the nominal subband bandwidth is narrower than the ear's critical bandwidth,
degraded filter characteristics manifested as a broad transition band and/or poor stopband rejection
may result in significant signal components outside the ear's critical 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 lengths is the exacerbation of transform
coding errors, described in the next section. Trans®rm Coding Errors Discrete transforms do not
produce agferfectly accurate set of fregrlujency coefficients because they work with only a finite

segment 8Y hBLRGREPE kS ¥piehingS prutRdisHiah srormal s dtindow” frdarmebriefry spresentation
of the inpbttireréaidonidorsigortkitaith encirafavarthie freobiend\illanpaiforiggeesentation which would

require infinie 1AASIRAMREAINGF R ORHSLEN S AL PISGUERIORAGY RSV RN iECHiRYLS! discrete
transforms will be% referred to!,as a freqH%ncy-domain representation: In effect, the dll%cre_te fansform
assumes PRe s amdIEar S AR SR h L e Bnkmd, astisBnefts hBe dissesietibelan, dhedssianmble of the
finite samfl@NMusiy #indtisiscenstraiadd by ey whesis sundpeiclesipattheidéinitente ik digupddsipesiadic. The

assumpligeioranarplos:ARL bren TiimATs masPau atiEibmLeRiRR RPN HRSALIRe fges of the

finite time,interv Iwhich cayse the transform to create phantom high-frequency components. One

technique aigh AR WSS qustsd BEfGie the discontinuity prior to the transformation by
weighting the sigYtdlestherplissnoushethatisainpltisineay tireuseyes aidhierint@isal ai@anlipsgetRZero.

Samples atidin Gaaige Adminiasvalaisensia rassad WEhapesH kS Waighigd -5: by.a factor of
one. This qug%lln %Q%E?n is called an "an%%/%s window" and may be of any shape, But certain
r

windows CONtADULE MOre Ta JPagfyﬁ?etSt%e@SBé 1FR% SrEPRS A AR 1keel et WiEhdiRUaHtY- term "analysis
window" refers rieteRaksigindo divingnferdonioin foecformdd priothto eymisaditn of piney ftsay aikel
transformrebsvivitl e Bipnuasad Dalmul, e Besian el aRARAY BSIEILRY IF eNRIRRedRysynthesis

window d%ﬁjig@a({‘ggg‘irgr a}%omng.s‘l‘; lenrenrflctg{eddtszl'e%i n and [c)_erformance properties of an "analysis window"

as that term 1s commonly used In the ar{1 may di g’r(a?ﬂ")!m such analysis windows as dicussed herein.
While there is no singléa¢riiieesaraesd menplbsterseldordliskeansy bevimdtpiisidyalityingesenahdeoniteria
include steepnesseotiaiesiiaightiap il a0 dhd et Rfcalopo R §if CHRN IR R Gndow. A
disadvantage of this technique is that it clearly requires that the analysis window not £0 0 zero
at the edges. '

(b) Consecutive input signal blocks may be overlapped. By carefully designing the
analysis window such that two adjacent windows add to unity across the overlap, the effects
of the window will be exactly compensated. (But see the following paragraph.) When used
with certain types of transforms such as the Discrete Fourier Transform (DFT), this technique
increases the number of bits required to represent the signal since the portion of the signal in
the overlap interval must be transformed and transmitted twice. For these types of transforms,
it is desirable to design the window with an overlap interval as small as possible.

(c) Signal synthesis or deceding 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



applications, the ability to trade steeper rolloff for deeper rejection level is a useful quality. The analysis
window is a time-domain function. If no other compensation is provided, the recovered or
“"synthesized" signal will be distorted according to the shape of the analysis window. There are several
compensation methods. For example: (a) The recovered signal interval or block may be multiplied by
an inverse window, one whose weighting factors are the reciprocal of those for the analysis window. A
disadvantage of this technique is that it clearly regaiires that the analysis window not go to zero at the
edges. (b) Consecutive input signal blocks may be overlapped. By carefully designing the analysis
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an "alias” for the true component.

Subband filters and finite digital transforms are not perfect passband filters. The transition
between the passband and stopband is not inﬁni'tély sharp, and the attenuation of signals in the
stopband is not infinitely great. As a result, even if a passband-filtered input signal is sampled at the
Nyquist rate suggested by the passband cut-off frequency, frequencies in the transition band above the
cutoff frequency will not be faithfully represented.

It is possible to design the analysis and synthesis filters such that aliasing distortion is
automatically cancelled by the inverse filter. Quadrature Mirror Filters in the time 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



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 Cancellatiop.,‘l’_he Nyquist theorem holds that a signal may be
accurately recovered from discrete samples when the interval between samples is no larger than
one-half theopidad CbibeysgnglsibighaskidraaseasybearanenetnYWgnsheisamplingdiaigtisibelow this
Nyquist r ' -f components are misrepresente lower-frequency components. The
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aliasing distortion. The resi I asmg lolistortion will be audible unless the distortion is
psychoacousticéﬁylpﬁeéglxeﬂ \REPRESH gt delay. Also, they inherently provide a variable rate output, thus
requiring buffering if used in a constant bit-rate system. ’

(3) Nonuniform coding: representat'irons 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: floating-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 floating-point mantissas, and is commonly used in coding time-domain
signals. Floating point is a special case of nonuniform coding.

(5) Bit allocation: the receiver's demand for accuracy may vary with time, signal
content, strength, or frequency. For example, lower frequency components of speech are
usually more important for.comprehension and speaker recognition, and therefore should be
transmitted with greater accuracy than higher frequency components. Different criteria apply
with respect to music signals. Some general bit-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



sample blocks, however, some transform frequency bins may have a wider passband than the auditory
critical bands, particularly at low frequencies where the ear's critical bands have the greatest -7-
resolution. Consequently, alias distortion may not be masked. One way to minimize the distortion is to
increase quantization accuracy in the problem subbands, but that increases the required bit rate.
Bit-rate Reduction Techniques The two factors listed above (Nyquist sample rate and quantizing
errors) should dictate the bit- rate requirements foréa specified quality of signal transmission or
storage. Techniques may be employed, however, to reduce the bit rate required for a given signal
quality. These techniql‘]&‘g"‘éfﬁ’fﬁﬁ’%"gigr{\é@‘?&j&nﬂﬂﬁW%d’%Fé‘Fé\‘?aﬁé@ﬁcNgi@i‘i&\"‘d@}*ﬁp‘{‘ﬁ@ﬁt is
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floating-pQint representation may reduce bit requirements at the expense of lost precision.
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greater accuracy than higher frequency components. Different criteria apply with respect to music
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It is an object of the present invention to provide for the digital processing of wideband audio
information, particularly music, using an encode/decode apparatus such that the corruptive effects of
noise encountered during transmission or storage are limited.

The object is achieved with an encoder and a decoder according to claims 1 and 5,
respectively.

Further details of this object and still other objects of the invention are set 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



(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. (c) Psychoacoustic masking: fewer bits are
allocated to signal components whose quantizing errors are masked (rendered inaudible) by other
signal components. This method is unique to those applications where audible signals are intended
for - 8 human perception. Masking is understood hest with respect to single-tone signals rather than
multiple-tone signals and complex waveforms such as music signals. Although the foregoing
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for the digitelbck-floating-point representation comprised of block exponents and variable-length code words.
As described above, the variable-fength code words are further comprised of a fixed bit-length portion
and a variable length portion of adaptively assigned bits. For each signal sample block, the encoded
signal is assembled into frames composed of exponents and the fixed-length portion of the code words
followed by a string of all adaptively allocated bits. The exponents and fixed-length portion of code
words are assembled separately from adaptively allocated bits to reduce vuinerability to noise burst
errors,

In applications where frame synchronization is required, the encoder appends the formatted
data to frame synchronization bits. The formatted data bits are first randomized to reduce the
probability of long sequences of bits with values of all ones or zeroes. This is necessary in many
environments such as T-1 carrier which will not tolerate 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.



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 jgproduction 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 d@viebmsdéranmimicsSmmpaiss: It derives the nonuniformly coded
spectral comporggiaramyte {oLRHAAUIAIASN" AR FRISINE (05 idehand audio signals
therefrom. In an embodiment of the encoder incorporating the present invention, a &idcréte Fansform
generateSELERSAT M sptdefEdrpanetingispedpohdee tvsnEgysis-window weighted
time-domain -9-$gmngsl@blbokghPrefarattiincihdidisarstativansfonn hasiasfungiianeaguivalenito the
alternate appligaianofapradifieshipisatata Casine.ddansRIm (RG] and a modified Discrete Sine

Transform (DST), In_an alternative embodiment, the discrete transform is implemented by a Discrete
Fourier Transfornf (DFT)2 a%%er,b\lﬁ%gﬁ?rém hREing RaEres fratib the seothegmiaMEHions can be
used. A pi¢efacech€ thp odiepsnt Girth éverboutet evinditest at/arialiedbitalehgtle@dele word for each
transform coeffigiggte WiighyRARMIEBIENaHRS HRAW 013 e Bumbasahhithad Baariable

number of bits determined bgvL| aﬁzla tive bit allocatjgn. The system is not aggressive inthe sense that
“most of the bits S HRAHLEAE DYRIUIEN, RERTRL LHRICSHARRRS AURfainath Reda s HRRIA has
several abilaskshgwingriscominuitita ptibe higes sifthe chivits ltecknonsed by sithisertte sigmédrinamsimiisgion errors

occurringheiisanigene dark angersgeder since such errors can result in incorrect assignment as
well as incorre%,values for these bits jn the decoder. In a preferred embodiment of the encoder,

quantized transfolfR & 6B MEHPIL HRE SF B AIHeR-Hsamdelen g duntianideBinprised of
block explmeting ¥{d vapablde|thegindidefwdids. Y@s described above, the variable-length code words
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bits. For each signal sample, block, the encoded signal is assembled into frames composed of
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exponents e
allocated bits. THégesepbisenflowrrlidixehpskinsmbiepdeviddiagictda nonuniform quantizer.

Figure 8 is a flow chart showing more detailed logic for an adaptive bit allocation process.

Figure @ is a graphical representation showing a representative TDAC coder filter
characteristic response curve and two psychoacoustic masking curves.

Figure 10 is a graphical representation showing a TDAC coder filter characteristic response
with respect to a 4 kHz psychoacoustic masking curve.

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

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

Figure I3 is a graphical representation showing the spectral levels of coding noise and
distortion of an encoded 500 Hz tone for three different bit allocation schemes with respect to the
psychoacoustic masking curve for a 500 Hz tone.

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

Figures 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.



words are assembled separately from adaptively allocated bits to reduce vulnerability to noise burst
errors. In applications where frame synchronization is required, the encoder appends the formatted
‘data to frame synchronization bits. The formatted data bits are first randomized to reduce the
probability of long sequences of bits with values of all ones or zeroes. This is necessary in many
environments such as T-1 carrier which will not tolerate such sequences beyond specified lengths. In
asynchronous applications, randomization also regyces 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 reffiguindtfircafesrnkicy meivromitatitio ndoitsiEm fipp iy ingitim ivandree!offiohd nsigakion
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required before Bigiieall lataacayppaicbeacgrspriad dhiesvasivas deaiine meldhaipvratinoRAd is
preferred ﬁmﬁpm%ﬁlrﬁo%% 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 15 greerlh i heotisisalaeghistidentesanitting somprisie e sewreforueralamovlsddecoder
system suiteleBiasdnaaipasatingoasiee isaidhorimyantencrigwes:aa ivnsehaarmilock diagrams
showing the harggee,BrahiiQRUTG, o ane. STIRAMMENS A1, ANRPALEGS MBlemanting, ap grcoder
and/or a decoder. Figures 3a an b ar'bloc lagrams sﬁowmg In greater deidi e

serial-cortiAfSforcafineks wibpulcarer mErgsHone savicrily dRoachRARcrabudismbadisieah encoder and a

decoder. Figure Higera3typoihetioakqy aphicatepresrpiation sRowimng: atih e-famains gagjsample
block. Fig&;&%& QJ%%E]hé/rpothetic% Ogra(%-uical representation of a time-domain signal sample
|

block showing discontinuities a rtf‘i(e)zr%mc:lgesco e sample block caused by a discrete transform

assuming the Sﬂﬁ'&‘leﬁ/&?ﬁﬁ?ﬁ@%ﬁ@ék fgnﬁ@;n@[ﬂdpck diagrams illustrating an alternative structure of an

encoder/decoder system suitable for incorporating aspects of the invention.

Figure 23 is a graphical representation comparing the shapes of two coder analysis windows
for the TDAC transform and DFT coders.

Figure 24 is a graphical representation comgaring the characteristic filter response of a TDAC
transform coder using windows with 100% overlap to the response of a DFT coder using windows
with 25% overlap.

Figure 25 is a schematic representation illustrating the format of a frame of two encoded
transform blocks without error correction.

Figure 26 is a schematic representation illustrating the format of a frame of two encoded
transform blocks with error correction codes.

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

Table 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



Figure 6a is a functional block diagram showing the modulation of a function X(t) by a function W(t) to
provide the resulting function Y(t). Figures 6b through 6d are further hypothetical graphical
representations showing the modulation of a time-domain signal sample block by an analysis window.
Figure 7 is a flow chart showing high level logic for a nonuniform quantizer. Figure 8 is a flow chart
showing more detailed logic for an adaptive bit allocation process. Figure 9 is a graphical
representation showing a representative TDAC coder filter characteristic response curve and two
psychoacoustic masking curves. Figure 10 is a graphical representation showing'a TDAC coder filter
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window multiplier 115 which modulates the time-domain signal block, signal block overlap-adder 116
which recovers a digitized representation of the time-domain signal, analog signal generator 117, and
analog signal output {18,

Any one of several discrete digital transforms may be used to implement the forward and
inverse filter banks. The transform used in a preférred embodiment was first described in Princen
and Bradley, "Analysis/Synthesis Filter Bank Design Based on Time Domain Aliasing Cancellation,”
IEEE Trans. on Acoust., Speech, Signal Proc., vol. ASSP-34, 1986, pp. 1153-1161. 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 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



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 diggrams illustrating an alternative structure of an
encoder/decoder system suitable for incorporating aspects of the invention. Figure 23 is a graphical
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block-floating-point encoder 105 which_converts each integer-valu,ed transform coefficient irito a
floating-p ?ﬁ%%pm%oé:ﬁéﬁ%H?%&gﬁ}i%emflents, formats the code words into a data stream, and transmits

the encoded signal through serial data path 206, The programming and data work areas for the DSP
are stored in one 24 kilobyte (KB) bank of static RAM 203 which is organized into 8,192 24-bit
words. The DSP requires fast-access-time program memory which can be implemented more cheaply
in RAM than it can be in programmable ROM. Consequently, EPROM 204 stores programming and
static data in a compressed format which the DSP "_unpacks into a usable form into RAM 203 when
the encoder is first powered on. PAL 205 allows the encoder to store program and data into a single
24 KB bank of RAM by transiating program and data addresses generated by DSP 202 into specific
address segments of RAM bank 203.

Figures 2b and 2c provide more detail on two DSP interfaces. Figure 2b shows the serial-
communication interface for DSP 202, ADC 201, and serial data path 206. Timing generator 202A
generates 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,,



allocator 106 which assigns bits to the representation of each transform coefficient according to the
total signal's spectral composition, uniform quantizer 107 which rounds each transform coefficient to.
an assigned bit length, and formatter 109 which assembles the coded frequency coefficients into a bit
stream for transmission or storage. Figure la depicts a transmission path 110, however, it should be
understood that the encoded signal may be stored immediately for later use. The decoder shown in
Figure Ib comprises encoded bit-stream signal inpyj 111, deformatter 112 which extracts each
encoded frequency coefficient from the assembled bit stream, linearizer 113 which converts each
encoded édefferén(8fls ahahtigersl wéX tdansfermrgoeéfioipntdinversitdigital ofitign tamk dg which

transforms e-ransformaeoRBisieniFdmapeimtsdamainsianal ik, synthesis- window multiplier 115
which modulate %‘ie'd(ﬁgﬂ%@ﬁ;gﬂfl block, signal block overlap-adder 116 which recovers a
€ time-dom

digitized representation of t afR oRgRsd ieieagdigehiess: T1vershddhalsysignal
output 118SRAJDoi0esdect sithbern ReAide st BRRGIM soamdiinr ths sagydieddsad liadmpievanhtbefaoyard and

Bradiey. “naea i e ot B D e O O ceE
Bradley, " ishynthesis, Filter Bank Desi on Time Domain Aliasin ,
T::nse.)()n Acouse§ @p‘éé’%%cgf‘ gn: éfﬁr%(g:ff el A%qéeﬁaégp f@%%f‘ﬁ&@l’%@l‘iﬁﬂ%ﬂ%%‘%@s is the
time-domHn§seRfUReYE A0 Dand FERRAN, Aunhisied SirlglaatiBANh AWrialysistsy pihesis dysiem. This
transform is refenedisebeminiaed Hi&ﬁh@&ﬁ@i&&#@ﬁmﬂgrﬁ}@%ﬂmﬁbﬂgb%%pJ@g ?éﬁ%@ ;E_?_Uﬂer
Transform F“ﬁr%dl a preferr odiment for the
e:r?gcfdimngk%t@ gr;g isr?zﬁis(sgeg aftert téﬂ%%gggggﬁgg[tha&égé’f%ﬁ?(?égcﬁﬁg&f%(’."li‘iﬁc%‘%%g
Hardware R BuBRt BhtaPae 2% reesitesranth Pefferigha canodainiitsahedeinanatfilier sign vithttiee TDAC
transformersidied tratatbim igeisnia ﬂ@dy_&i& fhenpitealisis digeiRave &hawmingt defessPamAl
measures,lrigiehaHARRIG I RRIIBINR R RERRRINCT 10,40, Rcufagy ol 3t ieast 20

significant bits to achieve stated performance objectives. One s]pema' measure per?ﬁ‘l't'ﬁ*ﬁ"‘ fme- ‘
implemerfiSH8iR St GRS tisfizl gmmeniraditsnamiside digabeumpesring paitl ditiveeDr P dMBodiment.

A practica inplesengetinning snprieweck arsRadinRMSH asingla-tharna! Kodehk %MPJQNﬁl'QMeitlhetr_ a
44.1 kHz r il 3, 16-bit analog-to-digital converter (ADC) with _a cycle time
of no morgéﬁfr@ g%l_?n?:?%%%?gr? Edtg’iﬁgg'ﬁbil tﬁgﬁﬁputﬁgﬁoﬁgﬁOsrilasnle{'l.aEac'ﬂpiég‘ﬁﬁlt[}&f&ﬁéed
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decoder is first powered on. PAL 211 allows the décoder to store program and data into a single 24
KB bank of RAM by translating program and data addresses generated by DSP 208 into specific
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



subsequent computations. A Motorola DSP56001 24-bit digital-signal processor (DSP) operating at 13
20.5 MHz with no wait states is used to perform the required computations and to control the encode
and decode processes. Static random access memory (RAM) provides program and data memory for
the DSP. A 16-bit digital-to-analog converter (DAC) with a cycle time of no more than 20
microseconds is used to generate an analog signal from the decoded digital signal. The encoder
hardware architecture, shown in Figure 2a, is compsised of analog signal input 200, low-pass filter
(LPF) 200A, ADC 201, DSP 202, static RAM 203, erasable programmable read- only memory
(EPROM)*2UR! spuiiedersna@B endandionytctq s DSPOB)ietnol érosdetstakaigizl sendididigBed PF 200A
~ (a low-pagstilter which is not shown in Figure la) insures the input signal is bandwidth limited. ADC
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compressed formgl which 6. RS Mipagks.n sable form into RAM 203 when the encoder is first
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202A generates the receive clock, frame-sync Ization, ARd Transmt Ao ‘&%R&W%SfS encoder.
Line SCO&IBEs a serial-bit stream of digitized input signal samples along line SRD from ADC 201

into DSP 202. LRuetst Ispeciditted bariivas ergynehiodiZativrsignakindhandies anch the RgRwhich
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interface.1p Aﬁuﬁﬁyﬂ%ﬁégt%%ﬁ%ibumy other possible implementations will be obvious to one
skilled in the art.

B. Input Signa! Sampling and Windowing

In the TDAC embodiment, signal sampler and quantizer 101 is an analog-to-digital converter
which quantizes the input signal into 16 bits which are subsequently padded on the right with 8 zero
bits to form a 24-bit integer representation. Al subsequent transform calculations are performed in
24-bit integer arithmetic. The analog input signal should be limited 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.



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 & iy grsiteelti¢ebrovgvare tmapspediinib abldek ssepsB00 Beckizferdh6riR /N4 R0Bngd EPROM

204 are mejyae din s PRIMIRIANGIE S8vSRRAGL SHAEY BT AFRAR6h WA S RERAOZ SR SRL Bilher RAM or

EPROM ding - Slate f addres {i)n 15. When DSP 202 sets A15 high, inverter 205C sets
the chip-géfé%%ig Csﬁ%(?s(’%o%f I%&!éljngﬁg yn ﬁf%%l\ﬁhfb%l ORI ErRERiesabetdrdied dhen CS is

low. WhefRiisgsond Jimitedionidispyssedripdhepreeine seteetaph CS lines of RAM 203 and EPROM 204 high.
Onlysstatic RAMAfidsis sigharieth whemQiphiobist herslegrlgr hardvnars RichiiaaL RnaRQwA in Figure

2d, i j ial-signal i th 207, DSP 208, static RAM 209, EPROM 210,
AL 211, e B8 e o I B o 90 St ek A SRS BEAS e

encoded SERhAMER R aRlehat sy ks theo M codedtiartoitcodicientspeffompseteed

calculationstraijmdir htaalignaioradhe ereflicientappiradbes e demaithHo s it Caeiligignts into
time-domain.bl lﬁ,ugggré?&-adsdgtégei blgcnks ir}tigataotime- pmain se uence of digital samples, and
transmits the ci%?ta samples h & serial-bit sttean to DAC" 2177 AHE raé?afﬁ?ﬁﬂf%agn@?iﬁﬂvﬁlork areas
for e D3P iz benraidih erkediment) SHiven timsrmRing| r2e oA ahiliserepanblest: irmio1Bied 2 474-bit

words. EREle: 2 Thgitdritseinansimp iR oy mra sipigica woing 48 sidtisniiardicghdg PSP
unpacks i diSE {gfo i 09 when the decodet js first powered .PAg\Zl allows the
decoder tlgggtore gré}grgﬂ%}rﬁ%g\’;ﬁ%gua{n spfrﬁg(igqsﬂwp pﬁra% OcoL! ﬁief&'%eéﬁ’aﬁga‘fm p“f’% S%and data
addresse&hbQ%H@Q%WIﬂMb@?H[’é%peciﬁc address segments of RAM bank 209. DAC 212
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(a lqy-pags,filtsfnhich. howp in Eigure Ib) tnsures signal output 213 s free of any spurious
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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-domain transform of a 128 sample block produces at most 64 unique nonzero transform
coefficients. Hence, the filterbanks incorporated in the encoder and decoder shown in Figures 1a and
1b comprise 64 frequency bins. In this implementation, the bandwidth of each bin is equal fo 344.5
Hz (or 44.1 kHz / 128). (For some discrete transforms such as TDAC, bin 0, the DC or zero
frequency component, has 2 bandwidth 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



and DAC 212. Timing generator 208A, using a phase-locked loop 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 ¢yaqrd. The interface between DSP 208 and the
memory-address bus is implemented in the same manner as that described above for the encoder.
See FiguteeXeightingofistion shevicoddgusisir Bt RERODAi gt i280bh, iaFiEiBD 61 2ahis pogeR010,

connecteds et by igUIOBH Figerinierfaes RAINRRR WRRRAP ANt AR HAPMRIRSHS Qperates in
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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. One 24 KB bdrkAgaliiis dtitrsr Baely rafarmirnd disansfarmeond 24 KB bank is utilized for
X data and Y data siereeryrabitoRA inipiénenty exkfar aderassdremsiaion Whegdwa hapeahRAM are
used. Further, qg "Zo‘%.@ g r be used 1o er{o ertain functions such as windo
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a custom-fRs&figiats-intee teddoenceshnidumisstiessadiplimenpivhisatRonais Wikteestmistiaion one
skilled in tQeDAIT),
TDAC utilizes a transform function which is equivalent to the alternate application of a
modified Discrete Cosine Transform (DCT) with a modified Discrete Sine Transform (DST). The

DCT, shown in equation 1, and the DST, shown in equation 2, are

N-1

cw = Ex(n)'cosﬂark(.’l;\.?)] for0 <k <N (t)
=
N-1

Sk = Ex(n)-sinlzwk(f.}vm)] for0 <k <N ')
n=0

where % = 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(f) at sample n,
C) = DCT coefficient &, 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

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



B. Input Signal Sampling and Windowing In the TDAC embodiment, signal sampler and quantizer 101
is an analog-to-digital converter which quantizes the input signal into 16 bits which are subsequently
padded on the right with 8 zero bits to form a 24-bit integer representation. All subsequent transform
calculations are performed in 24-bit integer arithmetic. The analog input signal should be limited 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 la. As discussgg 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 lengt %%?y b? rct]os%n tgr Qalance signal propagation delay with digital filter
performance. Th&tdorwgr ransform igsitaf filter bank 104) must wait for all of the block's @@mples

before all transform co cient§%§y=b93 calculated. A similar delay is experienced by the inverse
transform (digital filter bank 114), waiting for all coefficients before the time-domain signal may be
recovered'IBE air&stiRIY SspmimblasstAumbevard and inverse transforms may be performed in a period
of time equal in CEy=IDAE ipéiR o cleciataniah, theaslelay for a signal passing through a coding

system is three {mes tﬂ%bj:ggﬁ.ﬁ: In_applications requiring real-time aural feedback, the desired
overall delay should not be greétéar% gﬁq%%regiﬁhately 10 milliseconds; therefore, the block length
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" FFT followed by array multiplication and additions.

The basic technique of using one FFT to cdﬁcurrently calculate two transforms is well known
in the art and is described in Brigham, The Fast Fourier Transform, Englewood Cliffs, N}: Prentice-
Hall, Inc., 1974. Additional information regarding the concurrent calculation of the modified DCT
and DST for the TDAC transform may be found in Lookabaugh, "Variable Rate and Adaptive
Frequency Domain Vector Quantization of Speech,” Stanford, CA: Stanford University, PhD Thesis,
June, 1988.

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

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

{C®}Yo, {(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



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-d@main transform of a 128 sample.block produces at
most 64 unique ngonzero transform coefficients. Hence, the filterbanks incorporated in the encoder and
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inverse DST. To cancel this alias distortion and aécurately recover the original time-domain signal,

TDAC requires the aliasing to be as follows. For the DCT, the time-domain alias component consists

of the first half of the sampled signal reversed in time about the one-quarter point of the sample block,

and the second half of the sampled signal reversed in time about the three-quarter point of the sample

block. For the DST, the alias component is similar to that for the DCT except its amplitude is

inverted in sign. See Figures 15b and 15d. The phase term required for alias cancellation is

. N2 + 1
m= ©

where N = sample block length.

TDAC also requires application of a pair of carefully 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).



rolloff for a given level of depth of stopband rejection, and permits correction of its modulation effects
by overlapping and adding adjacent blocks. Window design is discussed below in more detail. C.
Analysis Filter Bank - Forward Transform A discrete transform implements digital filter bank 104 shown
in Figure la. Filtering is performed by converting the time-domain signal sample blocks into a set of
time varying spectral coefficients. The transform technique used in one embodiment is Time-Domain
Aliasing Cancellation (TDAC). TDAC utilizes a trapgform function which is equivalent to the alternate
application of a modified Discrete Cosine Transform (DCT) with a modified Discrete Sine Transform
(DST). The DCT siowdeiige quditioenidp-atichtod MG, thhoywthisieptdasions AisatesN-Jel&() more

Ex(n).cos k(o Tk 5 tﬁi'i&%}ith‘@nNiN’&1§Qﬁi&ﬁmm§m%gmm)ﬂﬂﬁ%%;h§hk S (&)ywihere k=

frequency, coefficient numper, n = input signal sample number, N =samp ock?fength, m = phase
term for TB‘AE‘,°>'<(§‘}‘=”‘§U ociviteosy AR PSS R arfies signk senthesis dlfireidin k, and
S(k) = DSteauikeffibitratdk. Thesenbendy iriR4io imsaltarnatietyf@togivaasanrguirkivia sts of spectral
coefficients or transform blocks for each signal sample block. These transform blocks are of the form

= =0 -18- | S(K)l = k 5 N/2 10 fork=0 (4
C(9) C(K) for 0 Sk <N/2 (3) 1= 0 fork=0-18-1 S(q1 = S() for 1 5 ork=0 (4)

. Nonuni

Each transform coefficient derived from filter bank 104 is encoded and grouped into subbands

by nonuniform quantizer 108. (Table I 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 fa. 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 additional 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 allocations and the minimum bit length based on the coefficient’s frequency.

Floating-point representation of numerical quantities is well known in the art of digital data
processing and is used to represent a wider rangt; of values with fewer bits than is possible with
integer representation. A floating-point number is composed of a mantissa and an exponent. In a
preferred embodiment, the mantissa is a signed integer-valued expression expressed in two's

20 complement form. The corresponding exponent is an unsigned value equal to the power of two of
the multiplier required to convert the mantissa (either normalized or unnormalized) into the true value
of the represented numerical quantity. This representation can be expressed as

F=M-2% €))
where F = the value of the floating-point number,

25 M = the signed integer-valued mantissa, and

E = unsigned integer-valued exponent.

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

30 A positive nonzero mantissa is said to be normalized when its most significant data bit is
nonzero. A negative-valued mantissa is normalized when its most significant data bit is zero. A
normalized mantissa insures the greatest number of significant bits for the numerical quantity is
contained within the mantissa’s limited bit length.

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

35 of floating-point numbers with fewer bits than is possible with conventional floating-point



where i = signal sample block number, C(k) = DCT coefficient (see equation 1), and S(k) = DST
coefficient (see equation 2). The computation algorithm used is the Fast Fourier Transform (FFT). See
Cooley and Tukey, "An Algorithm for the Machine Calculation of Complex Fourier Series," Math.
Comput., vol. 19, 1965, pp. 297-301. A single FFT can be used to perform the DCT and DST
simultaneously by defining them respectively as the real and imaginary components of a single
complex transform. This technique exploits the facj the FFT is a complex transform, yet both input
signal sample blocks consist only of real-valued samples. By factoring these transforms into the
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and 16a-18. corresponding subband.

2. Master "Exponent

The second section of the nonuniform quantizer determines the value of a one-bit master
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 that 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 1.) 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 are reduced by three. When a master exponent
is set to one, it indicates that alf coded coefficients within all subbands in the group are shifted to the
left three more times than is indicated by the subband exponent values. When a master exponent is
zero, each subband exponent in the group correctly represents the total left shifts for each transform
coefficient in the subband. These master exponents permit using shorter subband exponents while
allowing for a sufficient dynamic range. This step in the process is shown in boxes 702a and 702b

of Figure 7. 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."



i Figure 14a, it may be seen that quantized input signal x(t) is grouped into blocks. One set
(?felf)(lac;r:llilg, tr%od%lated by the w)i/ndow function W. shown in Figure 14b, produces - 19_S|gnal .x,(t) shown
in Figure 14d. Signal x,(t) is input to the DCT. Another sef( of blocks of the sampleq input signal x(t),
which overlap the first set by one-half block length, are Wln_dowe_d b_y window function W, shOV\r/]n in
Figure 14c (which window function is identical to W. but shifted in time by one-half b!ock Ielngth)
producing signal x,(t) shown in Figure 14e and sul_aigquently pas_,sed to Fhe DST. Using only the
alternate DCT and DST transform blocks results in a loss of the information contained in the
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The third section of the nonuniform quantizer sets an initial minimum bit length for the
representation of each lefi-shifted transform coefficient. This length is set according to the
coefficient’s frequency. Box 703 in Figure 7 represents this section of the process and Table I shows
the minimum number of bits fixed for each coefficient’s code word. The minimum bit length was
derived by comparing a representative filter bank response curve to a psychoacoustic masking
threshold curve. Because filter performance is a function only of the difference in frequency between
a signal and the coefficient’s frequency, any frequency coefficient may be used to represent the filter
bank’s response. The response curve shown in Figure 9 is obtained from the root mean square
average of the filter’s response to a range of frequencies within the filter passband. As discussed
above, filter selectivity is affected by the shape of the analysis window and the number of samples in
each time-domain signal block. It may be noted here that the overall coder characteristic response is
not as good as that shown in Figure 9 because an additional selectivity loss occurs during the signal
synthesis process. This effect is discussed below and is also shown in Figure 17,

Two 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



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,(t) shown in Figures 16a and 16d, recovered from
the inverse DCT and DST, are modulated by window functions W,(t) and W, (t) respectively, shown in
Figures 16b and 16e, to produce signals 9,(t) and y,(t) shown in Figures 16¢ and 16f. When the
overlapped blocks of these windowed signals are_gdded, 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).
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pproximately 7 additional bits of accuracy) may be necessary to
encode a low-frequency transform coefficient if no dther tones are present to contribute to the masking
effect.
The minimum lengths suggested by the masking curves shown in Figures 9, 10, and 11 are
conservative, however, because the curves shown in these figures represent the psychoacoustic
masking effect produced by a single tone or a very narrow band of noise. Figure 12 shows a
composite masking curve derived from a simple overlay of the individual masking curves of three
tones. Empirical evidence indicates that even this composite curve is very conservative, understating
the actual masking effect of multiple tones. Furthermore, music is generally a more complex signal
than a few discrete frequencies, and the resulting increase in masking levels permits a reduction in the
required accuracy of transform coefficient code words. Consequently, the minimum bit 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



F=M2'a (7) where F = the value of the floating-point number, 25 M = the signed integer-valued
mantissa, and E = unsigned integer-valued exponent. For example, an exponent of three indicates the
true value of the floating-point number is obtained by multiplying the integer-valued mantissa by 2'.
This is equivalent to shifting a binary representation 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 mgst significant data bit is zero. A normalized
mantissa insures the greatest number of significant bits for the numerical quantity is contained within
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determine& c?/ﬂ%’é tflé gwé._ bHE mhglllg?able bits are assigned during phase two, the allocation process

stops. If any bits remain, phase three allocates bits to those coefficients which are adjacent to
coefficients that were allocated bits during phase one and two. A more detailed conceptual description
of this procedure is provided in the following paragraphs. The actual logic implementation of the
procedure is discussed later. ‘

Figure 8 is a diagram of the conceptual p';ocess used to adaptively allocate bits to specific
transform coefficients. The initialization steps of phase zero are shown in box 800. The first step
initializes the elements of an array A() to zero. The next step identifies the smallest subband
exponent, which is the exponent for the subband with the largest spectral component, and saves the
value as Xpqy. All subband exponents are subtracted from Xy and the difference is stored in array
M(). Note that the smallest possible subband exponent is zero and the largest possible subband
exponent is eighteen, which is the sum of a maximum value of fifteen for a 4-bit high frequency
subband exponent plus the vaiue of three for the master exponent MEXP1. See Table 1. Therefore,
the range of possible values in array M( ) is negative eighteen to zero. In the next step, four is added
to each element of array M( ) and all elements below zero are set to zero. At the end of phase zero,
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



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 are reduced 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
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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( ) element has 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 range between one and four. It may be noted that if the elements in array M( ) sum
to the allocation limit or less, the contents of arrays M( ) and A() at this point will be identical, If
the number of bits assigned has reached the allocation limit, the bit-allocation process is complete at
the end of phase one,

if any allocable bits remain, allocation continues with phase two shown in box 802 of
Figure 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 third section of the nonuniform quantizer sets an initial minimum bit length for the representation
of each left-shifted transform coefficient. This length is set according to the coefficient's frequency.
Box 703 in Figure 7 represents this section of the process and Table | shows the minimum number of
bits fixed for each coefficient's code word. The minimum bit length was derived by comparing a
representative filter bank response curve to a psychoacoustic masking threshold curve. Because filter
performance is a function only of the difference in frequency between a signal and the coefficient's
frequency, any frequency coefficient may be used to represent the filter bank's response. The
response desatshBn(iredigue@jsobiaineddgoneibe inaomerbsal+ae: ek etiha fitar's
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frequency subbands. This fourth step reiteratively ‘increments the array elements in the same order
discussed above until all altocable bits are assigned, or until all of the elements modified in steps one
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,



psychoacoustic masking curve. Because coder bandwidth and selectivity improve relative to the
psychoacoustic masking curve as frequency increases, fewer bits are required to represent higher
frequency transform coefficients above 4 kHz. This relationship is reflected in the minimum bit length
values as shown in Table 1. Figure 11 compares the 1 kHz masking curve against the filter response
curve which is offset such that the psychoacoustic masking curve is always higher. The offset for the
filter response is due to the increased accuracy affgrded by additional bits reserved for the
lower-frequency coefficients. Each additional bit improves the signal-to-noise ratio approximately 6 db.
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allocation the same number of bits. In such sitvations, the allocation process notes which coefficients in the
subband must have a bit deducted from the subband’s allocation amount subsequently stored in array
AQ). *
Phase two constructs four new tables, T, through T,, using a procedure similar to that used
in phase zero: (1) Xy still retains the smallest subband exponent; (2) for the lowest frequency
subband (subband 0 for DCT blocks, or subband { for DST blocks), subtract the subband exponent
from X,py; (3) if the difference is zero, insert the subband number into table T,; (4) if the difference
is negative one, insert the subband number into table T,; (5) if the difference is negative two, insert
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



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“tyf 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 transfausigedeffitientwitich waterllpegiad-bits, dusinggRRasaARe R atthg tptahpdaptively
allocated hits ik ficient is four. .If all allocable bits are assigned during phase two, the
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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



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 |, subband 7
represents coefficients 7 and 8. If element A(7) has a value of one, this indicates that 2 bits are - 25
allocated, one each to transform coefficients 7 and 8. Continuing the example, if element A(18) has a
value of two, then 14 bits are allocated, 2 bits each to coefficients 39-45. During the allocation
process, as each element of A() is incremented, thggnumber of allocated bits is deducted from the
number of bits remaining for allocation. When all of the allocable bits are assigned during this or any
following ptragies, frvan pihkesE, intielliaialy Yesnyifvittesanid afieoftiressnbskaadinephases Swmskipped.
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equal to three or four. On the third pass, grr,aa/déx(',} eilf?tpents are incremented if the corresponding M()
element has a value within the range of two 10 Tour" her%?r%ﬁi%“ass increments those elements in array
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coefficients in each subband, found in array A(). Each transform coefficient code word is rounded

off to this bit length,
As described above, each element of array A() represents the number of bits assigned to all
coefficients within a subband. Some coefficients in one subband may have one bit deducted from their

length as required to keep the total number of bits allocated to the transform 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



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 limit, 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 sgached. This final phase assigns additional bits to
transform coefficients with lower spectral energy which are adjacent to subbands of coefficients with
higher eneayyts Finih astioperrantd ibyacdendplish ednismisuisstepsr ddhiexdfiich step seanseaniayg At starting
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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. 1If the
length of one code word is in error, the remainder of the frame will be misinterpreted.
Table I 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 total DCT block length to 268 bits. (For the 20 kHz embodiment,
an encoded DCT block is composed of two master exponents, twenty-one subband exponents of 77
bits, sixty-three coefficient code words of 197 bits, and 34 adaptively allocated bits, for a total of 310
bits.) As noted in Table I and shown in expression 4, the code word for DST coefficient S(0) is
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



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
!]2 frr]onrclJl lé,,wxﬁﬁ@}dﬁﬂ‘ﬂeﬁﬁffﬁfﬁ?@dSdZ@diOelmﬁ&fgat&ﬁb‘idbmiwrb ; _WM&FJE%&i@?@%yJB%I&SET'éﬁd T4; (4)
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allocation procest widkds obiviehsdoeffecikiitsl in theart that other frame formats and correction codes may
be utilized without departing from the basic invention.

The total length for one frame of a DCT/DST block pair is 528 bits (612 bits for the 20 kHz
embodiment). Of this length, 139 bits are subband and master exponents (155 bits for the 20 kHz
embodiment). Three (15,13) Reed-Solomon error correction codes are added to the bit stream. Each
of these codes provide singie-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.



subband must have a bit deducted from the subband's allocation amount subsequently stored in array
AO. Phase two constructs four new tables, T, through T4, using a procedure similar to that used in
phase zero: (1) Xk still retains the smallest subband exponent; (2) for the lowest frequency subband
(subband 0 for DCT blocks, or subband | for DST blocks), subtract the subband exponent from X"N;
(3) if the difference is zero, insert the subband number into table T4, (4) if the difference is negative
one, insert the subband number into table T3; (5) i_f;gg difference is negative two, insert the subband
number into table T2; (6) if the difference is negative three, insert the subband number into'table T,;
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table T4 contains agll f the coefficients, each having receive Its, an tables cf‘%mtﬁroug , are

empty. If aff QTS EABIEbIT AR08 MR ey Quler otrd P& (91le weh ttheordantive itdrierkson contained in

tables T, through T4 to reflect the total bits allocated to each transform coefficient. Each element in

array A( ) corresponding to an entry in taﬁl%};ﬁg’g.ﬁgﬁﬁf;&eg gﬁ\}@ue of four. Each A() element
corresponding to]%g eégggﬂgg%able T3 is assigned a value o#t ree; for table T2 a value of two; and for

table T, a value of ¢h TR MRy Sfady yor dransipissian Bpdpfdstorage. Figure fa illustrates

transmission means {10. Transmission media include public dissemination 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.



which are not represented by entries in tables T, through T4, are zero. If any allocable bits remain,
allocation continues with phase three. Table T4 is sorted, ordering the subband numbers into
descending frequency. The first step adds subbands to table T, which are not in table T4 that are
lower in frequency and adjacent to subbands which are in table T4. Starting with the first (highest
frequency) entry in table T4, adjacent entries in the table are examined to determine if they are
separated by two or more subbands. If they are, th_e?ggmber of the subband immediately below the
higher subband is inserted into table T1. For example, suppose two adjacent entries in table T4
represent subban@le: kgpancht1@r Thabelt/oesitibaRchAE sepAcdtakivdibershbRanGS, Hikgigfore the
number 15b?t%§§§ﬁx@ﬁit@grﬁ1§e§é§?§}%nd 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 | is the 1338 31APYYA BR3ilosation sontina Yiseyencd abysrie Ged inpeatend itepiietTatdidh first
entry in tabie 4his scabizdndghal, (subbirndsis ivfting 2ebidsiz eenhedinantinihe BpREE: itfeiRhand 18

(subband Z@)ds IREEHERAINKNJARIS, Tie ke Mird sten. adds subbands to table T, which are not in table
T4 that are‘{higher ir81 %requengy an aedﬁggségwocgﬁ@ Shds xﬁ?cﬁogf‘%"iﬂ}t%cl% s rgisisRtine first

(highest fre8iPaRIEPEGRIAIH t minimamabitlensth lvsrg hdaptevelibMicenebhivmindchteddete nnineitf they
are separateddynénbeonhiforb stiehagids. dbittey aranhequmbanoling sebkandipmedaislyabove

the lower subban dfinaeiiedsiiiRtaRie it uk AL SXample, suppose two adjacent entries in table T4
represent subbands 16 and "As discussed a %&%%h%asseeﬁvé% ShBBANHS Br &e VS REAEY ¥

12. As
subbands. TRETetse theAutbisy Higur¢dbresenting the subband above subband 12, would be inserted
into table T1. Starting with the first entry in table T" an additional bit is assigned to each transform
coefficient associated with each guRbamdJeRiRSERICH pyn@gﬁen in [ﬁable T1. As each subband entry
oca

is processed, it is]i{no;?gl fro&n table T, into table T2. If any allo e bits remain at the end of
processing table T1 a SitMAr§E R Lepssseatis Fdrmkecl sitssis diltaes Phich dvindosactrdntey fiom table
T. into tabl&engePysesdingpeitntintserwithrdbitienT theatriemitianyhiliremainde plesries MRving

-29-entriespiRRviaiNe- donia ARG ntf@ny Litsremain after this step, phase three repeats from the
beginning E')g?/el;(siortin table T4 gﬁ%rieas #\%S) dggéé%eﬁﬁé%f?gﬁﬁ%rf&motﬁ teﬁg ﬁ‘e%’%’(ﬁl%&l??é"bft%“have

been assighede%frdy APicRentsitmibssia e brakHiks Krelinerisceatiows for pledkRAG cechtgreall bits
have beenusbimteid emhofitram aferieensificippheodes WosthsHAUNAOLTD@Band an inverse DST.

Because half of the transform blocks are omitted from transmission or storage (see expression 3),
those blocks must be recreated for the inverse transforms. The missing DCT blocks may be recreated
from the available DCT blocks as shown in equation 8. The missing DST blocks may be recreated

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

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).



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 trgnsform 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 more shifts FalvdatiosoeiatetfonasiarsBypaFHT isaMi0. ONR s%ﬁ:@he@%fﬁ@&eﬁtiﬁo@t%fﬂw@gth is

(hen caloulaiegle At iR ANIND BN IREUD.(RARIE, 1) IR DL OLFSARENEY iocated
e

tive
bits assigneg t%ccloefgcé? s in each subband, found In array AC) Each transtof) 8%%{‘1’5‘0?
word is rountie 1S B 78 AgHIE RS BLscribed above, each element of array A( ) represents the
number of bits asdiifes idaltcastfiitehtg Witsinta subbasid: & emeccoeflivienainsapsusukiangd may

have one bardusied iRk HRIF RIS IROMERLIALERR Hgﬁaicfﬁ | Qumber.of bitsu%‘J,'Pcafthgto the

transform b!lggfvlﬁq.tﬁgé%th&aljocation m%ximum._ E. Fo‘rmattlng The forma mggpsr‘%‘cesse (f)re res the
encoded transform PIOCKs for tranamiSaBI P ap8tisg dhe the 15 BESs ievesp eheitingkoyisoapnltss in
Figure la. THe ®rswiRG tesbestion ifcefabe dltivks. fokmetiing iofRigtine- charsie sigeahete sasahat
used in steigaphnitapelieations. T hﬁep@%ﬁmem%anm&?\éﬁhngap 88 %’h&ig?%i.g single-channel or
muItipIe-ch%Qg}%I §¥Cﬁte%%e\é\éitpouésde§?gi¥r;%ro the _basic invention. A?i edn eng%h rgpr_esen%qtion of
each transform coeffidient cod word s or ’éd%‘f'rlfﬁ%‘gﬁﬁ& tHEs qUsHaRAEE s asssrditalisssrth equal
to the minirfi€}#¥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 bloc}< are then._assembled according to the grouping shown

in Figure 20. The formatted frame of transfori B ?ésiﬁvﬁaﬁ‘?e 20 depicts a structure where channel A
has encoded a DEBUB®dRaIRS BhuiaielcBeriistioncrdinet-doDSii Wiadke Hthie framapadld beagjabiect to bit

-30- 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-Chebyshev window, and a window derived from
finite impulse filter coefficients using the Parks-McClellan method. See Parks and McClellan,
"Chebyshev Approximation for Nonrecursive Digital Filters with Linear Phase,” IEEE Trauns, Circuit
Theory, vol. CT-19, March 1972, pp. 189-94. Only the Kaiser-Bessel window is discussed here.



errors such as those caused by noise during transmission, error correction codes are intermixed with
the data as shown in Figure 21. Additional overhead bits may be required, such as frame
synchronization bits if the digital signal is intended for transmission, or database pointers or record
keys if the frames are intended for storage. If frame synchronization bits are required, the formatted
frame is randomized using a technique described in Smith, Digital Transmission Systems, New York,
NY: Van Nostrand Reinhold Co., 1985, pp. 228-236. Randomization is performed to reduce the
probability that valid data within the frame will be ridtaken for the synchronization pattern. The

randqmizeﬂrgmd&&rmgmg@ggg B m&&%@&eaﬁé(&%ﬁ%@i%aﬂ,%nchkg{% moatei}]g t each '{ranﬁ’sform
coefficient g]ap'ﬁ)é bigeior%%egte in.as many as two distinct parts or segments. é‘ﬁ“?f’é‘f Bad®Ebresents
the coefficient’s minimam lengtr afel PEBHstrBioNeristarsitinintee 6o, :abaigtabii, Ehessecond
part of the Fspaschecdrpth i srenhand, ieiesfivmrySag Hangthciaddatmeomposed of the adaptively allocated
bits. This two-pariegphseMaliahsGeer s GRAZRT ARG WDIGBIRRIGIGIE.SaE foetlicient as a
variable lenaihywword because it is more immune tofcorruption by noise. If a noise burst ocClfS in a
frame utilizing the preferredrsehems. The  SHERTEHPI e Iiad il icplofiah ik oremeisdh2 dizhe
exponents 2 derth feopiand eigetionties Winetruguatiisstdeblby 106 HajsaulhRineisRAUIS @se3 in a
frame utilizZig)vartetiedevgibeanaienpids.alia eHestn iR RRPE FARESRIARR %‘35&%‘&0%‘%“ the

remainder gf, A LIS or tion occur because the noise burst wi I Aot Ohfy the
value of the eia&%gﬁg%va Beb ik have Slfr?gaﬁ%ﬂilf}%?%rﬁ’ﬁf%@? BLESSR GURTE N Aeisaibriometided to

nd code words hi
determine DSECTRARYS I Batingdhrstiieldength code word. If the length of one code word is in error, the
remainder of the Wherkalsdt RasonisintRmpraiRgen gble | shows that an encoded DCT block is composed
of two master exponent bitg, nineteen spbband exponents for 69 bits, and forty-six coefficient code
words for 163 bits. An acki)%i iong daptively allocated bits bring the total DCT block length to 268
bits. (For the 20 kwiperl] sllsi % coded DCT block is composed of two master exponents,
twenty-one subban Xponentsag pits, Qkﬂl-ﬁﬂsécﬁeﬁicient code words of 197 bits, aqrkB4
adaptively allocated bits, for a {otal of 310 bits.) As noted in Table | and shown in expression 4, the
code word“tgg QST =coﬁffici%gt s&jo% IS always zero, therefore the code word and its exponent need not
be transmitte(f orStored TR PEtiRM B9 ncoded DST block by a total of 8 bits (three exponent bits
and 5 coefficient Botiavindre bitshleonantength of 260 bits (302 bits for the 20 kHz embodiment). The

total length for arveacpgackiRRRe o Rfie, 6P§E&Qe§ﬂeair is 528 bits.

Lo = 3 E;%.)_z
kwl)

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)
ko0
N-y=1
Y, Wk
WP(n) = . for0<sn< N (14)

YW
2

where n = product-window sample number,



No side-information is required to indicate the coefficients to which additional bits have been

allocated. The deformatting process is able to determine the proper allocation from the transmitted
subband exponents by performing the same allocation algorithm as that used in the encoding process.
When data corruption is not a problem, a preferred structure for formatting a frame of transform blocks
is one which places the exponents first, the fixed-length portion of coefficient code -31- words second,
and finally the adaptively allocated bits. This reduces; processing delays because, after all subband
exponents have been received, the deformatting process is able to determine bit allocations made to
each transform cdeTfiGHapien i eamrica qtbin & intlom svre arintseinlg received. The formatting structure
used in the preferied deshatiienghtds tiberwdui-wige®, 20. The bit stream is formatted with the master
and subband ex is far.one channel assembled in ascending frequency order, followed by the
master and submg)gxp%gréégﬁtﬁgoﬂﬁ% ot g?%c "a#ﬁg?.g%é’ﬁ,?the fixed length portion of the transform
coefficient code WHPEE for deréveit Sredushivindame efdsagtibdcid ascending frequency order, followed by
the coefficient code worgs of the other channel. Finally, the adaptive bit blocks for the first channel are
appended to the lg't}c)stgefén, &ifoWvetkby e adaptive bit blocks for the other channel. In applications
where potential data confiptiothésvdfeconcern, an error correction scheme is necessary. Errors in
subband exponents, and to the lesser extent, errors in the lower-frequency coefficient code words
generally producdtharghsitast ayutiohs sistdstio shobhisnipamation imdhe meshiitics) datagdeprotect. A

preferred gﬁagmm@;&%ﬁwwymyﬁﬂitﬂ S8 9&5%;%“%@ %&9« eqorrection codes, and separates
these values as %X&:ﬁé %9§siQIe to improve thelr iImmunity to n0|§'e burst errors. Such a scheme is
) il

shown in Figure @vious to one skillefTrPtie BrEthat other frame formats and ¢ofrection
codes may be utW2éd witW@tieparting from the hasicdrwentjpn. The total length for one frame of a
DCT/DST Rlegk peiFds @gegugd(?goa@g%g w OkHz e I%)di t). Of this length, 139 bits are
subband and ma%}ggg)x_p_onents. 155 bits fo? tf?g S%élzoném ggf?r:fght). Three (15,13) Reed-Solomon
error correction co are QY ¥arded bit stream. Each of these codes provide single-symbol error
detection/correcti®i for asynhesisagidliisieen 4-bit symbols (nibbles), or 52 bits. See, for example,

Peterson and Wq{dgn}eggr&pgﬁg ching Godes, Cambridge, Mass: The M.L.T. Press, 1986, pp.
269-309, 361-362. Three of thes? error c:)rgrj%‘gtiglﬁacodes are inserted into each frame to protect up to

39 nibbles (156 bi s)Logf (‘J"a{a, bringing the total frame length
In one embodiment, the analysis and synthésis windows have a length of 128 samples with a

100% window overlap, or an overlap interval of 64 samples. The values of A and 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
3 Win-k

k~0

64
Y WR

ke

WA(n) = for0O<sn< N (17)

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-



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 Dérionafnstiensodoentin Elpuuds 166 asbitfeedite anothisy slode, dnikihe Hyg oW figasency
master eXRABRRH FAM & hanRie! bl AGKIC v ATRIERe e e N Rode: 32- e,

Reed-Solomon codes process data in nibbles, therefore tf ror codes, protec ?a, and
unprotecte B ¥HE MY 8 ShomBoIn Hauf s fiBnshal)dF Broreumisg s restio b P erigitebiata. to

unprotectethgitsigmeleach block-pair frame is approximately two-to-one. This permits scattering

protected data thiglentilAerNANadilAMEFRACH AL ARDLS QLRICIREIRd. fata sepprated by two
nibbles of Lénéogotected data. In_addition, because eac_il error code ItSeif can suatain & S|ngfe-§9mbol
error, protettst A Rk E bLi grreestaiabnorimeiaineach sidbeiredderkncdiofiowiagampterlahe first
five protectdd nitiew@arardssigheldcie, ahkorcodas tiglal3ahphid 2niagpRGiMely. R FiguseRd. With

this technigisysalo st & 9645 3SR 23 A58 BaX.grguLpgywhere in the frame without
e.

corrupting more thC a_slag,lgun'bble from each error code. Therefore, protected data can be
|

n
fi "‘@m‘@le FTed Fwd hobrs @ IRih™s3 bits in length. Subject to the constf&fits

recovered from an .
discussed #berge, VeRinentVanthad N Sioum sobiitient¥ode words are assembled in ascending

frequency order, angl@rs liawedsby:iaswHaRbMeLit Bipgkg, F- Transmission or Storage The

formatted frame iWW Se_gdé for transmission or for storage. Figure la illustrates transmission means
110. Transmissior M&efth TnSiAtEs SUbRdaTdadorktishtistcadtroadcasting, internal use such as
studio monitoring WWAgrgnanistayeasd dpietabilityeor bl epueicrse via terrestrial or satellite links.

Storage media inghle RANHGIZAR ARAIAANGISA'0RTRR ko, & PERIMATRAA defRpating
process takes place when the digitized and coded signal is received from
windows across the window overlap interval equals unity. Therefore, signal x(nf) may be accurately

recovered if

WP,(n1) + WP, (1) = 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 < n <64 20

WP (n) + WP, (n64) = 1 for64 < n < 128 (V3 )

{(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.



transmission means | | | 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_rigt_ify 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 exgorspsadieship¢edundant counterpart are not equal, the

value of the mastgr.eXPPRERLIA55Y fo.he.one. If the correct value of the master exponent is
“actually zero, thjs assumptiofr% will redggc%egetr?se acrngBTﬁ'&u e aoﬁ“g A r%r?s oarH’ CORYRRE NGl BSReTRieS

subbands §r6{HIRk YoHakT Iossigmelin ssnorseysictieitthimpas siheplisitbiaatiseshteisedoibjec tienable

distortion i@ mestreiaeiomiy téetiing e2mbistergxpanenpiaizespbinhe pvirsnaiaid he-are)mdighyould

increase (A ek ol B tedhanalicnils iy IS SINARRILIRIGR Sgie spgficient subbands
e a |

are also c@%%?d tg determine if any hidden_bit adjustments are necessary. p f/ebitGllocation
routine distUSSETHEHE 7%"3?55&%‘%?’65’&‘5%@’Wﬁéﬂ@ﬂ%@%aﬁ@oﬁl%m picieveirddayignidl, and the

results of this process are used to determine the proper allocation of the adaptive bit blocks to the

transform coefficients. The portipn ngth equals the minimum bit
f ffici he portjg, A@W&ﬁ%ﬁ%ﬁ%ﬁﬁ%ﬁ%ﬁ%ﬂ? gth Is the mini b
length plus any a,gﬁ gi\{?eé){:nalloc%ed hits are loaded into a 24-bit word and then shifted to the right a

number of times eqé) I E o f S RE IS o [ a0 S DB LiFR i8S B YER | Slaetignal aerarsesing shifts if
the associatsatragtgnies tmeni Bt ttdeone. FhirplopahatitgeREae MadrRy bevidd Irndfiaure 1b. H.
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which transform gach ségt of dfre_ uency-domain coefficients recovered from the (fgformg{?lng and
linearizatioh procedines it 4 HITER oI EhAIN KoiteniGearthits. Ahedoeipachisrisrsrfariian that
used in anBEisofifrtrp Hivearnd asihm don théT PiSlembntiseyn Bsisadile sipaknfdital bie daversa
transformsiéor e HRACHeshRigne sRed indhipRmhRdiRaRtBre.ANnAINg Rp isatignsLLa modified

inverse DCT and an inverse DST.
- aTthouéL oﬂmer 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



Because half of the transform blocks are omitted from transmission or storage (see expression 5),
those blocks must be recreated for the inverse transforms. The missing DCT blocks may be recreated
from the available DCT blocks as shown in equation 8. The missing DST blocks may be rg:-created as
shown in equation 9. The inverse DCT is expressed in equation 10, and the inverse II_)ST is expressed
in equation 11. C(k) _ -C(N-k) for N/25 k <N (8) S(k) = S(N—k) for N/2 <k 5N (9) x-i 8(n)
Et(k)cos[2rk(n+ )[ for0 5 n <N (10) k-0 K x-1 8(n) 5yKES'(K)sin[2rk(nK )[ forO 5 n <N (1_1_) where k =
transform coefficient number, n = signal sample number, K = number of transform coeff|C|ents., _N =
sample bldektierftian amouphemslter thefor T Gi{ seeegu i) DEsiig Feauanisadmdaihcpsticient k,
S(k) = quankasd SheeRllikienrie ANdNIh SERUFIRE AARURRY sldnal (34, Galculations are

m
- performed using an EET algorithm. The same techniques as those employed in the ?orwar?fﬁrarysform
gre used in ’fﬂ%"%iﬁ‘i/%"rgéhﬁﬁ PLR I 9Ek R st eeb e itsrhlechdinatingpeinb sepresatbieT and DST using a
single FFT. Figuréhelusa-0f1blonkello8ing-Bojiitl uspratenthizitr prsfided prosasseid R @Rl sisr vpthesis
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€ other _
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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 frequencies. The upper cutoff frequency is 300 Hz and the lower cutoff frequency is 100
Hz. For further details on the use of pre- and postemphasis, see Fielder, “Pre- and Postemphasis

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

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

A. Processing Hardware
The basic hardware architecture of the DFT embodiment is the same as that for the TDAC
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-



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-synghﬁsjs window design must consider filter bank
performance. Because both windows are used to modulate the time-domain signal, the total effect

upon filter plorfeimsgrat inminlaenthe-sianicruged huasinglauindew I@"@F%’iﬂi‘la ggerdE%%dUCt of
ished by

the two WingQwss i nalysiszsynthesis window pair, therefore, is accomp
designing a suitakﬁgzﬁgﬁg qul?wg o%v(\%/}’éeﬁi%xs@er{ﬁﬁﬁ’ e}?’l BOTALEY: SOTRUALRES RRd B fostrahdhaaegodss and

synthesis viRtBtHdeResasigHaticRgM reoridesdirmstimeand ciatg flemibifitipinber ading Afidhe staepness of

transition bavittl potiatt dmd diadiapie s 0PRALIEBIRAINuAT B Eatib G REITPTMANCES degraded
toa greatera%%gtd@% gfﬁapy 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-synthesi&§iRE AR Priieder hartdueainizndecorfigmitsin o6t BEFvesah goodianalysiskeymihesis

window paiddraihed dnowfoghiedBadlysissiviRdewSIRSIGE. M ilmPsy A0RNSIS WMNdaMMAYIRG Hsed as
a starting point, several windows permit design of a filter bank with good selectivity, and they offer a

means to trade off steepness of transition band rolloff against depth of stopband rejection. Three
examples are the Kaiser-Bessel wid@REtiemsd Srneingyahévindadw, and a window derived from
finite impulse filteAsclificiedtsbosinthéhinpRatksaMcidatianmsthed mpegiP ais, R0 WASHIS I
"ChebysheywaRpsasinagion o NQEaIr ime Digital Filters,with Linear Phase," IEEE Trans. Circuit
Theory, vol, CT-19, V\%arch 1972, pp‘?%ggé? %ﬁ&%ﬁ%“&‘é?gg?- SRV SRyt kle nte. -35-
GRS YRS 490 Shermlift e Ot EviE {rvetigind e hefteecd fintasirigtisptedmmtries dipha

This Windoﬂ/u%ﬂfows

value. As algjtierdnetdodoin edgiaed avens2ISTDRONR LGS tioR AaREVINOR a@%ﬁ%@d%ﬁ%ﬁ/ apgs
increase thgy@epihmefeiRpband rejection. See Harris, cited above. An alpha value in the rangé of 4

through 7 is usabl,ighin the preferred embodiment. This range
e 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



provides a good compromise between steepness of transition band rolloff at mid-frequencies (1-2
kHz), and depth of stopband rejection for low frequencies (below 500 Hz) and high frequencies
(above 7 kHz). The range of acceptable alpha values was determined using computer simulations by
identifying the lowest alpha values which have sufficient stopband rejection to keep quantizing noise
below the psychoacoustic masking threshold. The Kaiser-Bessel window function is lo as 1-(n )2
W(n) = 10[n aR for 0 5 n< N (12) 1 where a = Kaisg§-Bessel alpha factor, n =window sample
number, N = window length in number of samples,’ and ljx1 = (x/2)2 k-0 kl To satisfy the overlap-add
criteria, ancataiio sysrti sittipr Bdiset-Beinclowndsk (m)daf destgifuie isidorivsd Rygenyoiaguindow
W(n) of lengikn st m&%@q@r&gg}%\w \(yfq%‘enﬂm Dy ;I['hesi\sl%ynedv isi the window overlap-add
interval. The overlap-add process cancels alias distortion and the modulation effects of the analysis
and synthesis windows. Thetgonvolution which derives the product window is shown in equation 13,
where the denominator of SXpreldsion scales the window such that its maximum value approaches
but does not exc&é8@hity. ssionfordy Hersimplified to that shown in equation 14k-1
s(k)\W(n-k) WP(n)= k-O fo 0526&1(@.3) E W(k) kKA N-r-1 W(n-k) WP(n) =k-0forO05n<N (14) E
W(K) k=0

where W(n) = Kaiser-Besse! function of length 17, and the alpha factor is in the range 1.5 to 3,
The DFT and TDAC analysis windows are shown in Figure 23. As shown in Figure 24, the

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

N4

Cly = Y x(mycos2ak ) for0sn< N (26) -
na=0 N
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,



- it = product-window sample number, -36- v = number of samples within yvmdow overlap
iknga;l\v/ztla:reN t= dF()asired length of the p?roduct-window, W(n) = beginning window functllon of length v+ 1,
WP(n) = derived product-window of length N, and s(k) _ It for O'Sk <N-v 1Q otherW|se‘ The analysis
and synthesis windows shown in equations 15 and 16_are obtained by taking the de_rlved we
product-window WP(n) to the A and S powers respectively. WA(n) = WP(n)A for_ 05it<N (15) " A(\n)
=WP(n)s for 0 5 it <N (16) where WP(n) = derived, product-window (see equatloqs 13 and E4), (n)
= analysis window, WS(n) = synthesis window, N =Tength of the product-wmdow,.and A+So-1. .Indone
embodimefv; the améiiyisis aibisyntkesimvintowshavs 3ilengRablal WQJ:%&‘%E@?M&Q%#IW'” ow

' h, set to “one-half which
overlap, ok QY IPPHAE P L4 MR'SET HIE VRlUes of A and S are each set '
produges %?zir ?E;I/ eRr}gcal analysis and synt e's% windows 5e reqor PRy thid #rissebadinetorm.

S

Substituting the: § iFfedlinmipun i keethifer Hiral)ETs wdadvwrisiseenitedbenfFBAIEW (n-k)
WA(n) = x1GifersDeévare ydi7ind/dgpirmeiiner s aiimicy kaiasrddeanelfingtipnuefiaagth 65, and the

alpha factor is in the range 4 to 7. J. Overlap-Add An additional requirement is placed upon window

ign: lysis and synthesis windows
design: the analy y 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 assignment scheme utilizes only two
tiers. . R

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



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. Eachsignal 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 FR§(feisnt B amtipkokcTibe fwolsignaisipitciapprhbbyhenedhall hiegklanathnaeadded to
produce sigamtaéil. Bhowbindisks: 166 SRR RaRFW RIS EFORSUCion ol he onginal nput
signal. Asl;s,hotvvnolr{fefl&ureo%t%mahs%gn I samgje at Some time not within the overlap INtervar bétween
block k and DIOEK K+ T 19 rBPresRHtaH B Isdinh el makes ABrarer i eplscrardrbilow iy Ba woerlap- add
of the two #Wiewed blocks, the recovered signal sample at time not is seen to be the sum of the
samples from windowed blocks k and k+ 1, which may be expressed as x(not) = WPk(not)-x(not) +
WPk+1(not)-x(not) (18) where WPk(not) = WAK(not)WSk(not) = (WAK(not))2, WPk(not) = analysis
window in block k at time not, WSk(not) = synthegis window in block k at time not, and WAKk(not) =
WPk(not) as required by the TDAC transform. T 3 uct-window modulation effects are cancelled if
the sum of the two adjacent product- windows across the window overlap interval equals unity.
Therefore, signal x(nt) may be accurately recovered if WPk(nt) + WPk+,(nt) =1 for 0 5 n <N (19) for
all time samples nt withilMisgeoverlap integasbletween blockdeansidatock k+Iylhis,gifficult to work with
the product-window as a flretion of thxe, so itEsmksirable toNiasslate the reguinegnent as expressed
in equation 19 into a funct ' . i 3 express this
requirement for a producMW(?ow cr fron‘?thié‘broduct of a&pair of 128 sarigle analysis and
synthesis windows with 100% overla uation 20 represents the overlap of the first half of window
WPk and the last half of the previouspyggidow WPK.,. Equation 2

oY

X

Sl . o

EXP4
EXPS 5
EXP6 6
MEXP1 EXP7 4 bits 7-8 5 bits
EXP§ 9-10
EXP9 11-12
EXP10 13-14 4 bits
EXPI1 15-16
EXPI2 17-18
EXP13 19-22° 3 bits
EXP14 23-26
EXP15 27-30
EXP16 31-34
EXP17 35-38
EXP18 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



represents the overlap of the last half of window WPk and the first half of the following window WPKk+,.
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. WPk.t(n+64) + WPk(n) =1
for 0 5 n <64 (20) WPk(n) + WPk+I(n-64) = 1 for 64 5 n < 128 (21) {WAKk-,(n+64)}2 + {WAk(n)}2 =1
for0 5 n <64 (22) {WAK(n)}2 + {WAK+t(n-64)}2 = | for 64 5 n < 128 (23) where WPk(n) =
WAK(n)WSkK(n) = {WAKk(n)}2, WAK(n) = analysis wiggow value for sample n in block k, WSk(n) =
synthesis window value for sample n in block k, and WAKk(n) = WSk(n) as required by the TDAC
transform. - 38 K. Signal Output Box 117 in Figure Ib represents a conventional digital-to-analog
converter which generat%sﬁi’varyin voltétfbasdalog signal Gvelimmnse to aMigitaiinput. The digital

~ input is obtained from the Y8 most j%j‘ﬂificant%’f&‘df the 24-Birheger wordsBitddliced by the
overlap-add process. The analog output should be filtered by a Tow-pass Tilter withi a passband
bandwidth of 15 kHz (20nggizpfor the 20 kHz cqdgyp) to remove spurious high-frequency components.
This filter is not shown in Figure Ib. ExfAs TERNAVE DFT IMBLEMENTATIQN; e TDAC transform
is preferred for most applications, hd@k®er, the signal processing resources kegiired for a TDAC
coder are greater than that required E¥Miscrete Fourier Transfarm (DFT) based coders. Using a DFT,
a coder may be implemented which Fedidres less memory, prodessing speed, and arithmetic accuracy
to only 16 significant bits. The desigr’%% ctives for the DFT cofler are the same as that for the TDAC
embodiment; CD quality signal, minigtigl pit rates, and low time telay through8t&8scoder. The following
discussion assumes a sample rate kHz glthough other rajgs such as thg ';44.1 kHz sample rate
discussed above for the TDAC embgggpient may also be used, fggures 22a andl™®2b show the basic
structure of a DFT embodiment. Thigstpticture is similar to thaj.ghthe TDAC embodiment. Four
differences are required to compensBiPtar the lower accuracy 30f416-bit arithmpgtig: (1) a preemphasis

gain is applied to the analog input sig§x3ilby a network 15-16
EXP12 17-18
EXP13 19-20
21-22 2 bits
EXP14 23-26
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 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



represented by box 2219, (2) block-floating-point encoder represented by box 2220 operates prior to
analysis-window modulation represented by box 2%03, (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-floatingspaint form to increase the number of significant
bits because otherwise the DFT calculations, performed with only 16 significant bits of accuracy,
produce audible levels offnoise-dife td cumotativeround-off endis anécareinabilityter represent the
required dyramic ramges forfirtherinformatiors o round-off noise accumulation in FFT algorithms,
see Prakash and Rao, "FixetkPeint ErrorAnalysis of Radix-4-FET," Signal Processing 3,
North-Holland Publishing:Ge,:1981, pp:-123-133.Byexpressipg each signal sample.inon

block-floating-point form with a 4;Rit exponent; the effective dynamic range of each transform
coefficient is incregg,rgg.elh%pclock-ﬂoating-point encoder represented by box 2220 in Figure 22a4irst
finds the magnitude of the largest sample in the digitized signal block. The number of left shifts

required to normalize thi_sovgfue |s?determ|ne8::Tﬁe number of shﬁ[lsq,l\svaﬁ"ich Willl’f)feofﬁathlecr}ange 0-15,

establishes the vallie 8'the masfer exponient MEXP® S Table BeFiRally”Eitsafisidg irf the block are
shifted -39- to the [&ft"ah oMt eqtalta e valte of theefiaster exponent. During decode,
block-floating-point lineafizer 2222 $owrt intEiguré22b shifts-‘each-sampléts thebrigktan amount
equal to the master! exporrertand:thesample:block istdetivedsfroreeits block-floating-peint
representation. The:bseof block-floating-point representationprovidesadower nojselfloos for low level
signals because allsamplesare, left shifted-an eneode andiright shifted ondecode reducing the
effects of arithmeticraund-off efrors.Unfortunately, madulation of the arithmetic noise fleor occurs

with high signal leyels.similar o that created by a broadband audig.signal.compandet. But empirical
evidence shows th:q:tameoqlggirdagggpjcglefggggg of this modulation occur at frequencies below 300 Hz.
Because 16-bit tragsform codecr gistortion and round-off noise below 300 Hz are jnaudible, the input

ey acc whereln sa

signal (and consequently the noise floor) may be réduced by a special presmphasis attenuation before
ADC quantiZiig® ana cohiperisated By 4 Posteitiphabis oSt iter digital t-4ralsgesnversion. The
preemphasis BttéAtfationirépresetiteld’ by Hox 2219 ih Eittire 22a and the postemphasis boost
represented by box 2224'n Figeite 22bprovideadarge reduction iriaudiblie modatation moise for low
frequency signal 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
frame 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.



signals. The preemphasis characteristic is complementary to the postemphasis characteristic so that
the frequency response of the coder remains flat. 41éhe 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 BC {OyHz)cand unityrgaintathigh frequencies. The
upper cutoftfrequeneydss304: Hz angdithe lewer cuteft frequency is EHA0vHze Forfurther-details on the
use of pre=and postemphasis.seefielder Pre- and-Posterphasis Teehniques as Applied to Audio
Recording Qystems,” 1.-Audio.Eng: 5a¢...vol. 33,.September. 1985, .pp. 649-657. The following
description discusges the, differences between the DFT and TDAC fransform, embodiments. A.
Processing Hardwgrgp‘lc'lhe, basilc hardwaresacrciklltec;ure of the DFT e@boglment is the same as that for

the TDAC tsreéﬁsfourr?l ,émﬁb%ri?nén? ﬁfﬁé,tsreate |nnl(=jigLuarCé:§r,2§aeénﬁdsﬁa%% ﬁr%‘&?éél %gpl"éﬁrﬁ“e?ﬁtnation of a
preferred efibodiment of & SHgIE-thariiet DET Coder, eniploVing Sithet"a 44" T KH2 'orrA"48 kHz
sample rate" tiiliz85%8 £80iICADE WitA“aCyicle time of no more than 20 microseconds to quantize the
input time -40- domain signéf Aty of Several 16 bitdigitarsigralpriéessorssuch A thes AT&T
DSP-16 or Fexasstmdtrunients sSEMS32020 may be used to perform the required computations and to
control the encode and decode processes: Statico-RAMprovides program andsdata memory for the
DSP. A 16-bit DAC with aneyele timeofine-mere than-20 micreseconds: is.ased io-generate an analog
signal from the deceded digital.signal,Resign of-the goder hardware and configuration of the DSP

serial ports is not unlike that, describgd, aboye for the TDAC fransform embodiment, and will be
obvious to one skilled in the art, B. Input Signal Sampling and Windowi

acterize Srmatring megg% is means for
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
raspconse to saild subband signaels, 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



As discussed above, the input signal is attenuated by preemphasis gain prior to sampling and
guantization. The sampling in the DFT embodiment under discussion here occurs at 48 kHz. The
guantized values from the ADC are 16 bits in Ieng%h 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.sthe buHered: ock-ofisamplesds-then canverted-nte:adblock-dloating-point
representation -usingsene.4=bit-master-expenant.-Lhesblock0f.128.samples, left shifted by an amount
equal to the, yale ot the master expenent,ds.then-modulated by an analysis.window,. This analysis
window is different from,that used by the TDAC coder because of differences between the TDAC
ransform and the B T. Unlike the TDAC.transform, the DT cregtes g seguence, of one bype of
transform blé)%k. qubﬁtransformbb[ock IS cqmﬁri§ed offa p%]ior of vaflues‘i or each of 31 transform
coefficients; a réal vallie Component and an imaginary valtie ¢onipdhent. (Eoefticient™0 & an
exception, répréséhtet’By a sthdte feaf Valtie’ coriporient ) See Tabtdql "itigtimportarttd ‘choose a
window desigiewhich retfuces thé &iidar 6fiiput sigiarsampléBitick overlap because the
transmission rate 6t data’stérage reegArefients s doubted Tor theisigrial samplestinthe cverlap
interval. TheDFI:coder using arranalysisswindow witlr 0096 overlap reguires=approxiaiately two
times the bitrate-asthat tequitedday thenIDAG:goderckinlike the ARAGwindewthe REIs window
exhibits a gainof Lty over a largednterval, sthereby eeducingsthe block overlap length from 64 to 16
samples. See Figure 23. This.reduction degrades the digital filter. stopband reiection,.but it incurs an
increase in data geg%a%qugﬂs%&é%m&?@é(ﬂs2%6 )Qverthat of the, TPAG coder, The DET window is
generated in.a manner simfar to that of the TOAC embogiment except that the kemel Kalser-Besse[
function is 17 sar%ples in Tength and has an afﬁhé factor within the range “of T80 3. Sée equation 12.
The range of Atceptablé alpna VaflieSWad 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 -41- convolution product of the
Kaiser-Bessel window and a rectangular window of a length 112 (the block length of 128 minus the
overlap length of 16). The DFT analysis window is ut



E W(n-k) WA(n) =k to for 0 5 n< N (25) EW(k) k-0 where W(n) = Kaiser-Bessel function of length 17,
and the alpha factor is in the range 1.5 to 3. The DFT and TDAC analysis windows are shown in
Figure 23. As shown in Figure 24, the DIRT window has poorer frequency selectivity than the TDAC
window because of the reduced amount of overlap. C. Analysis Filter Bank - Forward Transform The
DFT implements the filter bank and is expressed as N-1 C(k) = Ex(n).cosl21lrk nfor 0 5 n <N (26) ..0
W N-1 S(k) = Ex(n)sin[27rkN] for 0 5 n < N (27) where k = frequency coefficient number, n = input
signal sample number, N = sample block length, x(n) = quantized value of input signal x(t) at sample
n, C(k) = real value or cosine coefficient k, and S(k) = imaginary value or sine coefficient k. D.
Nonuniforma@uaniizetior The:firstdbteggaetions 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 attrlbutable to the differences in the structure of the
block-floating-point representatior4lé bbb ) number and length of coefficients.
Compare Tables | and II. gﬂ@@@g@l@@t@@@&@g@ha@g @g@pﬁ@ﬂ;@ypﬁhe@ﬁ'@coder is based on pairs of
transform coefficient values except for coefticient O (DC or 0 Hz) whose imaginary term is always zero
and is

An encoder applies a digital filterbank such as a transform or subband
filterbank tc an inputr signel to generate fregquency subband Information,
encodes the resultant subband information using adaptive bit allocation to
generate fixed-length wvalues represented by fixed numbers of bits and
variable-length wvalues represented by variable numbers of bits, and formats
the subband information into an enceded signal in which the fixed-length
values are assembled into preestablished positions within the encoded signal.
In response to an encoded signal including subband information represented by
fixed~length wvalues and variable-length wvalues, a decoder extracts fixed-
length vwvalues represented by fixed numbers of bits from preestaplished
positions within the encoded signal, extracts variable-length vwvalues
represented by variable numbers of bits, wherein the wvariable numbers of
bits are established in response to fixed-length wvalues, and generates an
cutput signal by applying an inverse filterbank toe the extracted subband

information.

FIGURE la



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 allocatioh £8the 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 II.
Therefore, 32 bits are assigned tq,40 coefficients pairs. In contrast to the TDAC coder, roughly the
same number of bits are availatae jto assign to approximately twice as many code words.
Consequently, the maximum nuralber of bits that may be assigned to any code word is limited to 2

bits. Whereas the TRAC allocatio scheme as%ns as many as 4 bits 1o a coefficient using four tables
or arrays, the DFT a'%rs’u TTentsctremre-utitzesionly two tiers. F. Formatting The structure of the
formatted data is simitgr to that used for the TP&C coder, and is shown ‘WjFigures 25 and 26. The
principle differences batween the DFT format a%d the TDAC transform_fornat arise from differences in
the block-floating-point gtrutture Jand the humnbeér of bits assigned ta~e porg‘l and transform
coefficients. Referjing td Tgbl¢ 11}, it may Qe seendhat DFT nonunifo‘r‘@qggﬁﬂz r 2208 shown in Figure

22a produces 65 s,:u;%fnc expan ng)t >33 wanaforpn coefficient bits, andz32 bits for adaptive-bit

0N %%s bit master exjpone®t lirectly to formatter

Al @@Ied; ta for a single chgnnel is 432 bits. In

allocation. BlocRfloatinGpo odepes

{2209 along path 3221 h

f
re data ( ordup ion is &Qta@roblem, the prefdrred formatting structure is

[0]
[Heytotdl léndt
two-channel applitagonf \;qhe
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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
-43- coefficient 0, and protection for the most-significapj 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
- MEXPO EXPO 3 bits' 0 5 bits' EXPI 1 EXP2 2 EXP3 3 EXP44 EXPS5 EXP6 6 MEXP1 EXP7 4
bits7-8 5 bits EXP8 9-10 EXP9 11-12 EXPIO 13-14 4 bits EXP | 1 15-16 EXP 12 17-18 EXP13 19-22

3 bits EXP 14 23-26 EXPI5 27-30 EXP16 31-34 _ Tr
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EXP17 35-38 EXP18 39-45 2 Dits --------mmmmmmmmmmm 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 or stored. Table | Frequency Coefficients for TDAC Coder
-44- Master Subband Coefficient Minimum Exp Exp Exp Ln Numbers Bit Ln* MEXP 4 bits EXPO 3
bits 0 11 bit" EXPI 1 9 bits EXP2 2 EXP3 3 EXPO3/ #XP5 5 8 bits EXP6 6 EXP7 4 bits 7-8 6 bits
EXP8 9-10 EXP9 11-12 EXPIO 13-14 4 bits EXPI115-16 EXP12 17-18 EXP13 19-20 21-22 2 hits

EXP14 23-26
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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 -1442%& 33 -122 Table lll Frequency Response
Characteristics for Derived Analysis Windows 45 CLAIMS 1. An encoder for the encoding of audio
information comprising signal samples, said encoder comprising means for receiving said signal
samples, subband means, including adaptive bit allocation means, for generating subband signals in
response to said signal samples, and formatting means for assembling digital information including
said subband signals Into a digital output having a format suitable for transmission or storage,
characterized In that said adaptive bit allocation means
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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 humber of bits into one 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 bits into adjacent positions within said frafi*é 3. An encoder for the encoding of audio
information comprising signal samples, said encoder comprising means for receiving said signal
samples, subband means, including adaptive bit allocation means, for generating subband signals in
response to said signal samples, and formatting means for assembling digital information including
said subband signals Into a digital output having a format suitable for transmission or storage,
characterized in that said adaptive bit allocation meansgllocates an adaptive number of bits to
represent a portion of said subband signals, and Wher§ portion of said subband signals Is
represented by an invaria HS; j tting means places said portion of subband
signals represented by aryinvariant number of bits intojadjacent positions within a frame of sold
digital output. 4. An encodpr according to claim 1 through B wherein said formatting means assembles
said digital information sug¢h that said portion of subbapd signals represented by an invariant number
of bits is placed ahead ofjother portions of said subbapd gignals within said frame. 46 5. An encoder

according to any one of clai
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said subband signals comprise scaling factors and scaled values, and wherein said portion of

- subband signals to which an adaptive number of bits is allocated comprises at least a portion of said
scaled values. 6. An encoder according to any one of claims 1 through 5 wherein said subband
signals comprise scaling factors and scaled values, and wherein said portion of subband signals
represented by an invariant number of bits constitutes said scaling factors. 7. A decoder of a
formatted signal comprising subband signals, said dgzg%er comprising deformatting means for
obtaining said subband signals, inverse subband meahs tor generating signal samples in 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 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 gepresented by an adaptive number of bits from
said formatted signal, and said inverse subbandgmear]s is neang for generating said signal samples
in response to said portion of subband signals regresented inyariant numb or of bits and said
portion of subband signals represented by an adsy ts. 8. A decoder according to
claim 7 wherein said deformatting means obtains saig padrtion of,iu and signals represented by an
invariant number of bits from adjacent positions withifgsaid fr meé; 94 A decoder of a formatted signal
comprising subband signals, said decoder compridiag-dgfor ' eans for obtaining said subband
signals, inverse subband means for generating signalfsamples in
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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 sub gilgnals represented by an adaptive number
of bits from said formatted signal, and 47 said mverse band means is means for generating said
signal samples in response to said portion of subband signals represented by an invariant number of
bits and said portion of subband signals represented by en adaptive number of bits. 10. A decoder
according to claim 7 through 9 wherein said deformatting means obtains said portion of subband
signals represented by an invaf{firit number of bits from positions within said frame which are ahead of
other portions of said subband signals within said frame. 11. A decoder according to any one of claims
7 through 10 wherein said subband signals comprise scaling factors and scaled values, and wherein
said portion of subband signals re resented by on adaptive number of bits comprises at least a

portion of said scaled values. 12. on?* of claims 7 through 11 wherein
said subband signals comprise scaling factors ggd W‘zﬁ aﬁg@g@na “ﬁ‘;ereln said portion of

subband signals represented by ap invariant number of bits constitutes shid scaling factors. 48
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CODED SIGNAL FORMATTING FOR ENCODER AND DECODER OF HIGH-QUALITY AUDIO An
-encoder applies a digital filterbank such as a transform or subband filterbank to an input signal to
generate frequency subband information, encodes the resultant subband information using adaptive
bit allocation to generate fixed-length values represented by fixed numbers of bits and variable-length
values represented by variable numbers of bits, and formats the subband information into an encoded
ssignal in which the fixed-length values are assembleg jntp preestablished positions within the encoded
signal. In response to an encoded signal including subband information represented by fixed-length
values and variable-length values, a decoder extracts fixed- length values represented by fixed
numbers of bits from preestablished positions within the encoded signal, extracts variable-length
values represented by variable numbers of bits, wherein the variable numbers of bits are established
in response to fixed-length values, and generates an oufptit signal by applying an inverse filterbank to
the extracted subband information. FIGURE is 1/24 O f w dJ of - N~...~ssm Z Co -'PIS 9 ci | O-NKI
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REPEAT FOR ALL SUBBANDS 4B; -~ 101
FIND LARGEST COEFFICIENT Caann IN 9B
SET 5.4 =LEFT- SHIFTS TO NORMALIZE Cpyax
SET SUBBAND EXPONENT EXP = SMAX

FOR sséll'ﬁgu% 9B, TO 5By, -
LLEST supd
p SHALLEST JUBBAND EXPONENT Xy

%T WEXPO_ ~|
5ET EXP; FOR SUBDANDS = EXP; -3

SET MEKPO =0
P ANYEXP; >7  THEN SET EXP, =7

F10la
EL5E

FOR SUBBANDS 5B7 T0 5Bm ¥
NP SMALEsT guaé?mp EXPONENT ¥y

Ko 23
ET MEXPL =1
ELop JET EXF FOR SUBDANDS ~EXP, <5 -10Lb

" 5ET MEXP1 =0
F AN EXP > 15 THEN SET BXP, =I5

REPEAT FOR ALL SUBBANDS 5B
REPEAT FOR ALL COEFFICIENTS ¢ 1 o, 103
LOOKUP MINIMUM BT LENATH MINLEN(C)

. i
DD ADAPTIVE-BIT ALLOCATION: %ET AG) FOR ALL 56, ~104

REPEAT FOR ALL SUBBANDS 5
REPEAT FOR ALL COEFFICIENTS C IN 5B,

SHIFT C TO LEFT EXP +3-MEXP TIM | ~
SET C LENGTH —~MINLEN() + AGY 103
ROUND AND TRUNCATE C TO LENGTH

*THE 20 ke COPER USES UBBANDS 5B TO 58,
FIG_7



207 D5P 208 PAC ziz LFF 213A 213 PAL 211 209 RAM EPROM 20 FIG, - 2of TIMING Z08A
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JET ALL ELEMENTS OF A(Y =0
FIND SMALLEST SUBBAND EXPONENT XMN
KEPEAT FOR ALL SUBDANDS 5B
JET ML) = Xy - EKP@ ~800
SET M{) WM(E%)
IF M) <« OTH SET M) =0

oToP WHEN ALL ALLDCABLE BIT5
REPEAT_FOR ALL ’)UEBEN};& ARE ALLOCATED

IF M) THEN 5ETA Al
AT FOR AL SUBEIND2 @ ()

M EN 5F —A(]
REPEAT. 1o )ALL 5Ug5AND TBM) ACi)+! 80\
7 THEN SET AG)  =A (i) 41

IF M)
REPEAT Foé ALL SUBBANDS 5P,
\F MG 2 1 THEN 26T AG)  ~AG)+

STOP WHEN ALL ALLOCABLE BITS ARE
REPERT FOR ALL SUBDAS 56 55, ALLOC)ATEV |
REPEAT FOR A au55ANTHEN55ET AG) =AG)

F 2% AG) < 3 THEN éﬁTA ~ A(i 802
REPEAT FOR ALL SUBBANDS 5 @ AL
IF A() = 3 THEN ﬁET A(i) ~A(i)+]
REPEAT UNTIL ALL ALLOCADLE 5(15 ARE ALLOCATED -B05

DTEPI KEFEAT FOR SUBBANDS 5B O oB}"

FRAG-1), A
STEP T 1N _Ag’f;j} ~dg5 e mm T A= |
IF {ACT), Acla)}+ 4,0} THEN 5E:T A(pe,) -_—g

S5TEP  REPEAT FOR 4UBBANDS 5B 10 9B
(F{AG-D, AW, AG+D}= {4 0 O} THEN %ET A= |

STEP 4 REPEAT 4 TIMES
REPEAT FOR ALL SUBBANDS SET IN 5TEPY
BT AG)= A()+|
REPEAT FOR. ALL HOBANDS SET N STEPZ

SET AG) = ALY
REPERT FOR AL 'SUBBANDS “ET N STEP

PET ACD=- A(i)+!

" THE 20 KNz CODER USES SUBBANDS 9Big TO 5B,
*XFOR DST BLOCKS, THE LOWER LIMIT 15 SUBBAND 5.

+ THE 70 kHz CODER TESTS {AU9), A(20)], AND 5ETS A{Z0) .
Y+ FOR DST BLOCKS, TEST {AQ), A}, AND 4ET A(l) = |.

FIG_8,



-~ V15CONTINUIT'F DISCONTINUITY i imot. i8/24 Yts 4-a--

0.LLft-tN NN VCl/bp ze Z3Qqgb_O S 4l 7/24 X(t) SIGNAL SAMPLE LOCK --~t FIG..d4. X(t)

- SIGNAL SAMPLE BLOCK ---

11/24

T T I T T T TIALT T T

L

I
|
|

|
|
!
|
|
|
|

— e M R

LR N N

: l s i
o
' :

J
N
. ]

(014

(dP) NOILYIr3Y

FREQUENCY OFF4ET (Hz)

FILTER RESPONSE
——=—MAJKING AT 4 kRe

=~ MASKING AT | kHz

LR

FIG_8

/

LN

|
|

|

NN
|

|

LY
=TT

|

\ |

=
!,

|

IR

f {

I

RN

!/4:/7

HENE

i

N T

Lo

|

l

L[]

P
S ount NI NS N S
lll..f”rll..”rfl.. S
.l/l./
e | BT .

(9P} NOILYIr3N

()
2
t

0K

-{0K

FREQUENCY OFFSET (Ho)

——— FILTER RESPONSE

= e MASKING AT 4 kHz

FIG10,



W v - C 9/24 REPEAT FOR ALL 5U6BANDS 5B; '101 F IND LARG&EST COEFFICIENT QM1. N 56i
- S5ET 5ET 5U66ANP LEXPONENFFEU 5,w IZE CM"X FOR 5U66ANDS5 5~, TO 566 FIND SMALLEST
2UDDAN9 EXPONENT XMIN IF KM.N >_ 3 TME 5E7 Wi M?0 -1 FOR 5UcDANDS9 -EAP. 3 702Q
ELSE IF TAN EXPi> 7 THEN 5ET EXP; -- 7. FOR 5U66AND5 567 TO 56ig * FIND S5SMALLEST
50gAND EXPONENT XMIf IF X N MPET MPI --1 ELSE. 5ET EXP{ FOR 5U66ANDS5 -EXPi -3 70Eb
SET MEXPI -0 IF ANY EXP; > 15 THEM 5ET EXP. 123 2REPEAT FOR ALL 5U66AND5 56 REPEAT
FOR ALL COEFFICIEt~T5 C IN 551 703 LOOKUP NfIK#1UM DIT LEN6TH NINLFN(C) DO
ADAPTIVE-6IT ALLOCATION 5ET A(i)) FOR ALL 561 704 REPEAT FOR ALL 5U66AND5 5~

REPEAT FOR ALL COEFFICIENTSIC IF 6; .>Hu C TO LEF T{EXPI+3SMEKP]TIVIES 705 oET C
l_l

LENVTH --MINLEN(C)+AU) ROUNDANP TR TE[C-TOLENGT

!
Ty
3
S S
_/"'/ <]

REJECTION (dB)
=

-100 : \
\

-JOK 0 10K
FREQUENCY OFF5ET (Hz)
~———— FILTER RESPONSE
= MASKING AT | kHz
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*THE 20 kHz CODER USES 5U66AND5 557 TO 5620 FIG. T. 10/24 SET ALL ELEMENTS of A() - D
" FIND 5MALLEST 5USMAND EXPONENT XMW REPEAT FOR ALL SUBBANOS 581 SET M(i) --
XMiN - EXPI -800 SET MU) --M(i) +4 IF M(i) < 0 THEN SET M (i) eo STOP WHEN ALL ALLOCABLE
" DITS RE ALLOCATED REPEAT FOR ALL SUBDANOS5 SBi IF M(1) = 4 THEN SET AC) --A()+)

' REPEAT FOR ALL 5UE3ANO5 515 IF MG) >3 THEN SET AU) --A())+1 REPEAT FDR ALL

| 5UQ'ANDS 515; 801 IF M(1) ? 2 TNEN SET A(i) -A() 8/REPEAT FOR ALL 5U615ANPS 5~, IF MCI) ?
1 THEN SET A (i) -A())+| 5TOP WHEN ALL ALLOCABLE DiT5 ARE ALLOCATED REPEAT FOR
ALL 5UBBANDS 5Di IF | AU) S 3 TNEN SET A(i) A()+| REPEAT IF Z FOR ALL 5USDAMP5 SBi 802
REPEAT FORGALL ~5UD8ANV E 5B5ET A 0) -A(i)+ | IF A 0) = 3 THEN SET A (i) -A(i)+| REPEAT
UNTIL ALL ALLOCADLE BATS ARE ALLOCATED S03 STEPi REPEAT FOR SUBDANDS 5151, To
s5Vm IF WI-I), A(), A(i+])} = "0 0,4 THEN SET Au)- | STEP 2 if (A(U), A(l)) = {o 4&, THE 5ET A(0)++ -

L1IF (A(IT), AOS))* 0} THEN SET A(15) --

l
0
o | ) -
I \‘ ” N
s o
N
pL
s
-100 _ _
b 9 0

FREQUENCY  (KHz)
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