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DESCRIPTION

LOW BIT RATE TRANSFORM CODER, DECODER, AND

ENCODER/DECODER FOR HIGH-QUALITY AUDIO
T ical Fi
The invention relates in general to high-quality low bit-rate digital signal processing of audio signals such
as music.

R . Background Art

There is considerable interest among those in the field of signal processing to discover methods which
minimize the amount of information required to represent adequately a given signal. By reducing required
information, signals may be transmitted over communication channels with lower bandwidth, or stored in less
space. With respect to digital techniques, minimal informational requirements are synonymous with minimal
binary bit 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. Therefore, a signal T
seconds in length with a bandwidth W requires at least 2-W-T number of samples for accurate
representation. '

(2) Quantization of signal samples which may assume any of a continuous range of values
introduces inaccuracies in the representation of the signal which are proportional to the
quantizing step size or resolution. These inaccuracies are called quantization errors. These
errors are inversely proportional to the number of bits available to represent the signal sample
quantization.

If coding techniques are applied to the full bandwidth, all quantizing errors, which manifest themselves as
noise, are spread uniformly across the bandwidth. Techniques which may be applied to selected portions of
the spectrum can limit the spectral spread of quantizing noise. Two such techniques are subband coding and
transform coding. By using these techniques, quantizing errors can be reduced in particular frequency bands
where quantizing noise is especially objectionable by quantizing that band with a smaller step size.

Subband coding may be implemented by a bank of digital bandpass filters, Transform coding may be
implemeated 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 fiiter "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. A subband as implemented by transform coder
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referred to as a critical band. An important quality of the critical band is that psychoacoustic-masking effects
15 are most strongly manifested within a critical band—a dominant signal within a critical band can suppress the
audibility of other signals anywhere within that critical band. Signals at frequencies outside that critical band
are not masked as strongly. See generally, the Audio Engineering Handbook, K. Blair Benson ed., McGraw-
Hill, San Francisco, 1988, pages 1.40-1.42 and 4.8-4.10.
Psychoacoustic masking is more easily accomplished by subband and transform coders if the subband
20 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 2 dominant signal should be limited to the subband containing the dominant
25 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 signai will cause the ear’s critical band to be offset from the coder’s subband so
30 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.

The document WO 88/01811 discloses a digital coding process for transmitting and/or storing acoustic
signals, in particular musical signals, in which a block of N pick-up values of the acoustic signal is transformed
into a block of M spectral coefficients using a Discrete Cosine Transform, a TDAC Transform or a Fast

35 Fourier Transform. The process chooses an initial quantizer step-size, applies entropy coding, and reiterates
quaatization with different step-sizes until the M spectral coefficients can be coded with a predetermined
number of bits. Unused bits are available for allocation in subsequent blocks. In order to make use of psycho-
acoustic masking effects, the spectral coefficients of each block are divided into frequency groups, these
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Transform coding performance depends upon several factors, including the signal sample block length,
10 transform coding errors, and aliasing cancellation.
' Block Length
As block lengths become shorter, transform encoder and decoder performance is adversely affected not only
by the consequential widening of the frequency bins, but aiso by degradation of the response characteristics
of the bandpass filter frequency bins: (1) decreased rate of transition band rolloff, and (2) reduced level of
15 stopband rejection. This degradation in filter performance results in the undesired creation of or contribution
to transform coefficients in nearby frequency bins in response to a desired signal. These undesired
contributions are called sidelobe leakage.
Thus, depending on the sampling rate, a short block length may result in a nominal filter bandwidth
exceeding the ear's critical bandwidth at some or ail frequencies, particularly low frequencies. Even if the
20 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
compounents 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
25 errors, described in the next section.
T 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
30 require infinite transform lengths. For convenience of discussion here, bowever, 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 submuitiple 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
35 which cause the transform to create phantom high-frequency components.
One technique which minimizes this effect is to reduce the discontinuity prior to the transformation by
weighting the signal samples such that samples near the edges of the interval are close to zero. Samples at the
ceater of the interval are generaily passed unchanged, i.c., weighted by a factor of one. This weighting
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is that it clearly requires that the analysis window not go to zero at the edges.

{b) Consecutive input signal bloc-ks 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

20 Discrete Fourier Transform (DFT), this technique increases the aumber 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) The synthesized output from the inverse transform may also need to be windowed. Some

25 transforms require it. 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 and a synthesis window, i.e., the signal will be weighted by the product of the two

30 windows. Therefore, both windows must be designed such that the product of the two will sum to unity
across the overlap. See the discussion in the previous paragraph.

Short transform sample blocks impose greater compensation requirements on the analysis and synthesis
windows. As the transform sampie blocks become shorter there is more sidelobe leakage through the filter’s
transition band and stopband. A well shaped analysis window reduces this leakage.

35 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.

heet Has Been Replaced
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15 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

20 is psychoacoustically masked. With short 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 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

25 The two factors listed above (Nyquist sample rate and quantizing errors) should dictate the bit-rate
requirements for a specified quality of signal transmission or storage. Techniques may be employed, however,
to reduce the bit rate required for a given signal quality. These techniques exploit a signal’s redundancy and
irrelevancy. A signal component is redundaat if it can be predicted or otherwise provided by the recetver.
A signal component is irrelevant if it is not needed to achieve a specified quality of representation. Several

30 techniques used in the art include:

(1) Prediction: a periodic or predictable characteristic of a signal permits a receiver to anticipate
some componeat based upon current or previous signal characteristics.

(2) Entropy coding: components with a high probability of occurrence may be represented by
abbreviated codes. Both the transmitter and receiver must have the same code book. Entropy coding

35 and prediction have the disadvantages that they increase computational complexity and processing delay.

Also, they inherently provide a variable rate output, thus requiring buffering if used in a constant bit-
rate system.

(3) Nonuniform coding: representations by iogarithms or nonuniform quantizing steps allow coding
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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-
10 allocation 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.
15 (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 applicationsvwhere audible signals are intended for human perception.
Masking is understood best with respect to single-tone signals rather than multiple-tone signals
and complex waveforms such as music signals.
20 An example of a transform-based encoder and decoder using adaptive bit allocation in conjunction with
psychoacoustic masking effects is described in Johnson, Bradley, "Adaptive Transform Coding Incorporating
Time Domain Aliasing Cancellation,” Speech Communications, vol. 6, North-Holland: Elsevier Science
Publishers, 1987, pp. 299-308.

25 Disclosure of Invention
It is an object of this invention to provide for the digital processing of wideband audio information,
particularly music, using an encode/decode apparatus and method which provides high subjective sound quality
at an encoded bit rate as low as 128 kilobits per second (kbs).
It is a further object of this invention to provide such an encode/decode apparatus and method suitable for
30 the high-quality transmission or storage and reproduction of music, wherein the quality of reproduction is
suitable, for example, for broadcast audio links.
It is a further object of the invention to provide a quality of reproduction subjectively as good as that
obtainable from Compact Discs.
It is a further object of the invention to provide such an encode/decode apparatus and method embodied in
35 a digital processing system having 2 high degree of immunity against signal corruption by transmission paths.
Itis yet a further object of the invention to provide such an encode/decode apparatus and method embodied
in a digital processing system requiring a small amount of space to store the encoded signal.

Another object of the invention is to provide improved psychoacoustic-masking techniques in a transform
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prior A decoder according to the present invention provides for the high-quality reproduction of digitally encoded

15 wideband audio signals encoded by an encoder according to the present invention. A decoder receives the
digital output of an encoder via a storage device or transmission path. It derives the nonuniformly coded
spectral components from the formatted digital signal and recomstructs the frequency-domain spectral
components therefrom. Time-domain signal sample blocks are generated in response to frequency-domain
spectral components by means having characteristics inverse to those of the means in the encoder which

20 generated the frequency-domain spectral components. The sample blocks are modulated by a synthesis
window. The synthesis window has characteristics such that the product of the synthesis-window response and
the response of the analysis-window in the encoder produces a composite response which sums to umity for two
adjacent overlapped sample blocks. Adjacent sampie blocks are overlapped and added to cancel the weighting
effects of the analysis and synthesis windows and recover a digitized representation of the time-domain signal

25 which is then converted to a high-quality analog output.

_ An encoder/decoder system according to the present inveation provides for the digital encoding and high-
quality reproduction of wideband audio information. In the encoder portion of the system, the analog wideband
audio signals are sampled and quantized into time-domain sampie blocks. Each sample block is then modulated
by an analysis window. Frequency-domain spectral components are then generated in response to the analysis-

30 window weighted time-domain sample block. Nonuniform spectral coding, including adaptive bit allocation,
quantizes each spectral component, and those components are assembled into a digital format suitable for
storage or transmission over communication paths susceptible to signal corrupting noise. The decoder portion
of the system 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 frequency-

35 domain spectral components therefrom. Time-domain signal sample blocks are generated in response to
frequency-domain transform coefficients by means having characteristics inverse to those of the means in the
encoder which generated the frequency-domain transform coefficients. The sample blocks are modulated by
a synthesis window. The synthesis window has characteristics such that the product of the synthesis-window
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di sadvant agg:r Cosine Transform (DCT) and a modified Discrete Sine Transform (DST). In an altersative

embodiment, the discrete transform is implemented by a single modified Discrete Cosine Transform (DCT),

10 however, virtually any time-domain to frequency-domain transform can be used.

na prefen’éd embodiment of an encoder and a decoder according to the present invention, a single FFT
is utilized to simuitaneously calcuiate the forward transform for two adjacent signal sample blocks in a single-
channel system, or one signal sample biock from each channel of a two-chapnel system. In a preferred
embodiment of a decoder, a single FFT is utilized to simultaneously calculate the inverse transform for two

15 transform blocks.

In preferred embodiments of an encoder and a decoder according to the present invention, the sampling rate
is 44.1 kHz. While the sampling rate is not critical, 44.1 kHz is a sustable sampling rate and it is convenient
because it is also the sampling rate used for Compact Discs. An alternative embodiment employs a 48 kHzx
sampling rate. In the preferred embodiment employing the 44.1 kHz sampling rate, the nominal frequency

20 response extends to 15 kHz and the time-domain sampie blocks have a length of 512 samples. In the preferred
embodiment, music coding at subjective quality ievels suitable for professional broadcasting applications may
be achieved using serial bit rates as low as 128 kBits per second (including overhead information such as error
correction cedes). Other bit rates yielding varying levels of signal quality may be used without departing from
the basic spirit of the invention.

25 In a preferred embodiment of an encoder, the nonuniforn transform coder computes a variable bit-length
code word for each transform coefficient, which code-word bit length is the sum of a fixed number of bits and
a variable number of bits determined by adaptive bit allocation based on whether, because of current signal
content, noise in the subband is less subject to psychoacoustic masking than noise in other subbands. The fixed
number of bits are assigned to each subband based on empirical observations regarding psychoacoustic-masking

30 effects of a single-tone signal in the subband under consideration. The assignment of fixed bits takes into
consideration the poorer subjective performance of the system at low frequencies due to the greater selectivity
of the ear at low frequencies. Although masking performance in the presence of complex signals ordinarily
is better than in the presence of single tone signals, masking effects in the presence of complex signals are not
as well understood nor are they as predictable. The system is not aggressive in the sense that most of the bits

35 are fixed bits and a relatively few bits are adaptively assigned. This approach has several advantages. First,
the fixed bit assignment inherently compensates for the undesired distortion products generated by the inverse
transform because the empirical procedure which established the required fixed bit assignments included the
inverse transform process. Second, the adaptive bit-allocation algorithm can be kept relatively simple. In
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t he aliocation A but with 2 fewer bits per transform coefficient. Allocation C (the long dashed line) is the same

as allocation A for frequencies in the lower part of the audio band up to about 1500 Hz. Allocation C is then

the same as allocation B for frequencies in the upper part of the audio band above about 1500 Hz. The dotted
15 line shows the auditory masking curve for a 500 Hz tone.

It will be observed that audible noise is present at frequencies below the 500 Hz tone for all three cases
of bit allocation due to the rapid fall off of the masking curve: the noise and distortion product curves are
above the masking threshold from about 100 Hz to 300 or 400 Hz. The removal of two bits (allocation A to
allocation B) exacerbates the audible noise and distortion; adding back the two bits over a portion of the

20 spectrum including the region below the tone, as shown in allocation C, restores the original audible noise and
distortion levels. Audible noise is also present at high frequencies, but does not change as substantially when
bits are removed and added because at that extreme portion of the sudio spectrum the noise and distortion
products created by the 500 Hz tope are relatively low.

By observing the noise and distortion created in response to tones at various frequencies for various bit

25 allocations, bit lengths for the various transform coefficients can be allocated that result in acceptable levels
of noise and distortion with respect to auditory masking throughout the audio spectrum. With respect to the
example in Figure 13, in order to lower the level of the noise and distortion products below the masking
threshold in the region from about 100 Hz to 300 or 400 Hz, additional bits could be added to the reference
allocation for the transform coefficient contairing the SO0 Hz tone and nearby coefficieats until the noise and

30 distortion dropped below the masking threshold. Similar steps wouid be taken for other tones throughout the
audio spectrum until the overall transform-coefficient bit-length allocation resulted in acceptably low audible
noise in the presence of tones. taken one at a time, throughout the audio spectrum. This is most easily done
by way of computer simulations. The fixed bit allocation assignment is then taken as somewhat less by
removing one or more bits from each transform coefficient across the spectrum (such as allocation B).

35 Adaptively allocated bits are added to reduce the audible noise to acceptable levels in the problem regions as
required (such as ailocation C). Thus, empirical observations regarding the increase and decrease of audible
noise with respect to bit allocation such as in the example of Figure 13 form the basis of the fixed and adaptive
bit allocation scheme described above and discussed in more detail below. i
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environments such as T-1 carrier which will not tolerate such sequences beyond specified lengths. In
15 asynchronous applications, randomization also reduces the probability that valid data within the frame will be
mistaken for the block synchronization sequence. In a decoder according to the present invention, the
formatted data bits are recovered by removing the frame syachronization bits and applying an inverse
randomization process.
In applications where the encoded signal is subject to corruption, error correction codes are utilized to
20 protect the most critical information, that is, the exponents and possibly the 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 the
25 following Detailed Description of the invention and in the accompanying drawings.

Brief Description of Drawings
Figures 1a and 1b are functicnal block diagrams illustrating the basic structure of an encoder and a decoder
according to the present invention.
30 Figures 2a through 2e are block diagrams showing the hardware architecture for one embodiment of an
encoder and a decoder according to the present invention.
Figures 3a and 3b are block diagrams showing in greater detail the serial-communications interface of the
processor for a two-channel embodiment of an encoder and a decoder according to the present invention.
Figure 4 is a hypothetical graphical representation showing a time-domain signal sample block.
35 Figure 5 is a furtber hypothetical graphical representation of a time-domain signal sample biock showing
discontinuities at the edges of the sample block caused by a discrete transform assuming the signal within the
block is periodic.

Figure 6a is a functional block diagram showing the modulation of a function X(t) by a function W(t) to
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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 filter characteristic response curve and two
psychoacoustic masking curves.
Figure 10 is a graphical representation showing a filter characteristic response with respect to a 4 kHz
psychoacoustic masking curve.
10 Figure 11 is a graphical representation showing a 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 13 is a graphical representation showing the spectral levels of coding noise and distortion of an
15 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 i4e are hypothetical graphical representations illustrating a time-domain signal grouped
into a sertes of overlapped and windowed time-domain signal sample blocks.
Figures 15a through 15d are hypothetical graphical representations illustrating the time-domain aliasing
20 distortion created by the E-TDAC transform.
~ Figures 16a through 16g are hypothetical graphical representations illustrating the cancellation of time-
domain aliasing by overiap-add during E-TDAC transform signal synthesis.
Figures 17a-17b are a graphical representation comparing filter transition band rolloff and stopband
rejection of a filter bank using an analysis-only window with that of a filter bank using the analysis window
25 of an analysis-synthesis window pair designed for an encoder according to the present invention.
Figure 18 is a hypothetical graphical representation showing the overlap-add property of adjacent windowed
blocks.
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.
30 Figure 20 is a schematic representation illustrating the format of a frame of two encoded transform blocks
without error correction.
Figure 21 is a schematic representation illustrating the format of a frame of two encoded transform blocks
with error correction codes.
Figures 22a through 22e are hypothetical graphical representations illustrating a time-domain signal grouped
35 into a series of overlapped and windowed time-domain signal sample blocks, particularly as implemented for
the O-TDAC transform.
Figures 23a through 23d are hypothetical graphical representations illustrating the time-domain aliasing
distortion created by the O-TDAC transform. B e
Sheet Has Been Replaced

WG




-

unl ess the distortion is psychoacoustically masked. Whps s%@é? Ls S8R Bced
bl ocks, however, some transform frequency bins may have nd

t han t he audi tory critical bands, particularly at |ow fiEn mjiﬂﬂmze t he
ear's critical bands have the greatest rgsolution. Cons !

distortion may not be masked. One way to mininize the distortionis to .

i Rcr ease quaam%drésemi €hidough QU ﬂ@}dyﬁoﬁetkh%r@ﬁx@@r@?@sﬁub&ﬁﬁldﬁmﬁbyth% tdnedilatidACOf YigRes

the requir | it-rate

Reduct i on ‘ﬁ’?&'ﬂm”‘“étw overlaprydd during G-TRAG pransform sigsd! WBBSE- (Nyqui st sanple rate
and quanti zi ﬁ\gmeﬁr i8 p sShemdtio Hpaisediatianaliustrating thip format oftacframe qf fwe emredet sradsform blocks,
speci T ed il dbr Brrobhdll He ob IPASAE $idsRm UnitheboPG on BERBICIAS, [Fke PRseat
enployed however, to reduce the bit rate require or a given signa
quality. 5 Tipventon; echnl gues exploit a signars redundancy and irrel evancy. A
si gnal conponent |s redundant if it can be predicted or otherw se provided
by the receiver. A signal conponent is irrelevant if it is not needed to

achi eve a spblpfjshays ipster exponspts, subbanssgronping; 5 coeisieat bit lepthsrpy % L 5H ETPAG
tﬂe art lrhaitbau;l.amommoderaﬁ&n&méw&a@@m&Mmhﬁoxpr predictable
characteris ignal, permits a receiver to nticipate song
conmponent b t’@&% é‘g’}"?‘ﬁ uging apdseaethigient q“g‘ﬁ%ﬁ“"’é‘?faﬁ“%lé‘?“é‘f"?"gt m coefficients
(2) Ent u@ppqutmdmrag;o k2 ESTIVEC) éxibotditnedt oflan dngiderind b ad2odet iqtor@i‘ng Wﬁlﬁeﬂhy be
represented Dowd r@% a e t ver
nmust have the ls:EtIrIne\ co%Q 00 &"gsu%ggﬁ%t "%ngtcf) ?%g&ggggle e?l on E ave taT'nd

di sadvant agieerdertpatorditgety therpresebipventionaput at i onal conpl exity and
processing delay. Also, they inherently provide a variable rate output,

thus requiring buffering if used in a constant. bit-rate system
(3) Nonuni form codi ng: represedesfpeCarryving Outthe lagensian or nonuni f orm

quantizifig steps allow j, PREFERRED IMPLEMENTATION OF INVENTION
Figures la and lb show the basic structure of an encoder and a decoder, respectively, according to the

present invention. The encoder shown in Figure la comprises time-domain signal input 100, signai sampler
and quantizer 101, signal sample buffer 102, analysis-window muitipiter 103 which modulates each digitized
time~domain signal block, digital filter bank 104 which transforms the quantized signal into frequency
20 coefficients, block-floating-point encoder 105 which converts each integer-valued transform coefficient into a
floating-point representation, adaptive bit 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 1a depicts a transmission path 110, however,
25 it should be understood that the encoded signal may be stored for later use.

The decoder shown in Figure 1b comprises encoded bit-stream signal input 111, deformatter 112 which
extracts each encoded frequency coefficient from the assembled bit stream, linearizer 113 which converts each
encoded coefficient into an integer-valued transform coefficient, inverse digital filter bank 114 which transforms
the transform coefficients into a time-domain signai block, synthesis-window multiplier 115 which modulates

30 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 118.

A. Processing Hardware
The basic hardware architecture of one embodiment of an encoder and a decoder according to the present
35 ipvention is illustrated in Figures 2a-2¢ and 3a-3b. Empirical studies bave shown that conventional integer
transform computations must be performed to an accuracy of at least 20 significant bits to achieve stated
performance objectives.

A practical implementation of a preferred embodiment of a single~channel encoder, employing either a 44.1
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conmponent Sy, o 1Ry, input signal is bandwidth limited. ADC 201 digitizes (samples and quantizes) the incoming signal
into a serial stream of 16-bit words. DSP 202 receives and buffers the serial stream of digitized samples,
groups the samples into blocks, performs the calculations required to transform the blocks into the frequency
domain, encodes the transform coefficients, formats the code words into a data stream, and transmits the

15 encoded signal through serial data path 206. The programming and data work areas for the DSP are stored
in two 24 kilobyte (KB) banks of static RAM 203 which is organized into two sets of 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 uapacks into a usable form into RAM 203 when the encoder is first powered on.

20 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

25 clocks a serial-bit stream of the encoded signal along line STD from the DSP to serial data path 206.

Figure 2c shows the memory addressing interface. Memory for the Motorola DSP56001 is divided into
three segments: program, X data, and Y data. One bank of RAM, which contains program memory, is
selected whenever the DSP brings line PS low. A second bank contains data memory, which is selected
whenever line DS is brought low. The DSP selects between X data and Y data memory by raising line XY

30 high or bringing line XY low, respectively. X data and Y data memory are mapped into separate address
spaces by attaching line XY to address line A12. Therefore, 4 K words (4096 or 1000,, 24-bit words) of Y
data memory are mapped into word addresses 0000-OFFF,,, 4 K words of X data memory are mapped into
word addresses 1000,,-1FFF,,, and program memory resides in its own space of 8 K words, comprising word
addresses 0000,5-1FFF .

35 Program/data RAM 203 and EPROM 204 are mapped into separate address spaces. Inverter 205C allows
DSP 202 to select either RAM or EPROM according the state of address line A15. When DSP 202 sets AlS
high, inverter 205C sets the chip-select (CS) lines of RAM 203 and EPROM 204 low. Only EPRCM 204 is
selected when CS is low. When DSP 202 sets AlS low, inverter 205C sets the CS lines of RAM 203 and
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S the calculations required to transform the coefficients into the time domain, groups the coefficieats into time-
domain blocks, overlap-adds the blocks into a time-domain sequence of digital samples, and transmits the
digital samples in a serial-bit stream to DAC 212. The programming and data work areas for the DSP are
stored in two 24 KB banks of static RAM 209 which is organized into two sets of 8,192 24-bit words.
EPROM 210 stores in a compressed format programming and static data which the DSP umpacks into usable
10 form into RAM 209 when the decoder is first powered on. DAC 212 generates an analog signal corresponding
to the serial-da;ta stream received from the DSP. LPF 213A (a low-pass filter which is not shown in
Figure Ib) 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

15 212. Timing generator 208A, using a phase-locked loop circuit to extract a timing reference from the eacoded
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

20 word. The interface between DSP 208 and the memory-address bus is implemented in the same mananer as
that described above for the encoder. See Figure 2c.

The two-channel encoder requires LPF 200A and 200B, and ADC 201A and 201B, connected as shown in
Figure 3a. The interface between the DSP and ADC components operates in a manner similar to that described
above for a one-channel encoder. Timing generator 202A provides an additional signal to line SC2 of the DSP

25 at one-half the rate of the frame-synchronization signal to control muitiplexer 202B and indicate to the DSP

- which of the two ADC is currently sending digitized data.

The two-channel decoder requires DAC 212A and 212B, and LPF 213A and 213B, connected as shown
in Figure 3b. The interface between the DSP and DAC components operates in a manner similar to that
described above for a one-channel decoder. Timing generator 208A provides an additional signal to line SC1

30 of the DSP at one-half the rate of the frame-synchronization signal to control demultiplexer 208B and indicate
to the DSP which of the two DAC is currently receiving digital data.

The basic hardware architecture may be modified. For example, one Motorola DSPS6001 operating at 27
MHz with no wait states can implement a two-channel encoder or decoder. Additional RAM may be required.

Further, specialized hardware may be used to perform certain functions such as window modulation or the

35 Fast Fourier Transform (FFT). The entire encoder/decoder may be implemented in a custom-designed

integrated circuit. Many other possible implementations will be cbvious to one skilled in the art.
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transform Other sampling rates, such as 48 kHz which is a rate common to many professional audio applications, may

15 beutilized. If an aiternate rate is chosen, the frequency separation between adjacent transform coefficients wiil
be altered and the number of coefficients required to represent the desired signal bandwidth will change. The
full effect that a change in sampling rate will have upon the implementation of an encoder according to the
present invention 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 frequency-

20 domain transform of a 512 sample block produces at most 256 unique nonzero transform coefficients. Hence,
the encoder and decoder structures shown in Figures 1a and 1b is comprised of 256 frequency bins. In this
implementation, the bandwidth of each bin is equal to 86.1 Hz {or 44.1 kHz / 512). (For some discrete
transforms bin 0, the DC or zero frequency component, has a bandwidth equal to half of this amount.) Only
coefiicients 0-182 are used to pass a 15.6 kHz signal. (Coefficients 0-233 are used in a 20 kHz version to pass

25 a20.1 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.

Unless the sample block is modified, a discrete transform will erroneously create nonexistent spectral

30 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 multiplier circuit shown in Figure 6a modulates
the sampled input signal x(t) shown in Figure 6b by the weighting function shown in Figure 6c. The resuitant

35 signal is shown in Figure 6d. This process is represeated by box 103 in Figure l1a. This weighting function,
called an analysis window, is a sample-by-sampie multiplication of the signal sample block, and has been the
subject of considerable study because its shape has profound affects upon digital filter performance. See, for

example, Harris, "On the Use of Windows for Harmonic Analysis with the Discrete Fourier Transform,” Proc,
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t ransm ss amiadgiag hdjackdt blodar iWiadhwidesignio Bisdusskdbeftvyin @ofaidait.pect r al conponent s
fromthe formatted digital signal and reconstructs the frequency-donain
spectral components therefrom Time-donain signal sanple bl ocks are
generatéd in response to f@ehmbﬁsiﬂﬂmﬂnﬂwrEmmnﬂﬂhwmmumponents.by means

L9, Cht AR ok B i) R SR . B Pl
-7- converting the time-domam sxgnal sample blocks into a set of time varying spectral coefficients. Any one of
several transform techniques may be used to implement the fiiter bank. The transform technique used in one
embodiment of an encoder and a decoder according to the present invention was first described in Princen an&
10 Bradley, "Analysis/Synthesis Filter Bank Design Based on Time Domain Aliasing Cancellation,” IEEE Trans.
on_Acoust., Sm- h, Signal Proc., vol. ASSP-34, 1986, pp. 1153-1161. This technique is the time-domain
equivalent of an evenly-stacked critically sampled singie-sideband analysis-synthesis system. This transform
is referred to herein as Evenly-Stacked Time-Domain Aliasing Cancellation (E-TDAC). An alterpative form
of the TDAC transform may be used in another embodiment of an encoder and a decoder according to the
15 present invention. The technique is described in Princen, Johnson, and Bradley, "Subband/Transform Coding
Using Filter Bank Designs Based on Ti:_ne Domain Aliasing Canceilation,” ICASSP 1987 Conf. Proc., May
1987, pp. 2161-64. This alternate transform is the time-domain equivalent of an oddly-stacked critically
sampled single-sideband analysis-synthesis system, It is referred to herein as Oddly-Stacked Time-Domain
Aliasing Cancellation (O-TDAC). An embodiment of an encoder and a decoder according to the present
20 invention using the O-TDAC transform is discussed after the E-TDAC embodiment has been fully described.
E-TDAC utilizes a transform function which is equivaleat 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

cw = ):x(n) oosznk("*"')] for0 =k < N W
n=0
N-1 .
25 S(c) = 3 x(n)-sin 21:&("N"')] for0 sk <N Q@
n=0

where k = frequency coefficient number,
= input signal sample number,

N = sample block length,

m = phase term for E-TDAC,

30 x(n) = quantized value of input signal x(t) at sample n,
C(k) = DCT coefficient k, and
S(k) = DST coefficient k.
The E-TDAC transform altemnately produces one of two sets of spectral coefficients or transform blocks

for each signal sample block. These transform blocks are of the form
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S arrpl e bl Otﬁgs%t Stlifaginary values. Therefore the DCT of one signal sample block can be concurrently calculated with

20 the DST of another signal sample block by only one FFT followed by complex array multiplication and
additions.

The basic technique of using one FFT to concurrently calculate two transforms is well known in the art and
is described in Brigham, The Fast Fourier Transform, Englewood Cliffs, NJ: Prentice-Hall, Inc., 1974.
Additional information regarding the concurrent calculation of the modified DCT and DST for the E-TDAC

25 transform may be found in Lookabaugh, "Variable Rate and Adaptive Frequency Domain Vector Quantization
of Speech," Stanford, CA: Stanford University, PhD Thesis, June, 1988.

In one embodiment of a one~channel encoder according to the present invention, two adjacent signal sampie
blocks are stored in buffers and transformed together into a DCY/DST block pair. The block pair is
subsequently quantized and formatted for transmission or storage.

30 In two-channel systems, concurrent processing may be accomplished by processing a signal sample block
from each of the two channels: a DCT block is generated for one channel, and a DST block is generated for
the second channei. The coded blocks for a given channel alternate between the DCT and DST (see
expression 5), and are always of the cpposite type from that of the other channel’s blocks. A pair of blocks,
one for each channel, are transformed and formatted together.

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

{CMOYer {SM}, (SR} (SO, - - - )
where each transform block represents one time-domain signal sample block. This process is shown in

40 Figures 14a-14e, 15a-15d, and 16a-16g.

Referring to Figure 14a, it may be seen that quantized input signal x(t) is grouped into blocks. One set of
blocks, modulated by the window function W, shown in Figure 14b, produces signal x (t) shown in Figure 14d.
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r at_ €. 15 accurately recover the original time-domain signal, E-TDAC requires the aliasing to be as follows. For the
DCT, the time-domain alias component consists of the first half of the sampied signal reversed in time about
the one-quarter point of the sample block, and the second haif of the sampied 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 I5b and 15d. The phase term required for alias

20 cancellation is
m= N2+ 1) (6)
2
where N = sample block length.

E-TDAC aiso requires application of a pair of carefuily designed analysis-synthesis windows to overlapped

signal sample blocks. The signal sample blocks must have a 100% overlap, i.e., 50% of a given block is

25 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 sampie blocks and the resuiting cancellation of alias
distortion. Signals y(t) and y,(t) shown in Figure 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 y (t) and ¥,(t) shown in Figures 16c and 16f. When the overlapped blocks of these windowed signals

30 are added, the alias components are cancelled and the resulting signal y(t) shown in Figure 16g is an accurate
reconstruction of the original input signal x(t).

Window design and overiap-add used during the synthesis process is discussed below in more detail. It
is sufficient at this point to notice that omitting half the transform blocks halves the required bit rate, but the
100% window overlap required for E-TDAC during signal synthesis doubles the required bit rate.

35 Consequently, E-TDAC has a neutral effect upon the required bit rate.
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In the preferred enbodi ment enploying the 44.1 kHz sanpling rate, the

nor nal frequency response extends to 15 kHz and the

ti me-domai n sanpl e bl ocks have a length of 512 sanples. In the preferred
enbodi ment of the invention. nusic codingat subjective quality levels
suitabl e for professional broadcasting applications my be achieved using
serial bit rates as |ow as 128 KBp!gordfifo Géncl udi ng over head
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encoder, the ngnunifqrmtransfo C I | ength
code word FB?“"’S%TEW“?P%WWS@R‘F@P%‘WZWWW 1B Adenfivs Bt aljpqator 406, tad upiforpy o
sum of a 5 iquastizen WO7sbewn in Figure la. Quantization is performed for transform block pairs: either two adjacent
blocks in a one-channel system, or one block from each channel of a two-channei system. As depicted in
Figure 7, nonuniform quantization is comprised of five major sections: (1) calculating subband exponeats, (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
10 and truncating t_he code word according to the bit length computed from the sum of the 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 range 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 of an encoder

15 and a decoder according to the present invention, the mantissa is a signed integer-valued expression expressed
in two’s compiement form.

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

20 F=M-2¢ Q)
where F = the value of the floating-point number,
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
25 muitiplying the integer-valued mantissa by 2. This is equivalent to shifting a binary representation of the
mantissa three places to the right.

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

30 limited bit length.

Block-floating-point representation is also well known in the art and is used to represent a set of floating-
point numbers with fewer bits than is possible with conventional floating-point representation. This technique
uses one exponent for a group of mantissas. Some mantissas in the group may not be normalized. The
mantissa for the quantity with the largest magnitude in the group will be normalized provided it is not too

35 small, i.e., the exponent is incapable of expressing the multiplier required for normalization. Whether the
mantissas are normalized or not, however, the exponent always represents the number of times each integer-
vaiued mantissa in the group must be shifted to the right to obtain the true value of the floating-point quantity.
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maski ng. TheTabiedyit tay & sedaitiad desthr exponent MEXPO represents the low frequency subbands zero through
eighteen. Master exponent MEXP1 represents high frequency subbands nineteen through thirty six. (For a
20 kHz coder, three additional subbands are required as shown in Table I1.) 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
20 group are reduced by three. When a master exponent is set to ome, it indicates that all 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
25 702a and 702b of Figure 7.

An additional step can be taken which may reduce the total bits required to represeat 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 sigm'ﬁcani 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.

30 The dropped sign bit is referred to herein as a "hidden bit.”

Whether a mantissa is normalized can be determined by examining the exponent. If the exponent is less
than its maximum value (which is 15 after adjusting for the master exponent in the floating point scheme used
in the preferred embodiment), the mantissa is normalized. If the exponent is equal to its maximum value, no
conclusion can be drawn, therefore it is assumed the mantissa is not normalized and there is no hidden bit.

3s This technique can be used only for those mantissas which have their own unique exponent. In a preferred
embodiment of an encoder and a decoder according to the present invention, only DCT subband zero meets
this requirement: it is comprised of only one transform coefificient and it does not share its exponent with a

subband in the paired DST block. In coders which do not share exponents between pairs of transform blocks,
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10 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 I shows the minirmum 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
15 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 overail coder characteristic response is not
as good as that shown in Figure 9 because an additional sefectivity loss occurs during the signal synthesis
20 process, This effect is discussed below and is also shown in Figures 17a and 17b.

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,” J._Audio Eng, Soc.,
vol. 35, 1988, pp. 517-534. Auditory selectivity of the human ear varies greatly with frequency, however,
the 1 kHz curve is representative of ear characteristics for frequencies between 500 and 2 kHz, and the 4 kHz

25 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 1 kHz masking tone
is very high.

Inadequate filter selectivity is compensated in part by reserving additional bits for lower frequency

30 coefficients. Figure 10 compares the filter response against the 4 kHz 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. This relationship is reflected in
the miniroum bit length values as shown in Table I.

Figure 11 compares the 1 kHz masking curve against the filter response curve which is offset such that the

35 psychoacoustic masking curve is always higher. The offset for the filter response is due to the increased
accuracy afforded by additional bits reserved for the lower-frequency coeffictents. Each additional bit improves
the signal-to-noise ratio approximately 6 db. The graph in Figure 11 indicates an offset of 8 db (or

approximately 1.3 additional bits of accuracy) may be necessary to encode a low-frequency transform
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coder would generate quantization noise at a frequency equal to the sample block rate whenever an input signal

15 channel contains low-frequency spectral components whose period is large compared to the sampie block
length. This noise would be created within the channel containing such low-frequency components by the
interaction of two mechanisms. First, the E-TDAC transform would convert the low-frequency components
into an alternating sequence of nonzero and zero values for coefficient zero (DCT C(0) and DST S(0)).
Coefficient C(0) would be nonzero in the DCT transform blocks but coefficient S(0) would always be zero in

20 the DST transform blocks. Coefficient one (DCT C(1) and DST 5{1)) would be affected to a iesser extent due
to the filter bank’s sidelobe leakage. Second, by including the two lowest frequency coefficients in the adaptive

bit allocation process, the allocation algorithm for the channel would toggle between two bit-assignment
patterns, one for DCT blocks and the other for DST blocks. Because the number of adaptively assigned bits

is fixed, bits assigned to coefficient C(0) in the DCT blocks wouid not be available for allocation to other

25 transform coefficients as they would be in the DST blocks. (Because the value of coefficient S(0) is always
zero, it would not be assigned any adaptively allocated bits.) This alternating allocation pattern would manifest
itself as audible quantizing noise at a frequency equal to the sample block rate of 86.1 Hz (or 44.1 kHz / §12).
The preferred embodiment of an encoder according to the present invention assigns a fixed bit length of

8 bits to DCT coefficient C(0) and 9 bits to DST coefficient S(1) (see Table I) and excludes them from

30 adaptive bit allocation. This exclusion prevents the adaptive allocation scheme from generating the quantization

noise described in the previous paragraph.

4. Adaptive Bit Allocation
a. Overview .
35 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 block, bit allocation assigns
a fixed number of additional bits to specific coefficients in four phases. The number of bits may be chosen

to balance signal coding quality and transmission bit rate. In a preferred embodiment, the allocation limit is
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implementation of the procedure is discussed later.

Figure 8 is a diagram of the conceptual process 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

20 the subband with the largest spectral component, and saves the value as Xumv. All subband exponents are
subtracted from X,y 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 value of three for the master exponent MEXPI.
See Table I. Therefore, the range of possible values in array M( ) is negative eighteen to zero. In the next

25 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

30 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 muitiple 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 13 represents coefficients 13-14. If element A(13) has
a value of one, this indicates that 2 bits are allocated, one each to transform coefficients 13 and 14. Continuing

35 the example, if element A(36) has a value of two, then 30 bits are allocated, 2 bits each to coefficients
168-182. During the allocation process, as each element of A( ) is incremented, the number of allocated bits

is deducted from the number of bits rematning for allocation.

When all of the allocable bits are assigned during this or any following phase, that phase immediately
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5 Starting with the M( ) array clement representing the lowest-frequency coefficieat (M(1) for DCT blocks,
or element M(2) for DST blocks), each element of M( ) is examined in turn. As many as four passes are made
through array M( ), or until all allocable bits are ailocated. On the first pass, each element in array A() is
incremented by one if the corresponding element in array M( ) has a value equal to four. The second pass
increments by one each element in A( ) which corresponds to each element in M( ) which has a value equal
10 to three or four. On the third pass, array A( ) elements are incremented if the corresponding M( ) element
has a value w:thm 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
15 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(1l) for DCT blocks, or A(2) for DST
blocks) and works upward in frequency. On the first pass through array A( ), each element which has a value

20 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 reached. This

25 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 three steps. The first step
scans array A( ) starting with the highest frequency element A(36) (clement A(39) is the starting element in
20 kHz bandwidth coders) in search of a group of two adjacent elements which have the values {0,4}. If
found, the element whose value is zero is set to one such that the group values become {1,4}.
30 If the allocation limit has not been reached, step two of phase three begins by scanning array A()
downward starting with the highest frequency subband in search of a group of two adjacent elements which
have the values {4,0}. If found, the zero-valued element is set to one to produce values {4,1}.
The third and final step of phase three allocates additional bits to the coefficients in subbands assigned bits
in steps one and two of this phase. Starting at the highest frequency element of array A( ), each element
35 modified in step one is incremented. Finally, elements modified in step two are incremented, starting with the
highest frequency subbands. This third step reiteratively increments the array elements in the same order
discussed above until all allocable bits are assigned, or uatil all of the elements modified in steps one and two

are assigned a total of 4 bits each. If the latter condition is met and any allocable bits remain to be assigned,



»

in the followng Detail ed Description of the Invention and in the
acconpanyi ng draw ngs. Brief -
Description of Draw ngs- Figures la and | b are funct | onal bI ock di agrams

i [lustrating the basic structure of the igyention.
2c ‘are bl ock di agrams showi ng the hardwaré architecture f
of the inv f it sepoid)d 3b are bl ock diagra

greater detal the serl al -communi cations interfce of the processor for
t wo- channel enbodi rent of the invention. Figure 4 is a hypot hetlcal

graphi cal representati on show ng baAagp{m sloAmkdiosLagral sanpl e bl ock.

Figure 5 is further_ hypotheti aphl cal re ation of -a

ti me- domai n %@ﬁ‘ﬁ‘f"’*’égﬁg‘?%“mvﬁgﬁal Hé"'ﬂ#‘%@dﬂ’ﬁg ﬁﬁt‘q igure, § and flescaprdabovss Athe
sanpl e bl D akideestiidiag] ofothe aagdiz&ﬁ’e @érepk listRiphild i padfidpl e uagerstaiGing bOMe ket 1dgichofthe
bl ock is periadi.c ure 6a is a functional block diagram show ng the

modul at i on P8 ”I“d‘H&‘i’i‘ ) by a function Wt) to provide the resulting
function Y(t )Phase zero bdging by éritiaGiing dtireleingns &fchrray A( f eqndl kvezerol ypicbisatdtiag four tables T,

gr aphi cal r, s€n O\M e

sanpl e bl oc%&&‘ﬁ ntlg%\a ysfgavmwn 0\%&'@6 smﬁ’ urgﬂc?gﬁfh meafoil{’ \/\fgl‘g‘)fHja s‘%h%
the high | émwtls@gmé efnonent 494 save thisyrlpess m.quamwwthw loyvestftequency siybband (subband
i nvent i ofy 1 for DCThIGLKE, Br Subbahd 3 e DAY b, lsubtaQ e R6bbiHA epobll @le! T88le AR XLR1(3)

t he adaptive b| t_ all ocatiaqn process utilized

if the difference is zero, insert the subband number iato tables T,, T,, T;, and T,; (4) if the difference is
negative one, insert the subband number into tables T, T, and T;; (9) if the difference is negative two, insert
the subband number into tables T,, 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 until all subbands have been processed.

15 At the end of this step, table T, contains the numbers of all subbands that have exponents in the range X ;-3
to Xyp, table T, contains subbands with exponeats from Xyn-2 to X, table T; contains subbands with
exponents from X1 to Xy, and table T, contains subbands with exponents equal to X, Of significance,
subband entries in each table are in ascending order according to frequency.

Phase one allocates bits to transform coefficients in subbands with the largest subband exponents. Starting

20 with the first (lowest frequency) entry in table T,, one bit is allocated to each transform coefficient within each
subband represented in the table. The allocation is repeated in turn for table T,, T,, and finally table T,. This
process continues until all allocable bits have been assigned or until all entries in tables T, to T, have been
processed. As a bit is assigoed to all coefficients in a subband, an entry in array A( ) corresponding to that
subband is incremented by one such that the elements in A( ) reflect the total bits allocated to each transform

25 coefficient in each subband.

As noted earlier, allocation terminates immediately when all of the allocable bits are assigned. Each table
entry represents a subband which, in general, contains muitiple transform coefficients. Therefore, if the last
of the allocable bits are assigned to a table entry representing a subband with more than one coefficient, it is
probable that not all of the coefficients in that subband can be allocated the same number of bits. In such

30 situations, the allocation process notes which coefficients in the subband must have a bit deducted from the
subband’s allocation amount subsequently stored in array A( ).

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 1 for DCT
blocks, or subband 2 for DST blocks), subtract the subband exponent from Xymw; (3) if the difference is zero,

35 insert the subband number into table T,; (4) if the difference is negative one, insert the subband number into
table Ty; (5) if the difference is negative two, insert the subband humber 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 ead of this step, table T, contains the numbers of all subbands
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i11ustr aid Qgriss%m%?ecﬁ luL ﬁt ilpﬂxy gliocable bits remain, allocation continues by repeating the process for table
T;, and then ml;le T,. If bits remain to assign, a final pass is made through the entries in table T;. If phase
two does not assign all remaining allocable bits, table T, contains all of the coefficients, each having received
4 bits, and tables T, through T, are empty. If all allocable bits have beer assigned, array A( ) is rebuilt from
the information contained in tables T, through T, to reflect the total bits allocated to each transform
15 coefficient. Each element in array A( ) corresponding to an entry in table T, is assigned a value of four. Each
A( ) element corresponding to an entry in table T, is assigned a value of three; for table T, a value of two; and
for table T, a value of one. All other elements of A( ), i.e., those subbands which are not represented by
entries in tables T, through T,, are zero.
If any allocable bits.remain, allocation continues with phase three. Table T, is sorted, ordering the subband
20 numbers into descending frequency. The first step adds subbands to table T, which are not in table T, that are
lower in frequency and adjacent to subbands which are in table 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 one or more
subbands. If they are, the number of the subband immediately below the higher subband is inserted into table
T,. For example, suppose two adjacent entries in table T, represent subbands 16 and 12. These two subbands
25 are separated by three subbands. Therefore the number 15, represeating the subband below subband 16, would
be inserted into table T,.
The second 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 one or more subbands. If they
30 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 16 and 12. As discussed above, these two
subbands are separated by 3 subbands. Therefore the number 13, representing the subband above subband 12,
would be inserted into table T,.
Starting with the first entry in table T, an additional bit is assigned to each transform coefficient associated
35 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 entries from table T, into table T,. If any bits remain after this
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coefficients in one subband, however, may have one bit deducted from their length as required to keep the total
number of allocated bits equal ta the allocation maximum.

5. Code Word Truncation
10 The fifth sgction 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 transform 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 if the associated master exponent is set
to one. Each coefficient’s total bit length is then calculated by adding its minimum bit length (see Table I) to
15 the number of adaptively allocated bits assigned to 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.

20
E. Formatting

The formatting process prepares a pair of encoded transform blocks for transmission or storage. This
process is represented by box 109 in Figure 1a. The following description discusses the formatting of two
adjacent transform blocks in a one-channel system. The same technique is used to format one transform block

25 from each channel of a two-channel system processing signals such as that used in stereophonic applications.

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

30 in Figure 20. Note that one set of master and subband exponents applies to both transform blocks in the block
pair. (See the discussion of the nonuniform quantizer above.) By sharing exponents between each pair of
blocks, the total aumber of bits required to represent the exponents for both transform blocks is reduced by
50%. .

The formatted frame of transform blocks in Figure 20 depicts a structure where transform block A is a

35 DCT block and block B is a DST block. If the frame wiil be subject to bit 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



Figure 21 is a schematic representation |IIustr |Qg”tlggge¢fnqzreﬂmsdof a frame

of two encoded transform blocks with error corre Fi gures
22a through 22e are hypothetical graphical repremﬁﬂ ‘I‘Eﬂ! ustrating a
ti me-domai n signal grouped into a series o{s over ndowed

ti me-domai n signal sanple blocks, particularl y as [ rrpl enented for the

O TDAC tran

repr esent at %ﬁé‘%ﬁml?sbt“? %%%??f%oml n astl ngs%gqtﬁgfl?%ﬁlb%%reﬁﬁ
by the O-T Systems, FINgy( r¥ock, 2M¥: tViax dﬂygmzl@mmlé ¢wp¢2&5etwcaﬂ28435
gr aphi cal rﬁﬂﬁ&ﬁ%@k'p%éd tb vhidedile &ﬂ?chﬁt@&m%wﬂze% T8 af B f3r the

al i asing by overl ap-add dur.i ng O TDAC transform signal synthesis.
Figure 25 | gmehronizatiompatiem.  Dhsrrandemizesk frame is then agrepded tqthe frame syprhropigatign bits. { 1 ane

of two e nsodedcatt-. mém?mf%rm o€TiiSient by Ha Qépresabied @i'as g'ﬂfyrae ﬁid'hdmnct padts of Sagments] DAHE
transtrome OIITEﬂt of t elnventlon Ta WS master
exponent s, TR 5 R P PRSI s i eEPore 1G9 PR ey SogcTgle
E- TDAC enbo’ﬂiermnhd (pin bhthe ireprdsénation, if pme&’ablcﬁ varying leogils mubbambsegroﬁmm adgptizelg
coefficient g onal Def 9 en
equi red |t iR TS e ool ohegdh ablef B BT Hordo Sk b oottiipa
shows the d# faneblefsagth wordbedssarids zxeqeomnmqm ¢ogertiption by edire. I 4TI hUsstiocrtisrin A frawé
the i nvegt ﬁtﬁﬂing the preferred scheme, the effects of the noise will be confined to the value of the exponeats, code
words, or allocated bits directly affected 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

15 word. If the length of one code word is in error, the remainder of the frame will be misinterpreted.

An encoded DCT transform block includes 183 coefficient mantissas comprising 537 bits (see Table I) and
133 adaptively allocated bits, for a total of 670 bits. Because DST coefficient S(0) is always zero (see Table |
and expression 4), it need not be transmitted or stored. Therefore, the DST block mantissas and allocated bits
comprise oaly 666 bits. The two master exponent bits and 37 subband exponents of 148 bits brings the

20 DCT/DST block pair length to 1486 bits. (For the 20 kHz embodiment, the total block-pair length is 1702
bits.)

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

25 When data corruption is not a problem, a preferred structure for formatting a frame of transform blocks
is one which places the exponents first, coefficient code 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 coefficient while the adaptive bit blocks are
being received. The formatting structure used in the preferred embodiment of an eacoder according to the

30 present invention is shown in Figure 20. The bit stream is formatted with the master and subband exponents
in ascending frequency order. Then the fixed-length portion of the coefficient code words for transform block
A are assembled in ascending frequency order, followed by the coefficient code words of transform block B.
Finally, the adaptive bit blocks for block A are appended to the bit stream, followed by the adaptive bit blocks
for block B.

35 In applications where potential data corruption is of concern, an error correction scheme is necessary.
Errors in subband exponents, and to the lesser extent, errors in the lower-frequency coefficient code words
generally produce the greatest audible distortion. This information is the most critical data to protect. A

preferred scheme protects the master and subband exponents with error detection and correction codes, and
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correction code is added to the bit stream. The code, sixteen bits in length, provides single-symbol error
detection/correction for as many as nineteen 8-bit symbois (bytes), or 152 bits. See, for example, Peterson
10 and Weldon, Efmr-Cogtigg Codes, Cambridge, Mass: The M.L.T. Press, 1986, pp. 269-309, 361-362.

Of the 152 bits which may be protected by the code, 150 constitute the master and subband exponent bits
(15 kHz version). The remaining error correction capacity is utilized by providing redundant protection I;or
the two master exponents. A total of eighteen bits are required to represent the 16-bit error code and redundant
master exponents. These bits are added to the formatted data stream without increasing the overail data rate

15 by reducing the number of bits available for adaptive bit allocation. As a result, the total allocable bits for
each block in the transform block pair is reduced from 133 to 124.

The Reed-Solomon codes process data in bytes, therefore the error codes, protected data, and unprotected
data are grouped into 8-bit bytes for ease of processing. The ratio of protected data to uaprotected data in each
block-pair frame is approximately nine-to-one. This permits scattering protected data throughout the formatted

20 frame, each 8-bit byte of protected data separated by eight bytes of unprotected data. See Figure 21. With
this technique, a single burst error of as many as 65 bits may occur anywhere in the frame without corrupting
more than one protected data byte. Therefore, protected data can be recovered from any single noise burst
no loager than 65 bits in length.

Subject to the constraints discussed above, exponents and transform coefficient code words are assembled

25 in ascending frequency order, and are followed by the adaptive bit blocks.

F. Transmission or Storage
The formatted frame is now ready for transmission or for storage. Figure la illustrates transmission means
110. Transmission media include public dissemination such as broadcasting, internal use such as studio
30 menitoring or signal mixing, and interfacility or telephonic use via terrestrial or satellite links. Storage media
include magnetic tape and magnetic or optical disks.

G. Deformatting
A deformatting process takes place when the digitized and coded signal is received from transmission means
35 111 either by receipt of a transmitted signal or retrieved from storage. The process is represented by box 112
in Figure 1b. 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 exponeats, fixed length portion of transform coefficient code
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The adaptive bit allocation routine discussed above is used to process the exponents extracted from the
received signal, and the results of this process are used to determine the proper allocation of the adaptive bit
blocks to the transform coefficients. The portion of each transform coefficient whose length equals the
minimum bit length plus any adaptively allocated bits are loaded into a 24-bit word and then shifted to the right

15 a number of times equal to the value of the appropriate subband exponent pius three additional shifts if the
associated master exponent is set to one. This process is represented by box 113 in Figure ib.

H. Synthesis Filter Bank - Inverse Transform

Box 114 in Figure 1b represents a bank of synthesis Rlters which transform each set of frequency-domain

20 coefficients recovered from the deformatting and linearization procedures into a block of time-domain signal
samples. An inverse transform from that used in analysis filter bank 104 in Figure la implements synthesis
filter bank 114. The inverse transforms for the E-TDAC technique used in this embodiment of a decoder
according to the present invention are aiternating applications of a modified inverse DCT and a modified
inverse DST. Because half of the transform blocks are omitted from transmission or storage (see

25 expression 5), those blocks must be recreated for the inverse transforms. The missing DCT blocks may be
recreated from the available DCT blocks as shown in equation 8. The missing DST blocks may be recreated

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

equation 11.
&) = -C(N-k) for N2 sk <N ®)
30 $k) = §(N-k) for N2 <k s N 9
x-1
#n) = +3 6@ cosl2nk(XM)|  for0sn <N (10)
Ko K
= _1_’§ Sk -sin|2 =k (B2 for0<n<N (11)
K3 K
where k = transform coefficient number,
n = signal sample number, e e
35 K = number of transform coefficieats, This Sheet Has Been Replaced
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I. Synthesis Window

Figures 16a-16g illustrate cancetlation of time-domain aliasing by the overiap-add of adjacent time-domain
signal sample blocks. As derived by Princen, to cancel time-domain aliasing distortion, the E-TDAC transform
requires the application of a synthesis window identical to the analysis window and an overlap-add of adjacent

20 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 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,

25 therefore, is accomplished by designing a suitable product-window representing a point-by-point muitiplication
of the analysis and synthesis windows. This design is highly constrained, reducing flexibility in trading off
the steepness of transition band roiloff 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 Figures 17a and 17b.

30 While analysis windows have received much attention, the prior art teaches little about synthesis windows.
The technique described below derives a good analysis-synthesis window pair from a known good analysis-
window design. While any analysis window may be used as a starting point, several windows permit design
of a filter bank with good selectivity, and they offer a means to trade off steepness of transition band rolloff
against depth of stopband rejection. Three examples are the Kaiser-Bessel window, the Dolph~Chebyshev

35 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,” [EEE
Trans. Circuit Theory, vol. CT-19, March 1972, pp. 189-94. Only the Kaiser-Bessel window is discussed

here. This window allows the trade off meationed above through the choice of a single parametric alpha
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500 Hz) and high frequencies (above 7 kHz). The range of acceptable aipha 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

. 2
10 kLal{ﬁﬂ for0<n <N (12)
W) = L[re]

where a = Kaiser-Bessel alpha factor,
n = window sample aumber,

N = window length in number of samples, and

,m_z(m

15 To satisfy the overlap-add criteria, an analysis-synthesis product-window WP(n) of length N is derived by
coavolving window W(n) of length v+ 1 with a rectangular window of length N-v. The value v is the window
overlap-add interval. The overlap-add process cancels alias distortion and the modulation effects of the analysis
and synthesis windows. The convolutior 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

20 exceed unity. This expression may be simplified to that shown in equation 14.

—_— N-1

Y st -Wn-k)
WP(n) = L""_.v_____ for0 =n <N a3
Y ww
k=0
Nav=}
Y Wn-k)
WP(n) = —.-%—"— for0 sn <N . 14)
3 W)

k=0

where n = product-window sample number,
v = number of samples within window overlap interval,
25 N = desired length of the product-window,
W(n) = beginning window function of length v+1, This Sheet Has Been RTlaced
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resulting analysis window is seen to be

20 WA(n) = for0<n<N an

where W(n) = Kaiser-Bessel function of length 257, and the aipha factor is in the range 4 to 7.

—_— J. Overiap-Add

An additional requirement is placed upon window design: the analysis and synthesis windows must be
25 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 1b, and illustrated in Figures 16a-16g. Signals y(t) and y,(t), 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
30 signal block is modulated by the synthesis-window functions shown in Figures 16b and 16e. The resuiting
blocks of signals ¥,(t) and ¥,(t) are shown in Figures 16c and 16f. The two signals, overlapped by one-half
block length, are added to produce signal y(t), shown in Figure 16g. Signal y(t) is an accurate reconstruction

of the original input signal.
As shown in Figure 18, a signal sample at some time n,t within the overlap interval between block k and
35 block k+1 is represented by a sample in each of the two blocks. Following an overlap-add of the two
windowed blocks, the recovered signal sample at time ngt is seen to be the sum of the samples from windowed
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23 express this requirement for a product-window created from the product of a pair of §12 sample analysis

and synthesis windows with 100% overlap. Equation 20 represents the overlap of the first half of window WP,

15 and the last half of the previous window WP, ,. Equation 21 represents the overiap of the last half of window
WP, and the first half of the following window WP,,,. Equations 22 and 23 show the equivalent expressions
in terms of the analysis window.

WP,.,(n+256) + WP(n) = | for0 < n < 256 20
WP,(n} + WP, ,(n-256) = 1 for 256 < n < 512 (21)
20 {WA,,(n+256)}* + (WA, @) = 1 for0 < n < 256 (22)
{WA @)} + {WA,, (0-256)}* = 1 for 256 < n < 512 (23)

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

K. Signal Output
Box 117 in Figure 1b represents a conventional digital-to-analog converter which generates a varying
30 voltage analog signal in response to a digital input. The digital input is obtained from the 16 most significant
bits of the 24-bit integer words produced by the overiap-add process. The analog output should be filtered by
a low-pass filter with a passband bandwidth of 15 kHz (20 kHz for the 20 kHz coder) to remove spurious high-
frequency components. This filter is not shown in Figure 1b.

35 H. ALTERNATIVE O-TDAC IMPLEMENTATION OF INVENTION
Ancther embodiment of an encoder and a decoder according to the present invention employs an alternate
transform referred to herein as Oddly-Stacked Time-Domain Aliasing Cancellation (O-TDAC). The following
description discusses the differences in implementation between the E-TDAC and O-TDAC transforms.



-14- indicate to the DSP which of the two ADCis currently sending
digitized dat a. The two-channel decoder requires DAC 212A and 212B, and
LPF 213A and 213B, connected as shown in Figure 3b. The interface between

t he DSP and DAC conponents operates in a jmnner simlar to that described
above for a one-channel decoder. Tim ng Q nerator 208A provi des an
additional signal to line SCl of theﬁp g5 pe half the rate of the
frame-synchroni zation signal to corix exer 208B and indicate to
t he DSP whi cD-TIJAQ tritizés\uCrraéiGim fanctiol wifiehi ib ¥ modifiedi Discrets Chsigé Tahsfaat (BCT), shownliie
basi ¢ hard chitecture may be nodi fied. For exanple, one Mtorola
DSP56001 operating at 27 Mz with no wait states can inplenment a

t wo- channel encoder or decoder. Additional RAM may be required.

Furt her, speC|aI|zeq4hard re nay be used to performcertain functions such

as w ndow rmdul@(k) o ufirer s kramsf orm (FFT). The entire (24)
encoder/ decoder e |nplene#ted’|n a custom designed integrated
circuit. Many other possi bl e i npl enentations will be obvious to one skilled

in the arthere k = frequency coefficient aumber,
n = input signal sample number,
N = sample block length,
m = phase term for O-TDAC (see equation 6),
10 x(n) = quantized value of input signal x(t) at sample n,
C(k) = DCT coefficient k.
The O-TDAC transform produces a set of spectral coefficients or transform blocks of the form
Ck) for0 < k < N2
l:() fork = N/2
where i1 = signal sample block number, and
Ck) = DCT coefficient (see equation 24).
The computation aigorithm used is the Fast Fourier Transform (FFT). Unlike the E-TDAC version, the
20 O-TDAC mplementatxon does not use a single FFT to concusrently transform two signal sample blocks. The

{C®)} = (25)

15

computational compiexity of the transform is reduced, however, by employing a technique similar to the
premultiply-transform-postmuitiply process used in the E-TDAC version. The premuitiply step converts the
real valued sequence of signal samples x(n) into a complex valued sequence by modulating the signal samples
by the complex function

. 25 exp(-ju‘—:-) (26)

where j = /-1,
n = input signal sample number, and
N = sample block length.
A Discrete Fourier Transform implemented by a FFT transforms the modified signal samples into a set of
30 transform coefficients. Because the FFT is a complex transform, the real and imaginary parts of the modified
signal sample set can be transformed concurrently. Finally, a postmultiply step obtains the true DCT
coefficients. This process is represented below in equations 27 and 28.

X = FFI‘[x(n) -exp(-jul—':,)] @n
= R(R- RLIVL N IR o Lym 28
C) = Ry -cos{2nks2X N)] ) sm[znau I N)] - @8)
35 where j =41, Sheet Has Beenllll‘eﬁird



B. Input Signal Sanpling and W ndow ng In the current enbodi nent of

t he invention, signal sanpler and quantizer 101 is an anal og-to-digital
converter which quantizes the input signal into 16 bits which are
subsequent |y padded on the right with 8 ro bits to forma 24-bit integer
representation. subsequent transform™cal cul ations are performed in

24-bit integer ari The anal og i nput signal should be Iimted in
bandwi dth to at" m%@gggdaﬁﬁ?pa Hz for a 20 kHz bandwi dth coder). This

may be acconpl i Niresmple block dmgtihass filter not shown in Figure la. A
nusic signal wigh ﬁgqugn@,aé;efﬁgg‘;maggﬂu sc (CD) quality has, in addition to
ot her qualities, bandw dth i n excess of 15 kHz. From t he Nyqui st

theorem it is %mmmfoa%@&%eemm%m signal  must be sanpled at no
| ess thag 30 K@k)AmmaM&npk‘aéﬂ 1 Khz is chosen for one enbodi nent of
the invention b ause this rate .S. US in CD applications and such a

choi ce sinpli f i Frmagipagy,par of foe &88‘ 138 yse this invention in such

appl i cations. (d’(h)smanaieﬁicm&e al so supports an al ternatlve 20 kHz

Zgng\l/_'\nzdmi gm%g‘l’g{“ ghe | t| on. ‘)6?"6*'%%%'& her gaa """%ﬁr at es, ‘c'#?gh as
may be uti kigmb camplef biamm etmditue buf&tseandstmkm togbthe Ging qwe IFFY preqamimma
coer 11 ci BiPCTPOT ik WS 35 MRk el Sl conpif Sl B ot 08 P’
change. Thtraigtmed by texFFT pragesses leharﬂj@'umsblmklphing rate will have upon the
i mpl ement at i fincaf shbb& thdd\Wth ttle PRpMiphdse QitipBiRREHh BEY eqhaflor8)Gnd K Labdnflfy dedlprbd Paild! -
apalysis-synthesis windows, the O-TDAC technique can accurately recover an input signal from an aiternating
sequence of cosine transform blocks of the form
15 {C1®)}e, {C2()}, {C1()}s {C2(KN}5, - - - 29
where Cl(k), = DCT, coefficienat k of signal sample block i, and
C2(k), = DCT, coefficient k of signal sampie block i.
Note that this sequence of transform blocks is formed by discarding, in effect, every other transform block
from each channel in a two-channpel system, or every other transform block from each of both DCT used in
20 a singie changel system.

The O-TDAC transformation and alias cancellation process is very similar to that for the E-TDAC
transform, and is illustrated in Figures 22a-22e, 232-23d, and 24a-24g. The principal difference is the form
of the alias component. For the first half of the sampled signal block, the alias component is a time reversed
image of the input signal about the one-quarter point of the sample block, but the sign of its amplitude is

25 inverted from that of the input signal. For the second half of the sampled signal biock, the aliasing is time
reversed about the three-quarter point of the sample block with no change in sign. See Figures 23b and 23d.

The design and use of analysis and synthesis windows is identical to that for E-TDAC. See
Figures 24a-24g.

30 B. Nonuniform Quantizer
The nonuniform quantizer for the O-TDAC implementation is identical to that used with the E-TDAC
transform implementation with only a few minor differences due to the fact only DCT blocks are preseat. In
each block pair, both transform blocks include coefficient C(0), therefore, all subband exponents are shared
by the two blocks. Consequently, there can be no hiddea bit and the "minimum" bit length for coefficient C(0)
35 is fixed at nine bits (as opposed to eight bits for E-TDAC). See Table II.
Dynamic bit allocation is virtuaily the same as that for E-TDAC. Coefficient C(0) is excluded from the
allocation process for both blocks in each pair, and because of the mcmsed length of each transform block

pair, discussed below, the allocation limit is only 130 bits.
This Sheet Has Been Rep
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Assum ng-the input signal is not a conplex one, i.e., all inmaginary
conponents are zero, a frequency- domain transformof a 512 sanpl e bl ock
produces at nost 256 unique nonzero transform coefficients. Hence, the
invention shown in Figures la and Ib is cggpri sed of 256 frequency bins. In
this i npl enent ation, the bandwi dth of each bin is equal to 86.1 HZ (or

44.1 kHz / 512). (For sone discret in 0, the DC or zero
frequency conponent, has a bandvm%d %m&'r"gfm‘iw f this anount.) Only

coeffcients (EaipscodedDGE dlpck mlmwaoemi“eﬁt thaintisssg icoprpaiking §38bisé Mauuwmaﬂ

are used ocatdEh o tfeadl-
hi ghuf req:Jtraur'?élmzﬁwKl IICI entlglgﬁo%/tg ?%g%} nput %fw bandvm.g‘pﬁ are us Q,{
m nini ze t &1 é&&‘éﬁ‘%@dé-’(f’%PQW‘ﬁ@a?ﬁsfhf -@W&l@kwdmmt?&@ﬁhgs the samo as that

cancel | ats qor thd ETDAC implementation.
The structure of the formatted frame without error correction codes is very similar to that used in the
E-TDAC implementation, and is shown in Figure 25. The frame structure with error correction codes is
identical to that for E-TDAC, and is shown in Figure 21,
The deformatting process is identical to that described above except no checks are made for any hidden bits.

10
D. Inverse Transform
Half of the DCT blocks are omitted from transmission or storage, and are recreated from the available DCT
blocks using the relationship shown in equation 30. The inverse DCT is shown in equation 31.
¢k = -CNk) forN2<sk <N 30)
15 ) = _IE é® -m{Zg(k+l)(n+m)] fr0<sn<N G1)
Kgs 2K

where k = transform coefficient number,
n = signal sample number,
K = number of transform coefficients,
N = sample block length,
20 m = phase term for E-TDAC (see equation 6),
&(k) = quantized DCT coefficient k, and
X(n) = recovered quantized signal x(n).
The O-TDAC implementation of the inverse transform reduces computational compiexity by empioying a
—_ similar premultiply-transform-post muitiply process as that used in the forward transform. This process
25 converts the real-valued DCT coefficients into a set of modified compiex valued coefficients, concurrently
transforms the real and imaginary parts of the modified coefficients using a single inverse FFT (IFFT), and
obtains the time-domain signal from postmulitiplication, as shown in the following equations.

‘() = ]FFT[C(k) -exp(-ﬂnkl—':,)] for0<n <N (32)

n) = r(n) cos[n-’!:f-] - g{n) -sin| “me for0 <o <N (33)

30 where j = /-1,
m == phase term for O-TDAC (see equation 6),
N = sample block length,
k = frequency coefficient number,

n = input signal sample oumber, " This Sheet Has Been Reilaced
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t he design bandwidth. Note that it is assunmed the input signal is
band-limted to 15 kHz (or 20 kHz) and the final output signal is also
band-linmted to reject any aliasing passed in the highest coefficients.

Unl ess the sanple block is nodified, a digcrete transformw || erroneously
create nonexi stent spectral conponents bé&Cause the transform assunes the
signal in the b} ock ] i.odi c...See Figure 4. These transformerrors are
caused by discéﬁffhﬁ#??gg;gﬁ“%%&”édges of the block as shown in Figure 5.
These di scont i m(n)t= imsginery prtofsampple Kt and i nimize this effect. Figures 6a
through 6d il YghrafeEoveRW qRankle® Sikinal RoyT0di fied or weighted such that the
sanpl es near_the bl ock edges are close to zero. The nultiplier circuit
shown i n Fi gihbeeqesat wisdnyriag, everionwddiag,pnd signal optnyt Progessing is idqutigal torthag deseriberdabaye o
6b by the ppineBITOME fiphaleh@ditashown in Figure 6¢c. The resultant signal is
shown in Figure 6d. This process is represented by box 103 in Figure |a.
This weighting function, called an analysis wndow, is a sanpl e-by-sanple
mul tiplication of the signal sanple block, and has been the subject of
consi derabl e study because its shape has profound affects upon digital
filter performance. See, for exanple, Harris, "On the Use of Wndows for
Har noni ¢ Analysis with the Discrete Fourier Transform" Proc. |EEE, vol.
66, 1978, pp. 51-83. Briefly, ‘a good wi ndow i ncreases the steepness of
transition band rolloff for a given |evel of depth of stopband rejection,
and permts correction of its nodul ati on effects by overl appi ng and addi ng
adj acent bl ocks. Wndow design is discussed belowin nore detail.

C- Analysis Filter Bank - Forward Transform A discrete transform

i npl ements digital filter bank 104 shown in Figure la. Filtering is

per f or med '

This Sheet Has Be,
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by converting the tinme-domain signal sanple blocks into a set of tine

varyi ng spectral coefficients. Any one of several transformtechni ques may
be used to inplenent the filter bank. The transformtechniqgie wused in one
enbodi nent of the invention was first descipbed in Princen and Bradl ey,
"Anal ysi s/ Synthesis Filter Bank Design Based on rinme Domain Aliasing
Cancel l ation,"” |IEEE Trans. on Acoust.. Speech Signal Proc. vol. ASSP- 34,
1986, pp. 1153-1161. This techni que is th@&allésme- domai n equi val ent of an
evenl y-stacked critically sanpled singlesideband anal ysi s-synthesis system
This transformis refMeseed to herSebbandas Evenl y- Sbeffidiead Ti ne-Minisim

Al i asi ng Cancel | ati on ExB- TDAC) ExpAn al tEspdat i ve f ONumbess t he TDB&ELar ansform
may be used in another enbodi nent of the invention. The technique is

descri bed | mPrimcem, —Johmsom,—arrt - t

Using Filter Bank DesMB¥BO Base8XBh Ti nébitHomai n Al i &si ng Cancdlbistion, "

| CASSP 1987 Conf. Proc.. May 1581 pp. 2161-64. Thik alternat &bitst ansform
is the tine-domain equival ent 5¥P7an oddl y-stacked c?itically sanpled

si ngl e- si deband anal ysis- synE¥Bis system It is ¥eferred to herein as
Qddl y- St acked Ti ne-Domain Alia j'ﬂgl Cancel lation (G TDAC). An enbodi ment of

the invention using the O TDA ansformis discussdd after the E-TDAC
enbodi nent has been fully descflled. E-TDAC ufilizes a transform
function which is equival ent t;;( g1e alternate appligation of a nodified
Di screte Cosine Transform (DCl th a nodified D s{rete Sine Transform
(DST). The DCT, shown in equgpen 1. and the DST,mshown in equation 2,
are [err]  Expii 1
EXP12 12
EXP13 13-14 4 bits
EXP14 15-16
EXP15 17-18
EXP16 19-20
EXP17 2122
EXPi8 23-24
MEXP1] EXP19 2527
EXP20 28-30
EXP21 31-33
EXP22 34-37
EXP23 3841
EXP24 42-46
EXP25 47-53 3 bits
EXP26 54-60
EXP27 61-67
- EXP28 68-77
o EXP29 78-87
EXP30 88-97
EXP31 : 98-107
EXP32 108-122 2 bits
EXP33 123-137
EXP34 138-152
EXP35 153-167
EXP36 168-182

" The DST always produces a zero value for coefficient S(0). This is known a priori by the decoder, therefore
the exponent and mantissa for S(0) need not be transmitted or stored.

* The bit length for DST coefficient S(1) is 9 bits. The leagth for DCT coefficient C(1) is 5 bits as shown
in the table.

Table I This Sheet Has Been Replaced
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[err] where k = frequency coeffcient nunber; n = input signa

sanpl e nunber, N = sanpl e bl ock | ength, m = phase termfor
E- TDAC, x(n) = quantized val ue of input signal x(t) at sanple n,
i -40-
Master Subband Coefficient Minimum
Exp Exp Exp Ln Numbers BitLa

Subbands 0-36 are the same as for the 15 kHz coder. See Table I.

MEXP1

EXP37 4 bits 183-199 2 bits

EXP38 200-216

EXP39 217-233

Table 11
Frequency Coefficients for 20 kHz E-TDAC Coder
Master Subbaad Coefficient - Minimum
Exp Exp Exp Ln Numbers Bit Lo

MEXPO EXPO 4 bits 0 9 bits

Subbands 1-36 same as for E-TDAC (Table I).
Subbands 37-39 same as for E-TDAC (Table II).

Table I
Frequency Coefficients for the O-TDAC Coder

This Sheet Has Been Re
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C(k) = DCr coefficient Kk, and S(k) = DST coefficient k. The
E- TDAC transfoTj}ﬁ@ﬁnmeR doduces one of two sets of spectral

coefficients or
transf orm bl ock

nurber,

DST coefficient (see equatlon 2).

ks for each signal sanple block These
m[err] 41- Where i = signal sanmpbR268cogk

coeff|C|ent (see equation 1), and S( k)

Fast Fourier Transform (FFT). See Cool ey and Tukey, "An Algorithn1for t he
Machi ne Cal cul ation of Conplex Fourier Series," Math. Conp vol . 19,

1965, pp. 297 Augncodsr oy thy high-mmijty digitpl ppsodipgofja ﬁ@twwﬁfwl cr_fmﬂebme%audw
si mul t aneo ugbrhaigh, aﬁ&*ﬁmgg themrespectively as the real and |nag|nary

conponents of a S|n
the FFT is a cofffif*®

Toeapgsput ati on algorithmused is the

Tor R B0 E1 7 e < oA SRR S TR .

only of r%al ssgatddeck csﬁaaixhﬁﬁirst BMe-ﬂtﬁﬁtn@i’ghﬂh@miph&Bﬂcshim&ﬁxﬁﬂmg andrqhmmhgsamrsaﬂnu:t
of one FFT an ar? o wfdal}/ang aﬁ) nPdLloex)xifo?m% gnt gtgtassbquence of consecutive second time-domain signal

10

15

20

30

35

sample blocks,
analysis-window means for weighting each time-domain signal sample block in said sequence of
consecutive first time-domain signal sample blocks with an analysis window into a sequence of first
analysis-window weighted signal sample blocks, for weighting each time-domain signal sample block in said
sequence of consecutive second time-domain signal sample blocks with an analysis window into a sequence
of second analysis-window weighted signal sample blocks, and for forming signal sample block pairs, each
pair comprising a first analysis-window weighted signal sample block and a second analysis-window
weighted signal sample biock,
means for generating, in response to each first analysis-window weighted time-domain signal sample
block, a first frequency-domain transform block comprising a set of frequency-domain transform
coefficients, and for generating, in response to each second apalysis-window weighted time-domain signal
sample block, a second frequency-domain transform block comprising a set of frequency-domain transform
coefficients, said means comprising
means for multiplying real valued signal samples in the signal sample block pairs by a first
complex fuaction to obtain complex-valued modified signal sample sets,
means for applying a discrete transform function substantially corresponding to the alternate
application of a modified Discrete Cosine Transform function and a modified Discrete Sine Transform
function in accordance with the evenly-stacked Time-Domain Aliasing Cancellation technique, wherein
said modified Discrete Cosine Transform and said modified Discrete Sine Transform are implemented
by a single Fast Fourier Transform concurrently applied against each of said complex-valued modified
signal sample sets, and
means for multiplying the resuits of the transformation by a second complex function to obtain
transform block pairs, each of said transform-block pairs comprising a first frequency~domain
transform block and a second frequency-domain transform biock,
nonuniform subband quantizer means for quantizing each frequency-domain transform coefficient, said
quantizer means including means for grouping the transform coefficients into subbands, and means for
generating a code word for each transform coefficient, and .
formatting means for assembling digital information including said code words corresponding to
transform coefficients from each transform block of said frequency-domain transform-block pairs into a

digital output having a format suitable for transmission or storage.

2. An encoder for the high-quality digital encoding of wideband analog audio information, comprising

* [ L M 5 *




the DCT coefficient ThiesRedfs BEARLSAE transform-as the set of real values

.and the DST coeffici ented by the set of imaginary val ues.
Therefore the DCT of gﬂ!’%%l e bl ock can be concurrently cal cul ated
wi th the DST of anot | e blggk by only one FFT fol | oumdedtysp

conplex array nultiplication and additions. The basi c techni que of
using one FFT inBant GtGhhflRE hddyquintikifig daril viiddbakdl dodleg b0 ilfBrmiafon\ib Itimk-A6MMn kipnal he
art and is desgribed in Brigham The Fast Fourier Transform Engl ewood
Ciffs, NJ: sﬁ"éﬁh “Hal |, Inc., 1974. Additional information regarding the
concurrent cal enalysiswindow fednifor weighitihg @ach thasFdognainl sigiil safnpie blotineithan hidysis window,

Dol n Vet of e oyt Ans BASRAIHI wlrhieck, Sth faililfn HUBP (it PRS0
PhD Thesi s, frravency-dog@@ transform ¢ogffigients gepastedduiregnatse tpiapanalysis-windoy waighted timerdetnain

version of the. i INRObIbA N said WEnAdAREYL Signal sanple blocks are stored in
buffers and transforned tqqet her Into a DCT/DST bl ock pair. The block pair
P

i s subsequent |y BH¥Shior pultipixiage oy valued seqrencs of fignalramplesdp 8y applysis twindgy aveighted

I n two- channel tify-gémiibsignRIGREIN biRKiby R HREQEHieR GindtiY toldBtaifl 6aspIaR lvaltiiisbdifiéd signal

processing a sig%ré | sanple block fromeach of the two channels: a DCT

bl ock is gener r one channel, and a DST block is generated for the

second e¢hannel . Thencfockpplyibg fosctor sotistastiaf]y oarespoiiing ed magified Disaréte Clrie Memsfoinh e

DCT and function in accordance with the oddly-stacked Time-Domain Aliasing Cancellation technique to the
complex-valued modified signal sample sets, and
means for multipiying the results of the transformation by a second complex function to obtain sets
of frequency-domain transform coefficients,

15 nonuniform subband quantizer means for quantizing each frequency-domain transform coefficient, said
quantizer means including means for grouping the transform coefficients into subbands, and means for
generating a code word for each transform coefficient, and

formatting means for assembling digital information including said code words into a digital output

having a format suitable for transmission or storage.

20 3. A decoder for the high-quality reproduction of wideband analog audio information from a coded signal
including information digitally encoded by a transform encoder that generates code words in response to
quantized input signal samples weighted by analysis window means, said code words corresponding to
nonuniformly quantized transform coefficients, comprising

deformatting means receiving said coded signal for deriving code words from said coded signal,

— 25 linearization meaus for reconstructing frequency-domain transform coefficients using the deformatted
code words, a sequence of first frequency-domain transform blocks and a sequence of second frequency-
domain transform blocks comprising szid reconstructed frequency-domain transform coefficients, and for
forming transform-block pairs, each transform-block pair comprising a first frequency-domain transform
block and a second frequency-domain transform block,

30 means for generating a first time-domain signal sample block in response to each frequency-domain
transform block in said sequence of first frequency-domain transform blocks, and for generating a second
time-domain signal sample block in response to each frequency-domain transform block in said sequence
of second frequency-domain transform blocks, said means comprising

means for multiplying the reconstructed frequency-domain transform coefficients by a first complex
35 function to obtain complex-valued modified coefficient sets,
means for applying a function substantially corresponding to the alternate application of a modified

Inverse Discrete Cosine Transform and a modified Inverse Discrete Sine Transform function in

L]




-17- DST (see exmmemet@raséeenﬁ ace@Nd are always of the opposite type from
that of the other . A pair of blocks, one for each channel,
are transforned an Enm et her. Princen showed that with the

proper phase corrponen ation 6)i,and a careful ly desi gneg,@aié gpf
anal ysi s-synthesi s w ndows, the E-TDAC techni que can accurately recover an

i nput signal fromsan, %L.&,%@?M,ngasmm&n@& RRSihg adtOithiSd ;g@hnuuanaﬁé;wm

bl ocks of the form

(5)
where each tr aw@ﬁdnmr@cmsqr%ﬂp%ye Rraasfosmeant paidomedifiod lnyetss Diserpte SipJrassfombik .
This process | smSiEfuaRd ibi afkingld mRSrsd #at Eélfier Tradfok® doncifesltiyl BptiddOsgainst each of said

Referring to Flg r%*vji@%mlgﬂgﬁqugef%leggﬁggnaﬂ hat quantized input signal x(t) is

grouped into bl dul ated by the wi ndow function
Werr] sBown in Fingus ér th,ply;hg(nféuesans cﬁ’lt@n&hsfoe@mrohbfh)secsﬁmmmeﬂ funicparte obtdinl .

Si | t. 1o t l,ock t.h | ed
Pnput s gnal | i SSmT eyt Bondts pF Bt Sl g fpmgi B et 1 e
are w ndowed byomaimsign fample bloghant\p secpdd tineoipmain ﬁgﬂ @upleb@ﬂls (which w ndow
function is i depuleGiaviddbv YEGE Tdr viIEhtinglthdn M timbabhdiPsi¥ QRfie BREE ardl BGKsecond

time-domain signal sample block by a synthesis window,

10 signal block overlap-add means for cancelling window weighting effects to recover a digitized
representation of the analog audio information, and
time-domain signal output means for converting said digitized representation into a two channel signal

in analog form.

4. A decoder for the high-quality reproduction of wideband analog audio information from a coded signal
15 including information digitally encoded by a transform encoder that generates code words in response to
quantized input signal samples weighted by analysis window means, said code words corresponding to
nonuniformly quantized transform coefficients, comprising
deformatting means receiving said coded signal for deriving code words from said coded signal,
linearization means for reconstructing frequency-domain transform coefficients using the deformatted
20 code words,
means for geperating time-domain signal sample blocks in response to said reconstructed frequency-
domain transform coefficients, said means comprising
means for multiplying the reconstructed quantized transform coefficients by a first complex
function to obtain a complex-valued modified coefficient set,

- 25 means for applying a function substantially corresponding to a modified inverse Discrete Cosine
Transform function in accordance with the oddly-stacked Time-Domain Aliasing Cancellation technique
to the complex-valued modified coefficient set, and

means for multiplying the results of the transformation by a second complex function to obtain
time-domain signal sample blocks,
30 synthesis window means for weighting the time-domain signal sample blocks by a synthesis window,
signal block overlap-add means for cancelling window weighting effects to recover a digitized
representation of the analog audio information, and

time-domain signal output means for converting said digitized representation to analog form.

5. A system for the high-quality processing of wideband analog audio information comprising an encoder

35 according to claim 1 or 2 and a decoder according to claim 3 or 4.

6. An encoding method for the high-quality digital encoding of a first and a second channel of wideband

* [+ L M S *




| ength) producing signal x[err](t) shown in Figure 14c and subsequent!y
passed to the DST. Using only the aIterndmesm@mﬁaﬁdmmjimmdansform

bl ocks results in a loss of the information co di scarded hal f
of the transform bl ocks. This |oss pr odug&;s a | asi Nghrere6C E
corfponent, but the distortion may be cancell ed by choosing the appropriate

phase tern&g&%gkggﬂﬂﬁhhﬁﬂ%oéwgmg Zi applying the forward transformto
-do sanp

over | apped ti mai n signal s e bl ocks, and by overl appi ng and addi ng

adj acent ti ne- démeliog aad gwetizing sahiirt dhinge lof widsbrod eneleg 2isijo infoematify Besesequence of

transform  consediife HRRERe-ldulalh §Bnil RarffiMSK N84 amBidd add Qu%g:tzin%lsﬁd s&REad0dhERE of
a_

shift of the tinme-domain aliasing distortion, Figures 5d and 16a- 169
e

i |lustrate tYidebapd agalog andip infesmationintg m spquence Yf cqusecpiye sesand: tiggromaw sigpaloreg!

DCT, is showslodks, Fi gure 15a. Figure 15b illustrates that the recovered

signal is conposed.of { c onent.s: th r.igi.nal W ndowed si l..(solid
b6y, and 1 iR e e ERE ok S B iy B Bt BBl B
15d i | | ust r atignakbsampledblocksith ameenalysis Windowdintg aaskquerce off firftt analysiscwindomeeighted signtle

i nverse DST. suhheGdes l\v_eitgmn? efth 1183 -abthd Qiral QRpie Bk Gl Aloidnke S1EORANERIVE Bfond
ori gi nal tlne-dona[n_5|g;§ , E-TDAC requires the aliasing to be as follows

For the DCT, tile1domaimtgualossaplp blepks 44ith g apbisie indew e & paguesre pfiiscond aralysigayigdoyr
the sanpbed géighicl sighf ¥apRetibeksand fdHRing Q%m safnPIEbINRPaiRLIAE] Fir chBiriRing @ First d¥Blysis-
sanpl e bl ock,. and the second half of the sanpled signal reversed ip tine
about the t hPBACH st sEeHeplc ookt L srvpt anpisiplop SPek AR Pampin Bodk | o
conponent is sigeherating,libreiphmt tofeath firshaall)isiwindcOpkighicl Gmédgaainlsigh sinfpid tlock) ot fivel
'ani 'elg |né . isgﬁfr?'f,'g%‘é;%m%nf’ ?m%f%gnrl I};fogk copaisihl 358 LG WS b Bl Pl BRients, and
(6) generating, in response to each second amalysis-window weighted time-domain signal sample block, a
15 second frequency-domain transform block comprising a set of frequency-domain transform coefficients, said
generating comprising )
multiplying real valued signal samples in the signal sample block pairs by 2 first complex function
to obtain complex-valued modified signal sample sets.
applying a discrete transform function substantially corresponding th the alternate application of
20 a modified Discrete Cosine Transform function and a modified Discrete Sine Transform function in
accordance with the evenly-stacked Time-Domain Aliasing Cancellation technique, wherein said
modified Discrete Cosine Transform and said modified Discrete Sine Transform are implemented by
a single Fast Fourier Transform concurrently applied against each of said complex-valued modified
signal sample sets, and
25 multiplying the results of the transformation by a second complex function to obtain transform
block pairs, each of said transform-block pairs comprising a first frequency-domain transform block
and a second frequency-domain transform block,
nonuniformly quantizing each frequency-domain transform coefficient, said quantizing including
grouping the transform coefficients into subbands, and generating a code word for each transform
30 coefficient, and
assembling digital information including said code words corresponding to transform coefficients from
each transform block of said frequency-domain transform-block pairs into a digital output having a format

" suitable for transmission or storage.

7. An'encoding method for the high-quality digital encoding of wideband analog audio information,

35 comprising
sampling and quantizing said wideband analog audio information into time-domain signal sample

blocks,
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where N = sanm,es&éttkaéeeR E- TDAC al so requires application of a
pair of caref uI yS| s-synthesis wi ndows to overl apped signal
sanpl e bl ocks. | e bl ocks nmust have a 100% overlap, i.e., 50%
of a given bl o s over apped by the prguious bl ock, and 50% of gjdegsseare
bl ock is overlapped by the follow ng block. Figures 16a-16g illustrate the

over | appi ng of G&gﬂﬁﬁ ﬁﬁﬁﬁé&x&h&féﬁﬂsﬁﬁﬂk&&ﬁﬁ@%&b%mmcel | ati on of

alias distortion. al s err in Figure

16d, recovered ¥ef‘?)'ﬁ‘1‘“gﬁ’§q“ef’ Pﬁ‘%"ﬁ%‘? ﬁlaé{%ﬁ‘h] %‘P% 'er)l’g‘l\g?é?“é"d‘s‘ﬁ ﬁég?ﬂ“e“cy'
functions W domgig trnsfensl codffielenth génprated Byrespdusy @l ay anatylaiswindow weighted txme-domaEl sigmale s
16b and 16e, to!e%g&u&%p “%nals y[err](t) and [err](t) shown in Figures 16c¢c

and 16f. e th
5 multiplying a real valued sequence of signal samples in the analysis-window weighted time-domain

signal sample blocks by a first complex fuaction to obtain complex-valued modified signal sample sets,
applying a function substantially corresponding to a modified Discrete Cosine Transform function
in accordance with the oddly-stacked Time-Domain Aliasing Cancellation technique to the complex-
valued modified signal sample sets, and
10 multiplying the results of the transformation by a second complex function to obtain sets of
frequency-domain transform coefficients, _
nonuniformly quantizing each 'frequency-domain transform coefficient, said quantizing including
grouping the transform coefficients into subbands, and generating a code word for each transform
coefficient, and
15 assembling digital information including said code words into a digital output having a format suitable

for transmission or storage.

8. A decoding method for the high-quality reproduction of wideband analog audio information from a coded
signal including information digitally encoded by an encoding method that generates code words in response
to quantized input signal samples weighted by an analysis window, said code words corresponding to

20 nonuniformly quantized transform coefficients, comprising
deriving code words from said coded signal,
linearizing to reconstruct frequency-domain transform coefficients using the deformatted code words,
a sequence of first frequency-domsin transform blocks and a seguence of second frequency-domain
transform blocks comprising said reconstructed frequency-domain t@nsfom coefficients, and to form
T 25 transform-block pairs, each transform-block pair comprising a first frequency-domain transform block and
a second frequency-domain transform block,
generating a first time-domain signal sample block in response to each frequency-domain transform
block in said sequence of first frequency-domain transform blocks, and generating a second time-domain
signal sample block in response to each frequency-domain transform block in said sequence of second
30 frequency-domain transform blocks, said generating comprising
muitiplying the reconstructed frequency-domain transform coefficients by a first complex function
to obtain complex-valued modified coefficient sets,
applying a function substantially corresponding to the alternate application of a modified laverse
Discrete Cosine Transform and a modified Inverse Discrete Sine Transform function in accordance
35 with the evenly-stacked Time-Domain Aliasing Cancellation technique, wherein said modified Inverse
Discrete Cosine Transform and said modified Inverse Discrete Sine Transform are implemented by a

single Inverse Fast Fourier Transform concurrently applied against each of said complex-valued

R llll



over | apped bl ocks of these wi ndowed signals are added, the alias conponents
are cancelled and the resulting signal y(t) shg }é’@hée S RAARRpRY IS an
accurate reconstruction of the original input s W ndow

deS| gn and overl ap-add used during the syns. he&HMHIﬂ&@”‘HNi SCUS8RdceTEOW
in‘more detail. It is sufficient at this point omtting half
the transform bhaikes dafivies sdshandr equired bit rate, but the 100% wi ndow

| d for E-TDAC d | synth d th d
bt rate donsequeRgymeiias sl Gnilieidty s Feed Eott R Syt FEtone

r at e. signal sample block pairs, each of said signal samiple bluckypairs ooaprisifg refivétitin@dpmpain signal
Each transform ff il J | k 104 is encoded and
grouped into su%%%edﬂl&gma%& laddhl r%'h ugl %Q (Tables | and Il show

nonuni T or m qua
the assi ghnent W%@aa@lﬁfsm%wm #grettemple bockawstraghdecoyd tmelomain signaf wmple block
guanti zer is @Qrgpﬂséaﬁumdmbl ock- fI oat i ng p0| nt encoder 105, adaptive bit

al | ocat or 106, an for ant zZer own in Figure la. antizatiqn
i s perfornmed fof's F‘%?#gf‘éf “ﬁ’a"fef ﬁ‘?e‘f’% %1% itjted 5P 88%%“2‘??33 alog

one- channel snysbérfonn@:ionom bI ock from each channel of a t wo- channel system

As depi cted in §+ r{lg smu d; %m@tgggglév%t !(“?313[ a‘g‘kap&ml _of five major

sections: (1) c exponen rm nien g the master
exponents, (3) initial I y settl ng the bit length of each coefficient code
word as aof urmt«idaadmﬁ methei fs:am‘mg'hepﬂigtré;ﬁodumﬁ Uﬁﬂ&éﬁand(a&)og&drﬂ@hfdlﬁdﬁﬁn fromacoded
al l ocating addi.tianal. bits t.o eC| code nd| -
truncating fgﬁg c‘{‘)u g information digi rnal als) 9°d%?'heeli? %ﬁﬁﬁm %e%?f‘)“fseﬁ? ﬁ%s”os"ﬁem
of the adape iqastipadt inpik |sigead tshrapies vesighted oy mwlmmwbdqw,lsenﬁgioﬁr- bezsledommﬂleg to
coefi ci ent 'n%nttnffﬁ%ﬁlﬂﬁ%iwd transform coefficients, comprising

deriving code words from said coded signal,
15 linearizing to reconstruct frequency-domain transform coefficients using the deformatted code words,
generating time-domain signal sample blocks in response to said reconstructed frequency-domain
transform coefficients by
muitiplying the reconstructed quantized transform coefficients by a first complex function to
obtain a complex-valued modified coefficient set,

20 applying a function substantially corresponding to a modified inverse Discrete Cosine Transform
function in accordance with the oddly-stacked Time-Domain Aliasing Cancellation technique to the
complex-valued modified coefficient set, and

multiplying the results of the transformation by a second complex function to obtain time-domain
signal sample blocks,
- 25 weighting the time-domain signal sample blocks by a synthesis window,
overlap-adding to cancel window weighting effects to recover a digitized representation of the analog
audio information, and

converting said digitized representation to analog form.

10. A method for the high-quality processing of wideband analog audio information comprising an encoding

30 method according to claim 6 or 7 and a decoding method according to claim 8 or 9.

it
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Fl oati ng- poi nt representation of nunerical quantities is well known in the
art of digital data processing and is used to represent a w der range of
values with fewer bits than is possible with integer representation. A

fl oati ng-point nunber is conposed of a mantissa and an exponent. In a
preferred enbodinment of the invention, the nmantissa is a signed

i nt eger -val ued expression expressed in tw's conplenent form The

cor r espondi g« 2XAORE Nyl Egéﬁo&&ﬂ&i 99@? ughue equal to the power gfi>ky6ucOfp
the multiplTer Trequrred to conver e manti ssa (either nornallzed or

unnormal i zed) into the true value of the represented nunerical quantity.

This representation can be expressed as F=M [err] 2[err]
where F the value of the floating-point number, M = t he signed
i nt eger-val ued manti ssa, and E = unsigned integer-val ued

exponent.s For exanpl e, 1w mopmmtmmﬁsmdmeeonhaplinmbm ake true val ue of
the fl oating-point nunber | ngf p i nt eger -val ued
manti ssa by 2[err]. This |s eqU| val en o!{s‘ﬁwfl ng a qur’]{‘bfy representation

of the manti ssa three places to the righL A positive nonzero
mantissa is said to be normalized when its nost significant data bit is
nonzer o. A negative-val ued mantissa is normalized when its npst

si gni fi cant dat a ditrapeforprencoden/geredar, syrtem i Pys 2@ FH2ARCES tHP@sEP @t est

nunber of o sdd@pt v @Phndtols Jdarffiél@nauﬁﬁmszﬂn&uaaha tadapBiveOBL @i d18dcad bRi N
the mantissa's limted bit Bl ock-f | oati ng- poi nt

repr esent at% ﬁnf%"eaf’t‘ﬂ"\ﬁéﬂltll’n‘%‘éﬁfcl toqlpding progifapt andetrmPaCt cHiEsBPRI 52T et

of tions at low bit rates (128 kBits per second). Techniques are employed to
reduce the amount of computation required to implement discrete transforms
which are analogous to a critically sampled single~sideband analysis~
15 synthesis system. Two embodiments include the Evenly-Stacked Time-Domain
Aliasing Cancellation (TDAC) transform and the Oddly-Stacked TDAC tr.ans-

form.
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cofivent i ona

group will

fl oati ng- poi nt
exponent for a group of manti ssas.
normal i zed. The mantissa for the quant
be normalized provided it

I s i ncapabl e of expressing the multiplier
Whet her the mantissas are nornalized or

represent at I on.

with the | argest
not too small, i.e.
required for

not, however,

e 2t

fl oating-point nunbers with fewer bits than is possible with
Thi s techni que uses one

Some nmantissas in the group may not be

2

ude in the

€XB6 5 AT

nornallzatlon
t he exponent al ways

represents the nunmber of tinmes each integer-valued nantissa in the group
must be shifted to the tight to obtain the true value of the floating-point

quantity.-
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1. Subband Exponents The bl ock-fl oati ng-poi nt encoder conprises
sections one and two of the nonuniformquantizer. The functions perfornmed
by the first section are shown in box 701 of Figure 7. This section
cal cul ates the subband exponents for eac? of several subband frequency
coefficients. The subbands are shown in 441 e L The procedure is conprised
of three steps. The first step finds the |argest transformcoefficient in
each subband wi thin one transform bl ock and determ nes the nunber of |eft
shifts required to normalize these |argest 24-bit coefficents. The second
step determ nes corresponding shift values for a second transform bl ock.
The third step conpares the shift value for each subband in the first
transform block with the correspondi ng subband's shift value in the second
transform bl ock, selects the smaller of the two, and saves it as the
exponent for the appropriate subband in both bl ocks. The exponents ajé
shared by the coefficient mantissas in each tr form bl ock. O
2. Master Exponent The second section of Jt he nonuniform quant]zgqrQ
determ nes the value of a one-bit naster exporjent for each of two SLﬁB%nd
groups. The nmaster exponent is used to expand jthe dynam c range ofjtHe
coder. Referring to Table |, it may be seen that naster exponent MEXKFO
represents the | oy frequency subbands zero tHhrough ei ghteen. Mastgr

exponent MEXP1 repriesents hi gh frequency subbands ngheteen through thirty
six. (For a 20 k coder, three additional su%band vare required $hown
in Table IL) .
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'f all subband exponents in a group are three or greater, the nmaster

£xponent for that group is set to
- group are reduced by three.

i ndi cates that all

shifted to the left three
exponent val ues. Wen a nmaster

one and all subband exponents in that
When a master exponent is set to one, it

coded coefficients within all subbands in the group are
more ti ##8sthan is indicated by the subband .
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 permt using shorter
subband exponents while allqwng for a sufficient dynamc range. This step
in the process is shown in dﬁkes 702a and 702b of Figure 7. An

additional step cgR

represent the code
si ngl e coeffcient
As di scussed abovg
nornalized manti

T |

reduce the total ﬁits required to

bands where an eiﬁbnent represents a

“ﬁzblt and t

mantissa is nornal|zeo~'gn”pg”qﬁ'qnﬁi

exponent is |less t han™S

- ..r? _____ = %d 'r:‘eSt ore

Y& i zed mantrsga s super | uous.
helnpst significadt data bitisn a
val ud. The & gn bit cahs
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ed by examﬁn-g t he- If the
ad ue (which is/j15 after ting for
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-20- schene used in the preferred enbodi nent of -the invention), the
mantissa is nornalized. If the exponent is equal to its maxi num val ue, no
concl usi on can be drawn, therefore it is assumed the mantissa i s not
nornal i zed and there is no hidden bit Thi s techni que can be used only
for those mantissas which have their owh/asni que exponent. In a preferred
enbodi nent of the invention, only DCT subband zero neets this requirenent
it is conprised of only one transformcoefficient and it does not share its
exponent with a subband in the paired DST bl ock. In coders which do not
share exponents between pairs of transform bl ocks, the hidden bit technique

may be used for all subbands containing only one coefficient. The
reduction in bit requirenents is reflected in the fixed bit length for DCT
coefficient zero. As shown in Table I, the "m ninmum bit |length of

coefficient C(0) is 8 bits. If the hidden bit technique were not utilized,
the fixed length for C(0) @208 be identical to that for coefficient S(O),

or 9 bits. In si&u ‘ ere coefficient C(0) isZlinnormalized 3 he
reduced bit | engl|s not likely fo create } quapt.i zat if© oi SeZB
because the frequenty cofdfhent w-d—be of] v I a i tude.
A i PR g
209
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EPROM
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3. Fixed-Bit Length The third section of the nonuniform quantizer
séts an initial mninmumbit length for the representation of each

| eft-shifted transformcoefficient This length is set according to the
coefficient's frequency. Box 703 in Figyre 7 represents this section of the
process and Table | shows the m ni num er of bits fixed for each
coefficient's code word. The mninumbit |ength was derived by conparing a
representative filter bank response curve to a psychoacoustic nasking

t hreshol d 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 Flgurég is obtained fromthe root
mean square average of the filter's respons%l o a range of frequencies
within the filter passpand. As di scussSed =t , filter selectivity is

af fected by the shape pf the anal ysis wi ndow and the nunber of sanples in
each time-donmain sign bl ock. It may be noje@l here that the overall coder
characteristic responsfe is not as good as that shown in Figure 9 because an
addi tional selectivity loss occurs during thesignal synthesis process.

This effect is discusged begﬁm/and i's alsojshown in Figures 17a and 17b.
Two psychoacousti c nag urves are sho Figure 9. These curves were
derived from Fi el der, al uati1on or rire |l e Distortion and Noi se
Produced by Digital-Ajdi o]Conveners," J. Eng. Soc. vol. 35, 1988,
pp. 517-534. Auditory ctivity of the huminfear varies greatly with
frequency, however, kHz curve is represgpntative of ear
characteristics for fyequgencies ksttwgen 500 a 2 kHz, and the 4 kHz curve
is representative of fthe par's response to higher frequencies. The rate of
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band rol |l of and depth of stopband rejection for a transform coder nust 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 1 kHz masking tone is very h|9 | nadequate filter
selectivity is conpensated in part by %%serV|ng additional bits for |ower
frequency coefficients. Figure 10 conpares the filter response against the
4 kHz psychoacoustic nasking curve. Because coder bandw dth and
selectivity inprove relative to the psychoacoustic maski ng curve as
frequency increases, fewer bits are required to represent higher frequency
transformcoefficients. This

-21- relationship is reflected it the nﬁnin“g1b1t | ength val ues as shown
]

in Table I. ]
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Figure 11 conpares the 1 kHz maski ng curve against the filter response
curve which is offset such that the psychoacoustic masking curve is al ways
hi gher. The offset for the filter response is due to the increased accuracy
afforded by additional bits reserved for. the | ower-frequency coefficients.
Each additional bit inproves the signal #z noise rati o approxi mately 6 db.
The graph in Figure 11 indicates an offset of 8 db (or approxinmately 13
additional bits of accuracy) nmay be necessary to encode a | ow frequency
transformcoefficient if no other tones are present to contribute to the
maski ng effect. The m ni num | engt hs suggested by the masking curves
shown in Figures 9, 10, a 1 are conservative, however, because the
curves shown in these figur represent the psychoacoustic nmasking effect
produced by a single tone orja very narrow band of noise. Figure 12 shows a
conposite masking curve deriyed froma sinple overlay of ;the individual
maski ng curves of three tonep. Enpirical evidence indicates that even this
conposite curve is very cons i 25& tatjng the aqtual masking
effect of nmultiple tones. Further n%l?]gmﬁ ﬁétfsé@gﬁer-a-lw a nore conpl ex
signal than a few di screte fjrequencies, and the resulting increase in
masking levels permts a redquctioneln the required accurgacy of transform
coefficient code words. Condequ the mninumbit |en for all but
DCT coefficient C(O and DS nt S(1) shown in bl e are obtai ned

by deducting three bits fro ngth of each co f}ici en\ code word
suggested by the maski cu t hese two
| owest - frequency coefficie ph ovi des \addi t i onal

bits where needed for incr cogf ficlents: tIf
transformcoefficients z
al l ocation process, the
a frequency equal to the s

| e bl ock rat

FIG.—4

(1) f

- SIGNAL SAMPLE BLoCK ——
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whenever an input signal channel contains |owfrequency spectral
cenponents whose period is large conpared to the sanple block Iength. This
noi se woul d be created within the channel containing such |owfrequency
conponents by the interaction of two nmechanisns. First, the E-TDAC
transformwould convert the | owfrequéfgy conponents into an alternating
sequence of nonzero and zero values for coefficient zero (DCT) C(0) and
DST S(0)). Coefficient C(0) would be nonzero in the DCT transform bl ocks
but coefficient S(0) would always be zero in the DST transform bl ocks.
Coefficient one C(1) and DST S(1)) would be affected to a | esser extent
due to the filter bank's sidel obe | eakage. Sg%ond, by including the two

| owest frequency coefficients in the adaptiv it allocation proess, the
al l ocation algorithmfor the channel would tdggl e between two
bit-assignment patterns, one for DCT bl ocks{and the other for DST bl ocks.
Because the nunber of adaptively assigned ks is fixed, bits assigned to

coefficient C(0) in the DCT bl ocks woul d nq avai l able for allocation to
ot her transform coefficients as they wou e~ t MNae DST bl ocks. (Because
the val ue of coefficient S(0) is always $—l d not be assigned any

adaptively allocated bits.) This alter este1i] ocatipn pattern woul d

mani fest itself as audi ble quanti zing ; Zﬁzi?f(gguency equal to the
sanpl e block rate of 86.1 Hz (or 44.1 EEE 2 DI%r> i~ The current

enbodi mrent of the invention assigns a Ti f ngsh of 8 bits to DCT
coefficient C(0) and 9 bits to DST co (1) (see Table |I) and
excl udes them from adaptive bit allocati excl usion prevents the
adaptive allocation schenme from generating guanti zati on noi se descri bed
in the previous paragraph. :

=g |z
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-22- 4. Adaptive Bit Allocation
a. Overview The fourth section of the nonuniform quantizer perforns the
- adaptive bit allocation. Box 704 in Figure 7 provides an overview of this

al | ocati on process. In general, for ;ﬁch transform bl ock,
assigns a fixed nunber of addi ti onal?/8
phases. The nunber of bits nmay be chosen to bal ance si gnal

bit allocation

Sts to specific coefficients in four

coding quality

and transm ssi on fi nvehtion, the
allocation limt ?%m.a@ &%&%ﬁ%ﬁ@ﬁgﬁm Q%Pg Pc?;‘gbthﬁ %chl bve a t ot al

bit-rate of 128 kBlts c.anqi_fﬂrbr\aﬁ’ffapm AITEU W
codes (di scussedj bel OW)F NN”,Ie:» l

FIND T Cuaax N 5Bi
5ET NBj — LEFT SMFTS5 TO NORMALIZE Cpaax
It NB{ > \p THE
ET NBy - 16
REPEAT_FOR ALL ';uDBAN% 9B
IF NAj < NBy THEN

SET "SUBBAND EXPONENT EXP, — NA;

FL3E 56T SUDBARD EXPONENT EXP; -~ NB;

REPEAT FOR E ?? N TRANSFORH BLOCK B
Eﬁ'\' COE 1CIE

errorj correction

- 104

1

TOR SUBBANDS 5B, 10 5B
P St Rt azua@mv EXPONENT Xy
F Xpym2d W™

JET EXPOFoR UBDANDS — EXP; -3

9ET MEXFO
IF ANY EJKF > |5 THEN SET EXP; — ﬁ

~T0Za

i

FOR SUBDAND 3By T0 5D
FiNp DA LU CoipBRND EXPONENT Xy
g > 3 T
b

2t EXP‘ 'or 5UBbAND.‘> — EXP, -3

SET MEXP! —
IF ANY EXP; > 15 THEN SET EXP, ~ 15

ELSE

-10Zb

I

REPEAT FOR ALL SUBBANDS 5B
REPEAT FOR ALL COEFFICENTS C N 58
LOOKUP MINIMUM BAT LENAGTH MINLEN(C)

-105

!

DO ADAPTIVE 01T ALLOCATION: SET AG) FOR ALL 9By

!

REPEAT FOR ALL SUBDANDS 5By
REFEAT FOR ALL COEFFIQENTS C WN 5B;
SHIFT C TO LEFT EXR + 3 MEXP TME&
SET C LENGTH —= MINLEN(C) + AlD)
ROUND AND TRUNCATE C TO LENGTH

~107
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limt nmust be reduced to 124 bits per transformblock to maintain the sanme
bit rate. This limt is referred to herein as the allocati on maxi mrum or as

the nunber of allocable bits. The current inplenentation assigns a
maxi mum of 4 bits per coefficient. maxi mum represents a design
conprom se between codi ng accuracy and ?-ot al bit rate. It will, be realized

by one skilled in the art that this maxi numand the total number of
adaptively all ocabl g

basi ¢ purpose of th 5EDehhh(ﬁLEMENT5
process for the re
of four per transfor f @gp f|C|ents mﬁthln the s
critical band of th W th the greatest spectrf
energy. If all allocpble b\ 34 ye<a§§{ un4u phgse one, the allfpcation
process stops. If nog,._phase two allocates addltlonal bits to the trjansform
coefficients which were allocated bits during phase one such that the total

adaptively allocated abl e

bits are assigned du ﬁﬁ@"pk‘é%‘\ %M%\t@ Ep%b@%"ﬁ?t ops. |f

bits remain, phase three a 5 Lt f;) clent é)_y\fll ch gre

adj acent to coefficifents t a?l gjurl ng phase one

A nore detail ed conceptual esqf F(l Oy og Todg(d)ne—-#s(,bn@w de

fol |l owi ng paragraphsf The hl F &gIM;LI gmg&mmbntbQ| on of the proce

di scussed | ater. Figure 8 JFsMdixi agfa ﬁfﬂ'e A(dncepthuéll) roceds used

to adaptively allocate bitBEREATs ia vt ffic 5 The
Bﬁnﬁfﬂoﬁgg 'IA@ Ay

initialization stepsj of phase Z8r A G} e’sho st

an initializatio
S‘Nmts up to a

i
r:%

initializes the el ements—of—amarray—AS—topero—He—fext—sie ifies
the smal | est subband exponent, whi ch S the exponent for the subband W th
the | argest spectral rz9R = Vs s subband

tored in array

REPERY AR AR sB 4
M). Note that the snp F e AG) < THEN sET A(') — AQi)+]
REPEAT FOR ALL SUBBANDS 5p, 802
F 2 < AGY < 3 THEN SET AQ) =~ A(i)+]
REPEAT FOR ALL SUBBANDS 5B,
IFACG) = 3 THEN 36T A (i) == A(i)+]

REPEAT UNTIL. ALL ALLOCABLE B(J5_ ARE _ALLO
JIEP1 REPEAT FOR ‘)UEB NDS Bg O 5B} LOUATED

\E {P\(l) H-I)} = {0, 4 TREN
SET A - |,

5TEPZ REPEAT FOR SUBBANDS B3 TO SBj'
¥ {AG),AG+D]Y = {4 0} THEN — 800
S5TEPS REPEAT 4 ?E«Tag 0=
REPEAT FOR ALL f;uwmws 5ET IN STEPI
SET AG) = A+
REPEAT FOR ALL eusﬁmvs SET 1N STEPZ
SET AG) == A(i)+1

* THE 20 kHz CODER USE5 SUBBANDS B3 TO 5B,
+ FOR 05T BLOCKS, THE LOWER LMIT 15 bUEbANV 5B,

FIG_8.
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possi bl e subband exponent nt is zero and the | argest possible subband
.exponent is eighteen, which is the sumof a maxinnumvalue of fifteen for a
4-bit high frequency subband exponent plus the value of three for the
mast er exponent MEXPl. See Table |I. Therefore, the range of possible val ues
i array M) is negative eighteen to z8fg- In the next step, four is added
to each elenent of array M) and all elenents below zero are set to zero.

At the end of phase zero, array M) consists of a set of elenents, one for
each subband, whose val ues range fromzero to four. The elenents with a

val ue of four represent those subbands where at | east one of the
coefficients in the subband has one of the | argest spectral coefficients

in the total signal. Phase one constructs anot her array AO, which
represents the bits to be allocated to the coefficients i n each subband,
using the process shown in Figure 8 box 801. Each elenent in AO corresponds
to a subband. Recall from Table |I that the higher subband exponents
represent multiple Oran—fiT.u
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-23- coefficients,
bits assigned to all
"For exanple, referring to Table I,
13-14. If elenment A(13) has a value ofzg

€,

therefore each el enment of "AO represents the nunber of
transform coefficients in the correspondi ng subband.
subband 13 represents coefficients

this indicates that 2 bits are

atl ocated, one each to transformcoefficients 13 and 14. Continuing the

exanpl e, |f el ene t A(36 has a va
bits each to coef

el ement of AO is

t he nunber of bits
bits are assigned dpri
i mmedi ately term nates
the final step in whig
assigned to gysubbahd

remai ning forBall
whi | e processeng

that not all @f the
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td four. The second pass increnents by one each elenment in A0 which
corresponds to each elenent in M) which has a value equal to three or four.
On the third pass, array A0 elenents are increnented if the corresponding
M) el ement has a value within the range of two to four. The final pass

i acrements those elenents in array AO7&esresponding to those M el enents
whi ch have a value in the range between one and four. It nay be noted that
if the elements in array MD sumto the allocation limt or less, the

contents of arrays M) and AO at this point will be identical. If the nunber
of bits assigned has reached the allocation limt, the bit-allecation
process is conplete at the end of phase one. If any allocable bits

remai n, allocation continues with phase two shown in box 802 of Figure 8.
Thi s phase makes as many as three passes through array A0, stopping earlier
if and when the maxi num al |l ocable bits are assigned. Each pass starts with
the | owest frequency elenment (A(1l) for DCT bl ocks, or A(2) for DST bl ocks)
and works upward in frequency. On the first pass through array AO, each

el enent which has a val bet ween one and three is increnented by one. On

t he second pass, elenentjs with values of two or three are increnented. On
the third pass, elenenZg equal to three are increnented. |If this phase
conpl etes wi thout exceeth 1 X\l ement 1 n array A0
will have a value of eit
remain, allocation conti
Li ke the previous phases}
the allocation |imt has| bqd :
bits to transf coeffigiq o spectral enel gy shiech ar
adj acent to su nds of FoffNicifnts wiih Ai ghef energl. This assignnment is

acconplished in thregﬁgf epy. \Jﬁe first{step.slcans arrpy A0 starting with
t he hi ghest fré&pency t A(36) (el

Iocatlon\MﬂH l erm nat e as\soon as
Thi s final#ghage assigns ad

—
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is the starting element in 20 kHz bandw dth coders) in search of a group of
two adj acent el enents which have the values (0,4). If found, the el enent

whose value is zero is set to one such that the group val ues

become (1, 4).

- 24- If the allocation limt has not been reached, step two of phase
t hree begins by scanning array AO domnma?ﬂFstarting wi th the highest

frequency subband in search of a group of™two
the values {4,0}. If found, the zero-val ued el
produce values (4,1).° The third and final

addi ti onal
and two of this phase. Starting at the highest

A0,

adj acent el enents whi ch have
enent is set to one to
step of phase three allocates

bits to the coefficients in subbands assigned bits in steps one

frequency el ement’ of array

20K

-+ MASKING AT 500 Hz
ALLOCATION A

~ - =~ ALLOCATION B
— - — ALLOCATION ¢

(Hz)

FREQUENCY

200
FIG/3

!
i
b

RELATIVE SPECTRUM LEVEL (dB)

-100+

This Sheet Has Been Replaced

T



each elenent nodified in step one is increnmented. Finally, elenents
modified in step two are increnented, starting with the hi ghest frequency
“subbands. This third step reiteratively increnents the array elenents in

t he sane order discussed above until all allcable bits are assigned, or
until all of the elenents nodified ij,steps one and two are assigned a
total of 4 bits each. If the latter cOffdition is nmet 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

all ocation algorithmis represented in Figure 8 and descri bed above. An
under st andi ng of the algorithm's concept is hel pful in gaining an

under standi ng of the actual |ogic of the adaptive bit allocation routine.
Phase zero begins by initializing all elements of array A0 equal to zero,
and constructing four tables T[err] through T[err]. The construction of the
tables is acconplished rough the followng steps: (1) identify the
smal | est subband expon i ; (2) starting with
the | owest frequency subband (subban or subband 2 for
DST bl ocks), subtract the]subban ;

if the diff Cey oS, Zeroy i err],
Tlerr], T[!?Zﬁa-dﬁgik{err_' 4) } e,__insert
t he subband nunber into tables T[err], T[err], and T[err]; (5) if the t
difference is negativqwﬂ , insert the,su nd er into tables T[err],
and T[err]; (6) if the di'ffference is LM ke, insert the subband

nunber into table T[err]; hreg t u si x fopeath
; e end\of th¥s step,

subband until all subband

tabl e T[er {§/Gbni/edps the

poT 1
W, (1) SMMPLE BLOCK
5. e. i\/\h AV4
| t

et ,
|

R PN
f

10
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of ,all subbands that have exponents in the range X err] to Xerr], table
Tkerr] contains subbands wth exponents from X[err]2 to Xerr], table
T[err] contains subbands wth exponents fromXerr] to X[err], and table T4
cont ai ns subbands wi th exponents eqy %7 to Xerr]. O S|gn|f|cance subband
entries in each table are in ascendi %forder according to frequency.

Phase one allocates bits to transformcoefficients in subbands with the

| ar gest subband exponents. Starting with the first (lowest frequency)
entry in table T[err], one bit is allocated to each transform coefficient
w thin each subband represented in the table. The allocation is repeated

in, turn for table T[err], T[err], and finally tabtp T[err] This procgss
continues until all aklocable bits have been as |g until all _ent S
intables Tlerr] to fl[err] have been processed. b|t i s assigng toggfl
coefficients in a sfpband, an entry in array espondi ng to{tfhat
subband is increnmenj\eed by one such that the ele in AO refled /theQ5
total bits all geated to each transforn1co Pnt n each supeermK hk
As noted earlie | ocation term nates i i er when al | ¢ N\
al  ocabl e bits areNgssignedr table entry f esents a subbqnd wﬁhgh,
in general, ng mul ti sformc |c Ther ef ore f_thed
last of the s-Iocao e bits éﬁ Signed to a t Ie entry represen ‘Bg a
subband with an on cient, it is Yrobable that not l} of the
coefficients S eyl 1 o e sane nunber of \bi'ts. In
such situatié? allo ro€ess n ich coefficia \ the
~
“~

subband nust
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have a bit deducted fromthe subband' s allocation amount subsequent |y

 Stored in array AO. Phase two constructs four new tables, T[err]
‘through T[err], using a procedure simlar to that used in phase zero: (1)
X[err] still retains the small est subband exponent; (2) for the | owest

ftequency subband (subband 1 for DCT’#ksicks, or subband 2 for DST bl ocks),
subtract the subband exponent from Xerr]; (3) if the difference is zero,

i nsert the subband nunber into table T[err]; (4) if the difference is
negative one, insert the subband nunber into table T[err]; (5) if the
difference is negative two, insert the subband nunber into table T[err] (6)
if the difference is negative three, insert the subband nunber into table

Tlerr]; (7) continuefs ough six for il al
subbands have been proggggéépm%?&¥2e end of this efr]
contai ns the nunbers fof ndq that have ex oneq
table T[err] contains 1 lexponents equ
T[err] contains subbands wi tjny exponents equal X/ err]-1, d table T[err]
contains su ds with expo ts equal to XN Y1. The en i
tabl es are ' fascendi ng ordér according to the
coefficient.
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Phase two assigns bits to all coefficients represented by subbands in
tables T[err] to T[err] until each coefficient has received a total of four
“additional bits, or until the allocation lint has been reached. Starting
with the first (lowest frequency) entr%“#?,table T[err], one bit is
assigned to each coefficient contained Wfthin each subband represented in
the table. As each subband is processed, the entry is renoved fromtable

Tlerr] and inserted int QpgoherHrerrd—Next—regefifircirem-s—ass ted with
entries in table Tlerr] gra—gHrogate ada-H-oral—bi-d- 1.}véiﬁach entry
fromtable T[err] to T[erfH—adsthe-tagdition Bi-f—istadstgh Then entries
in table T[err] are procdssded—{rpwiln ilegf tablelThedr] to
T[err]. If any allocabl e |biltdrdegnilnl -alllog gnlcontinuestlhy fdepeating the
process for table T3, thanltabllel T2 |1fdekds irempin {olagsign, a final
pass is made through the ontdigs || faltL.e_I gl l-lf lohaseltwolddes not
assign all remaini al ogal bigst talble T fl-icentaing alll of It he
coefficients, each®avi ng—edeilvedidihitq tHnitablles Trerd] It hrgugh T[err]
are enpty. If all | ocallLdBitls have heeniHdtilgded ladrayiad ils|rebuilt
fromthe informati goptiai i dalpl és Tl tHhy Tlere]l itg reflect
the total bits all geated tc.ni:fh tHamsto G dcilent t Eachlelegent in
array AO correspon ng t d—dn-tenity i \,IA( 1 \i i 4 ssignedialval ue of

o T 1T v L Y
four. Each A0 el enm®at corﬁég&d&af 2 dngry i ' is assi gned
a value of three; for tak [erdl ialvhl heioffl fwh: tandifbrit eiT[err] -a

val ue of one. All other -@Kamehts of A0, i.e. those subbands whijgh are not
represented by entries in tables T[e r‘_i;a are zero. | f
any allocable bits remain, allocati okk@éﬂ&uﬁf&fh( ase three. Table
T[err] is sorted, ordering the subband .nunbers into ﬂf‘ﬁfﬁ ' r )
The first step adds subbands to table T[err] which ar b

v
that are lower in frequency and adjacent to subbands AMALYS 2 ENDEW; ﬁBIP&M}(‘)ﬁ‘
T[err]. Starting with the first (highest frequency) SRHMENMBNPARbI e T[err],

adj acent entries in the ta}:l'mirjrdam ned to d.e.t..e.l:_l:riﬁe-réé éﬁ%&!ﬁﬁ WITH
ANALYSIS - ONLY WINDOW
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are separated by one or nore subbands. If they are, the nunber of the
stibband i medi ately bel ow the higher subband is inserted into table
T[err]. For exanple, suppose two adjacent entries in table T[err] represent
subbands 16 and 12. These two subbands are separated by three subbands.
Theref ore the number 15, represent i nfifise subband bel ow subband 16, woul d
be inserted into table T[err]. The second step adds subbands to table
T[err] which are not in table T[err] that are higher in frequency and

adj acent to subbands which are in table T[err]. Starting gth the first
(highest frequency) entry in table T[err], adjacent entrfies in the table
are examned to determne if they are separated by one or{ nore subbands.

If they are, the nunber of tyhe subband i medi ately above jt he | ower subband
is inserted into
-26-
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tabte T[err]. For exanple, suppose two adjacent entries in table T4
represent subbands 16 and 12. As discussed above, these two subbands are
separated by 3 subbands. Therefore the nunber 13. representing the subband
above subband 12, would be inserted into table T[err]. Starting with
the first entry in table T[err], an addpf2onal bit is assigned to each
transform coefficient associated w th each subband represented by an entry
in table T[err]. As each subband entry is processed, it is noved fromtable
T[err] into table T[err]. If any allocable bits remain at the end of
processing table T[err], a simlar process repeats for the entries in table
T[err], noving each entry fromtable T[err] into table T[err]. Processing
continues with table T3 entries if any bits remain to allocate, noving
entries fromtable T3 into table T[err]. If any bits remain after this
step, phase three repeats fromthe beginning, first det 'ningng t he
entries in table T[err] are still sorted and if not, sor@ding taldse T[err]
entries into descending frequency order. Wen all al l oca®l e bit € have been
assigned, array AO is built fromthe four tables as desc®i bed@afove for
phase two. After all bits have been allocated, eaclytra m
coefficient code word is rounded off to a bit le th eqmal todt e val ue of
the el ement of array AO representing the subband]in mhi&ﬁ thézc fficient

is grouped. Sone coefficients in one subband, hopever, @y h dﬁ Qrbhl.a —

deducted fromtheir length as required to keep the totaLJnunQ§r>of "
allocated bits equpl to the allocation maxi num j '

5. Code Word Trunchti on The fifth section cf‘°t he ndmunl f"ar‘rﬁ quant# zgr
shown in box 705 of Figure 7, follows the adaptijve -

| |
| |

SAMPLE NUMBER
F1G._ /9

NIV mogram
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bit allocation routine. Using the subband and naster exponents deternined

. N previous sections, each transformcoefficient in a transformblock is
“shifted to the left a.nunber of tines equal to the value of the exponent
for the subband in which the coefficqug is grouped, plus three nore shifts
if the associated nmaster exponent is set to one. Each coefficient's total
bit length is then calculated by adding its mninmum bit I ength (see Table
) to the nunber of adaptively allocated bits assigned to coefficents in
each subband, found in array AO. Each transform coefficient code word is

rounded of f to—tfrs—br t h. As described a | ement of
array AO represehts th aerrgf Qits assigned to officientsﬁthin
a subband. Sone toeffi 5 | iyong subband may hav educﬁe(ﬁ‘rom
their length a&s r'@qé b kd®p Bhe total nunber ocatdid to the
transforn1b|ock¢3qu. b & dBati on naxi num gg
E. Formatting & o et tW-Ng—=pr ocess prepares enco@adu
transform bl oc f%iﬂ ssigdn ®@r storage. This r epe£seht ed
by box 109 in Figuige 1 e fall owi ng description dj scusisg¢s tihe Eganﬁting
of two adjacent{trans bl o¢ks Pn a one- channel sa S
technique is usefl to f ongstrgnsform block fro nnel ™of =
t wo- channel syst gre=pro ihg $9mM8l's such as that u et e eopflonf'c -
applications. «<| © | eMdt HOr epresent ati on of tranisf or
coefficient co vigr afor meggbystruncating the code word to a
length equal tihe @ VRN bi%lﬁgth shown i n Tabl ny additional bits
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al located to the code word are fornatted separately in an adaptive bit

; Bl ock. The master exponents, subband exponents, truncated coefficient
eode words, and adaptive bit bl ocks are then assenbl ed
according to the grouping shown in zkgure 20. Note that one set of naster
&nd subband exponents applies to bot %r ansform bl ocks in the bl ock pair
(See the discussion of the nonuniform quanti zer above.) By sharing
exponents between each pair of blocks, the total nunber of bits required to
represent the exponents for both transform bl ocks is reduced by 50%
The formatted franme of transformbl ocks in Figure 20 depicts a structure
where transformblock Ais a DCT block and block B is a DST block, If the

frame will be subject to bit errors such as those
X
Fl6_.z2a.
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o

caused by noise during transm ssion, error correction codes are intern xed
w t-h the data as shown in Figure 21. Additional overhead bits may be

requi red, such as franme synchronization bits If the digital signal is

i ntended for transm ssion, or databasqgug&nters or record keys if the
frames are intended for storage. If franme synchronization bits are
required, the formatted frane is random zed using a techni que described in
Smth, Digital Transm ssion Systens. New York, NY: Van Nostrand Rei nhold
Co., 1985, pp. 228-236. Random zation is performed to reduce the
probability that valid data within the frame will be nis(gken for the
synchroni zati on pattern. The random zed franme is then a nded to the fra
synchroni zation bits. Not e that each transform coe cient may be “3

represented in as nany gs two distinct parts or segnents.'The first pan
represents the coefficignt's mnimum |l ength and i § conpgseed of a fixed
nunber of bits. See Tgole |I. The second part of e repsgsentation, I
present, is of varying|l ength and is conposed off {he adqptively all pgat ed &)
bits. This two-pa resentation schene is choggn over one which
represents each c ient as a variable le wor d because gt DI e

i mmune to corruptio noi se noi se burst™sgcurs in a frake P%ging
the preferred schene, \Jhe effeads of the noise wi i:ﬁe confined td\the >,
val ue of the exponent code d or all ' irectl af f eNt ed bw
t he noise. If bur st n a frane ifli zing variable |efijgth
code words, th 5 0 n be proRdgated through they

remai nder of t Thi n Ir because the noi 3¢ burst
will alter not val u exponen d code words { ectly
by the noi se, the i nf&r matfi on needed t oPdgt ermi ne 't he § h ~Qf
each vari abl e ode wol{d& I f Jt he | engt h of ode word is erFQJ,
t he remai nder rane will be msinterpretgZfl. =0 ;e Noe--- >
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Angencoded DCT transform bl ock includes 183 coefficient mantissas
conprising 537 bits (see Table 1) and 133 adaptively allocated bits, for a
total of 670 bits. Because DST coefficient S(0) is always zero (see Table
| a@nhd expression 4), it need not be tggosnltted or stored. Therefore, the
DST bl ock mantissas and allocated bifs’€bnprise only 666 bits. The two
mast er exponent bits and 37 subband exponents of 148 bits brings the

DCT/ DST bl ock pair length to 1486 bits. (For the 20 kHz version of the
invention, the total block-pair length is 1702 bits.) No

si de- i nformation is req 1o jndicate the coeff|0|ents to mhlch

addi tional bits have begn FORWARD/B he deformattimmg=s
determ ne the proper aIIocatloncTr(nnq: e transmtteq *4
perform ng the sane all catlﬁmughg@qlt m as that usd4d ip
process. awgfn dat a ot a probl eml_a_ PMNORMd slructure
for formattingvdjfranme of tra rm bl ocks |sYQpe whi ch p |
exponents first, jcoefficient code words second gnd final

the adaptively

al l oated bits. T IS reduce- i ng del ays because, , subband

exponents have b ¢ P def ormatti ng s |

determ ne bit al e<at 0 5 ed ansf or mjcae

adaptive bit bl ogks are belpg'recelv- ~ e for s a4 P

t he preferrﬁﬂaﬁgPodlnent of the v’ Vo P t
t ,", : /7
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code words of transforn1b|ock

bl ock A are appended to tH
I n applidations

master and subband exponents in ascendi ng frequency order.

Finailly,

invention is shown in Figure 20. The bit streamis formatted with the

Then t he

fi Xed-1ength portion of the coefficient code words for transform block A
ar & assenbl ed in ascendi ng frequency orde#s/sfol | oned by the coefficient
B, . :

the adaptive bit blocks for
foll owed by the adaptive bit bl ocks
potential data corruption is of

for bl ock B.
concern, an error correctifonzsch necessary. Errors in subband
exponents, and to the I¢$<eF)§2 efrors in the | ower-frequency
coefficient code words g§1eg§ ce the greatest audible disstortion.
This information is thegmps §B Hata to prg;ect A preferred schene
protects the master andg&spboamn hts wi &h edFor detection and
correction codes, and separé&es i val ues Sis ch as possible to inprove
their imunity to noise ersE erfofs. [Such a®®ch is shown in Figure 21.
It will be obvious to skille n tlhe art“?hd?’other frame formats and
correction codes may be ytilized thqut deplgtildy fromthe basic
i nvention. When errgr ;corregt} onjcodes Eﬁe‘énployed fewer adaptively
allocated bits are useq(inﬁrder t <
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mai nfain the sane total bit rate. The total nuhberrz\-_j;'
bits for one frane of a DClI/DST bl ock pair i iLZQO--__.
150 hits are subband and master exponents. One1 (2% '.__.~.‘Reed So] m)n error"
correction code is added to the bit stream The seode, - Sj Xt gen” bits’in.  #=
| ength, provides single-synbol error det ectlon/qprregtlon Fi ""jaé"many as¥
nineteen 8-bit synbols (bytes), orpgfehiPitbi See, Tor “exanples -Peterson and:
Vel don, Error-Correcting Codes Canbridge, Mass: The MLT. Press, 1986, pp. .
269- 309, 361-362. of the 152 b| ts which myube pr ‘ot écted” by"/t/l% code, f
150 constitute the ‘ : 3l MHZ Vet sion). ~Fhe-’
remai ning error corregh@b Achb¥R iFORUL REBYSHdi ng redundant
protection for the tm%mers—é%%—e teen bits are
required to represent the 16-bit error code and redundant naster exponents
These bits are added to the format mnmmmstreamwlthout I ncreasing the

overal | data.rate.by reducin u vailable fo daptive bit
al | ocat i on. HBRdovequoR el gfrﬁgl %otr)hf “%elgvég e %ﬁ’? Sigpg] Prosesing %glaB%‘R S’E‘ﬁkt he

t ransf or mwdlapaMsiBai r i s reduced from 133 to 124. The Reed- Sol onon
codes process data in bytes, therefore the error codes, protected data, and

unprotected data are grouped into g-git gyt es for ease of processing. The
ratio of protected data to wunprot in each bl ock-pair frane is

appr oxi mat eTherais epmsidarabiprinerest pmongphnserinttie fekimf signnl prgressing toaiistayel megimtigwhich
throug hOLJﬁmM@mE Q88 bEiffofnaaéErequietd r%rém a&x&w& R%nﬁf? tbastilpeqafpddar at ed

by eight bytes of un r ot ect ed data. See Figure 2 |s techni que, a
single b BAo, Sgnalirmay be transmitted oyes cpmmunicicn chagogls wi Eﬁ“@‘”‘?‘ﬂ ¥ ane
Wi t hout dmlesssgatd. nrgnmmpemtdmgiathmumsmfdmwnMy&qemﬂanelatafsynbm/mopsrmthect ed
data can jg Ly EladileRB)@ny single noise burst no longer than 65 bits in
| engt h. qsﬁt% ecltg?lf) t he constraints discussed above, exponents and

transf or m c &P PF‘@F&‘R“ the) fruchen ichityequirements:
(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 sampiing rate. Therefore,
a signal T seconds in length with a bandwidth W requires at least 2oWeT number of
samples for accurate representation.

. exponignt- and-manti ssa
18,0 thi s ik ength

(2) Quantization of signal samples which may assume any of a continuous range
of values introduces imaccutacies in the represenmtation of the signal which are
proportional to the quantizing step size or resolution. These imaccuracies are called
quantization errors. These errors are inversely proportional to the number of bits
available to represent the signal sampie quantization.

If coding téchniquu arc applied to the full bandwidth, all quantizing errors, which manifest
themselves as noise, are spread uniformly across the bandwidth. Techniques which may be applied o
selected portions of the spectrum can limit the spectral spread of quantizing noise. Two such techniques
are subband coding and transform coding. By using these techniques, quantizing errors can be reduced
in particuiar frequency bands where quantizing noise is especially objectionable by quantizing that band
with a smaller step size. |

Subband coding may be implemented by a bank of digital bandpass filters. Transform coding may
be implemented by any of several time-domain to frequency-domain transforms which simulate & 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 fiexibility 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. A subband
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asSenbl ed in ascending frequency order, and are followed by the adaptive

bit bl ocks. F. Transm ssion or
Starage The formatted frane is now ready for transm ssion or for
storage. Figure la illustrates transm s&ion means 110. Transm ssion nedi a

i nclude public dissem nation such as broadcasting, internal use such as
st udi o nUIRRHAKD By wansigrm Podef isfafiged by @ det 9h PR TR fdiagens fragsform gerdisients @5 e vi a
terrestri@dquénky Sifd €t ibh@iwlditd. transform coder frequency bin depends upon the coder’s sa

mplin
"29- StOoLAaG, MRk e s TPARCHES HARE vRA (ARSI Q0P ! 2l di'sks.

Two characteristics of subband bandpass filters are particularly critical to the performance of high-
quality music signal processing systems. The first is the bandwidth of the regions between the filter
passband and stopbands (the transition bands). The sccond is the attenuation level in the stopbands.
As used herein, the measure of flter "selectivity” is the steepness of the filter response curve within the
transition bands (steepness of transition band rofloff), and the level of auenuation in the stopbands
{depth of stopband rejection).

These two filter characieristics are critical because the buman ear displays frequency-analysis
properties resembling those of highly asymmetrical tuned filters having variable center frequencies. The
frequency-resolving power of the human ear’s tuned filters varies with frequency throughout the audio
spectrum.  The ear can discern signals closer together in frequency at frequencies below about 500 Hz,
but widening as the frequency progresses upward to the limits of audibility. The effective bandwidth of
such an auditory filter is referred 10 as a critical band. An important quality of the critical band is that
psychoacoustic-masking effects are most strongly manifested within a critical band—2 domipant signal
within a critical band can suppress the audibility of other signals anywhere within that critical band.
Signals at frequencies outside that critical band are not masked as su'ongly; See generally, the Audio

Engineering Handbook, K. Blair Benson ed., McGraw-Hill, San Francisco, 1988, pages 1.40-1.42 and 4.8-
4.10.

Psychoacoustic masking is more easily accomplished by subband and transform coders if the subband
bandwidth throughout the audible spectrum is about half the criticat 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 haif of the critical
band (and if the transition band rolioff 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 cbjectionable at low frequencies where the
car’s critical band is narrower.

Transform coding performance depends upon several factors, including the signal sample block length,
transform coding errors, and aliasing canceilation.
Block Length
As block lengths become shorter, transform encoder and decoder performance is adversely affected
oot only by the consequential widening of the frequency bins, but also by degradation of the response
characteristics of the bandpass filter frequency bins: (1) decreased rate of transition band roiloff, and (2)

g w . s o PN ry e #
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G Déformatting A deformatting process takes place when the digitized
and coded signal is received fromtransm ssion neans 111 either by receipt
of axtransmtted signal or retrieved fromstorage. The process is

represented by box 112 in Figure 1b. If gthe formatted frane of code words
was random zed prior to transmssion, the formatted franme is recovered by

Sgr ![ gvg; sau\mdbm' of n@bﬁmoejeean. Eﬂmemﬁéd @nfket perfophante E&n@iﬂ e .Mnent
fixed | engt port | on “Pr an&?n(s)r m ‘é%%%%&%l ené ic%ﬁ%?'%%%p aﬁﬁ%&é ‘\'Fé’l y
assi gned by wwee-mdm@wwwmm may be used to rectlfy
errors ltnLroctuﬁbed:pdwdg% e &sd,esho&rm&k% fhay result &a@&mm‘xb tﬁkcltieamtn?r
exponen e : gi s _corr on r.edun i rify
accuracy. %%eglé"%iga siomegr ﬂgéﬁg?“ gﬂﬁ’ﬁfqygﬁh g’ﬁﬁ%

count er par@msmbﬁndéthk mwwmmmmmmmm to
be one. Ifmﬁ%r.%avmnww gR¥dA0ERAon infy 3Ghit B dHin&RE Qenaf Ni S

assunption w Il reduce . the, a of _ al transformcoefflments W thin
e b bban e SRS i e P S it Sieh BT (OHRL S Res
produces | esetherizsmct ohiba lysempasicolatly puantizinion agruragyacous| y setti. ng a naster

exponent to éﬂﬂ!ﬁb %ﬂs %@??Qa tude
of all affec@g&g(()%%?@?‘g%ts %B%hgﬁg;ﬁwnent %Cq;ecoe | CI enttrﬂ@%‘i

al s0 checkE9ing Grefsdsycrped dn fhe DEm$ecHbiden bit adj ustments are necessary.
The adaptive bit allocation routi TessthnfCengEnakove is used to process the

exponent s eXtﬁi&&Beeganfsi:&@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 thanm a true frequency-domain
representation which would require infinite transform lcngtm. 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 1o create phantom high-frequency
components.

One technique which minimizes this effect is to reduce the discontinuity prior to the transformation
by weighting the signal sampies such that samples near the edges of the interval are close to zero.
Samples at the center of the interval are generally passed unchanged, ie., weighted by a factor of one.
This weighting function is called an *analysis window” and may be of any shape, but certain windows
contribute more favorably to subband filter performance.

As used herein, the term "analysis window” refers merely to the windowing function performed prior
to application of the forward transform. As will be discussed below, the design of an analysis window
used in the invention is constrained by synthesis window design considerations. Therefore, design and
performance properties of an *analysis window” as that term is commonly used in the art may differ from
such analysis windows as implemented in this invention.

While there is no single criteria which may be used to assess a window’s quality, general criteria
include steepness of tragsition band rolioff and depth of stopband rejection. In some 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, onc
whose weighting factors arc the reciprocal of those for the analysis window. A disadvantage of
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t he“recei ved signal, and the results of this process are used to deternine
the proper allocation of the adaptive bit blocks to the transform
coetficients. The portion of each transform coefficient whose | ength

equals the mninumbit |ength plus any adaptively allocated bits are | oaded
into a 24-bit word and then shifted to the right a nunber of tines equal
to the value of the approprlate subband“exponent plus three additional

shifts if t oma exn t_is.set Thi rqcess is
repr esent ed gba gmqr“ '%R%l" analysis window not g to z2rS at 12 cdges. H.
Synt hesi s Fil t(b)r Cgmuwc mmem bipeig rady drengverlapped BoRy datefully rdeditinigg (the dralysis

represents amaankm@thazsmtah hiSwihidobd 8ddSto Wi frdsd ﬁ@%@ﬁﬁnm@&tm@&m@v
freuency- 8& oefﬂmekg recoonredfromthe deformatti ng

| i neari zati r% pmpsasptt (Bt e the foligying thdoﬁ@f"i‘l“??dﬁﬁlc‘m%? An
i nver se tr ansdstorms fuctom thé Blscrers Fduricn Teansfbryus (DF T, ithit echoigma kncfkakds the nbhigdbe | a

P TE0L, BB R bl e i B S i o T

e 1nventron are rnat

appl i cat i onsRBorEcASE rRgs@ited Fcer B thssertyres Gf ROt ipdrsirgbleye fosign @S?md%cause
hal f of theﬁmmsﬁmwmﬁ-@nksms;ﬁmded fromtransm ssion or storage (see

expression 5, E E\f@ r t r '

t ransf orns. Thé m sSI ng sﬁél&%{% mn%%b%%f%%r&gtég ro(3 tf:he avalla%?e DCT
bl ocks as sM@¥HP™EhH “@hlam psnusgd Wmmmweek%mﬁayms@nsem@a%d as
shown in equist BB iferseltstbidy ©preiudeG hinkeSdoRXiA 5SS Wl dbeC A Ab kddRrold) theadgls t he

| ver oS DT ot b pERERIREM. LorBHE Bl erth may disors the recoirid e ol bigna s
strongly within the window overiap interval A synthesis window can be used to shape ecach
synthesized signat block at its edges. In this case, the signal will be subjected to an analysis and a
synthesis window, ie., the signal will be weighted by the product of the two windows. Therefore,
both windows must be designed such that the product of the two will sum to unity across the
overlap. See the discussion in the previous paragraph.
Short transform sample blocks impose greater compensation requirements on the apalysis 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. ' '

Alizsing Cancellation

The Nyquist theorsm holds that a signal may be accurately recovered from discrete samples when the
interval between samples is no larger than one-half the period of the signal’s highest frequency
component. When the sampling rate is below this Nyquist rate, higher-frequency components are
inisrepmented as lower-frequency components. The lower-frequency component is an "alias” for-the true
component. '

Subband filters and finite digital transforms are not perfect passband filters. The transition between
the passband and siopband is not infinitely 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 automaticaily
carcelled by the inverse transform. Quadrature Mirror Filters in the time domain possess this
characteristic. Some transform coder techniques, including one used in the present invention, also cancel
alias 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 fiiter
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S(k) = S(N-k) for N2 <k s N
(9)
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performance: the passband bandwidth increases, the passband-stopband tramsition becomes less sharp,
and the stopband rejection deteriorates. As a result, aliasing becomes more pronounced. If the alias
componeats 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 audibie
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, particulariy at low frequencies
where the ear’s critical bands have the greatest resolution. Consequently, alias distortion may not be
masked. One way to minimize the distortion is to iocrease guantization accuracy in the problem
subbands, but that increases the required bit rate.
Bit-rate Reduction Techniques

The wo factors listed above (Nyquist sample rate and quantizing errors) should dictate the bit-rate
requirements for a specified quality of signal transmission or storage. Techniques may be employed,
however, to reduce the bit rate required for a given signal quality. These technriques exploit a signal’s
redundancy and irrelevancy. A signal component is redundant if it can be prcdicfcd or otherwise provided
by the receiver. A signal component is irrelevaat if it is not peeded to achieve a specified quality of
representation.  Several techniques used in the art include:

(1) Prediction: a periodic or predictable characteristic of a signal permits a receiver to
anticipate some componént based upon current or previous signal characteristics.

(2) Entropy coding: components with a high probability of occurrence may be represented
by abbreviated codes. Both the transmitter and receiver must bave the same code book.
Entropy coding and prediction have the disadvantages that they increase computational complexity
and processing delay. Also, they inherently provide a variable réte output, thus requiring
buffering if used in a constant bit-rate system.

(3) Nonuniform coding: representations by logarithms or nonuniform quantizing steps allow
coding of large signal values with fewer bits at the expense of greater quantizing errors.

(4) Floating point: 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-allocation 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 caergy.

{c) Psychoacoustic masking: fewer bits are allocated w0 signal components whose
quantizing errors are masked (rendered inaudible) by other signal components. This
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where k = transform coefficient nunber, n = signal sanple nunber,

K = nunber of transform coefficients, N = sanpl e bl ock | ength,
=-phase termfor E-TDAC (see equation 6), C(k) = quantized DCT
coeff|C| ent Kk, S(k) = quantized DST coefficient k, and x(n)
= recovered quantized signal. x(n). £Lal cul ations are performed using an

FFT al gorithm The sane techni ques as those enployed in the forward
transform ar e meshst i nnifueao imweipphﬁd’uﬁmérel’atﬂiﬁl@smh el inte G426 Bt Bk

cal cul ati on of s G Shild g S es 14a- 14e
and 1l6a- 169 |Ilfeus{)rate t%}grtrans rocess c?%é@ain yISS| sﬂs%

hesi s
filter banks. ™wEPieriPaF jignals ang FQ‘@F“U&W Ty Al ASOMYEES sighdls-t | ne- donmi n si gnal

into an alternating sequence of DCT and DST bl ocks. The inverse transform
applies the inverse DCT to every other block, and applies the inverse DST
to the other half of the blocks. As shown in Figures 15a-15d, the recovered
signal contains aliasing distorti U rtion is cancel | ed during a

subsequent uf §n B4R bR GoR P frbl 16K iHle RGP B sddaith RO o inBbaudd O 1 1

rel h r.l r
L %;nte hegpagl!-%\gﬂﬁve %ngaa%%ugdglgcggd% ai:psaractjl!lssa%g ?n%tehgd o O;\;va:du high subjective sound

quality at an encoded bit rate as low as 128 kilobits per second (kbs).

It is a further object of this invention to provide such an encode/decode apparatus and method
suitable for the high-quality transmission or storage and reproduction of music, wherein the quality of
reproduction is suitable, for example, for broadcast audio links.

It is a further object of the inveation to provide a quality of reproduction subjectively as good as that
obtainable from Compact Discs.

It is a further object of the invention to provide such an encode/decode apparatus and method
embodied in a digital processing system having a high degree of immunity against signal corruption by
transmission paths.

It is yet a further object of the invention to provide such an encode/decade apparatus and method
embedied in a digital processing system requiring a small amount of space to store the enceded signal.

Another object of the invention is to provide improved psychoacoustic-masking techniques in a
transform coder processing music signals.

It is still another object of the invention to provide techniques for psychoacoustically compensaﬁng
for otherwise audible distortion artifacts in a transform coder.

Further details of the above objects and still other objects of the invention are set forth throughout
this document, particularly in the Detailed Description of the Iovention, below.

In accordance with the teachings of the present invention, an encoder provides for the digital
encoding of wideband audio information. The wideband audio signals are sampled and quantized into
time-domain sample biocks. Each sample block is then modulated by an analysis window. Frequency-
domzin spectral components are then generated in response to the analysis-window weighted time-domain
sample block. A transform coder having adaptive bit allocation nonuniformly quantizes each transform
coefficient, and those coefficients are assembled into a digital cutput having a format suitable for storage
or transmission. Error correction codes may be used in applications where the transmitted signal is
subject to noise or 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 the encoder of the 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 recopstructs
the frequency<domain spectral components therefrom. Time-domain signal sample blocks are generated
in response to frequency-<domain spectral components by means having characteristics inverse to those

- of the means in the cncoder which generated the frequency-domain spectral components. The sample
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Fi gures 16a-16g illustrate cancellation of time-domain aliasing by the
overl ap-add of adjacent tine- domain signal sanple blocks. As derived by
Princen, to canel tinme-domain aliasing distortion, the E-TDAC transform
requires the application of a synthesis window idential to the analysis
wi ndow and an overl ap-add of adjacent blocks. Each block is overl apped

100% 5Gfecksyart RRARLEY byod! Syntbe@Cindbd ﬁﬁ%mwu twitRow Ghd Ehdaiteristids QG&& that the
Synt hesi s- cl,o rlypn(i't“élsa“ n s ;lsecpr nt ed“éé/ Pﬁ‘)‘g mjlgs i n F| ur, h.
Anal ysi spsynt%e3| TUOW deSTgh st %5?3‘? R uik: l?o
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nce.
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si ngl e wi.ndow forned f Bﬁﬁ; roduct ‘gf th Wi ndo of the
anal ysi sVESPRE AL TeEveng ﬂ@ [FRrepentatign. plcthe, fime ln%?‘ﬁ“s"h@&“ 83? Yhing a
sui t abl emwmanahgmdwrepresentl ng a point- by point multiplication of
Lhe 2nal S el SUAAGS! Sy A00es Ul e Y500 Tbrtioll] AN ARSMEALUEH
reducing flexibility in tra teepness of transition
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anal ysi s dowdeS| n.. Wil ny anal.ysis w ndow may be used as.a starting
poi nt , Se:\l\l;\fe{ﬂa WI P]%Pc are asscm%leg u}{o d"xianl }ormat suxgagtc for ytoragc Or transmission over

communication paths susceptible 10 signal corrupting noise. The decoder portion of the system 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 signai and reconstructs the frequency-domain
spectral components therefrom. Time-domain signal sample blocks are generated in response to
frequency-domain transform coefficients by means having characteristics inverse to those of the means in
the encoder which generated the Eraqucncy-dbmain transform coefficients. The sample blocks are
modulated by a synthesis window. The synthesis window has characteristics such that the product of the
synthesis-window response and the response of the analysis-window in the encoder produces a composite
response which sums to unity for two adjacent overlapped sample blocks. Adjacent sample blocks are
overiapped and added to cancel the weighting effects of the analysis and synthesis windows and recover
a digitized representation of the time-domain signal which is then converted to & high-quality analog
output.

In an embodiment of the encoder of the present invention, a discrete transform generates frequency-
domain spectral components in response to the analysis-window weighted time-domain sample blocks.
Preferably, the discrete transform has a function equivalent to the alternate application of a modified
Discrete Cosine Transform (DCT) and a modified Discrete Sine Transform (DST). In an alternative
embodiment, the discrete transform is implemented by a single modified Discrete Cosine Transform
(DCT), however, virtually any time-domain to frequency-domzain transform can be used.

In a preferred embodiment of the invention, a single FFT is utilized to simultanecusly calculate the
forward transform for two adjacent signal sample blocks in a single-channel system, or one signal sample
block from each channel of a two-channel system. In a preferred embodiment of the invention for the
decoder, 2 single FFT is utilized to simultaneously calculate the inverse trapsform for two transform
blocks.

In the preferred embodiments of the encoder and decoder, the sampling rate is 44.1 kHz. While the
sampling rate is not critical, 44.1 kHz is a suitable sampling ratc and it is convenicnt because it is also
the sampling rate used for Compact Discs. An altcrnative embodiment employs a 48 kHz sampling rate.
In the preferred embodiment cmploying the 44.1 kHz sampling rate, the nominal frequency responsc
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-31-" pernmit design of a filter bank with good selectivity, and they offer
a neans to trade off steepness of transition band rolloff against depth of
stogband rejection. Three exanpl es are the Kai ser-Bessel w ndow, the

Dol ph- Chebyshev wi ndow, and a wi ndow derived fromfinite inpulse filter
coefficients using the Parks-Md el lag nmethod. See Parks and Md ell an,
"Chebyshev Approxi mation for Nonrecursive Digital Filters with Linear

Phase, " dzEEEmTrsaﬂ& anﬁjm&m&mﬁaawpleme&umkgmg{%tmm& RPthe p &&n&ﬂ Only
t he Kai E:_’%ﬁ’% i e [ VM ng ade
of f rrent%?one above trl%g m%é E%I g‘epgﬁm 4‘“@ argﬁﬂgkrl S ‘{’ \E/al ue.
As a geﬁmaéﬂasmamhmeww MG@BB serial biy yasestas &W@F ﬂ?sokﬁl‘bmdmm (u@fumg and

hi gh al mmamwmmh&m%@é) SOH@RDRN Fheck %ﬁ&g%feﬁhlﬁ&{) |
IS uUusa ein

cited above. al pha.val.ue

th h
t he prefqgﬂ’yela‘ae‘?’?‘b'gﬁq - %‘P%W%%E’%‘%%mfﬂ&“ﬁ r&og?ow des a good

conpr oni se lhpeproferne atbedpers o6 the facoden nisd tonuifola ransfooh kafef cortputes divatisdepienci es
(1:2 KtiddoguBdh H5R1dR R ummmm B defi ot & \4%{; &%&%gﬁmﬁ AEkGy 500
Hz) and hi requenci es (above 7 e range . accept a pha
val ues & io“éf’ér”?ﬁ‘#?@d’“ﬁ‘g?‘ (2 DB SRR Y% FWPP‘GF&*W based on whether, because of
curreat signal content, noise in the subband is less subject to psychoacoustic masking than noise in other
subbands. The fixed number of bits are assigned to each subband based on empirical observations

regarding psychoacoustic-masking effects of a single-tone signal in the subband under consideration. The

assignment of fixed bits takes into consideration the poorer subjective performance of the system at low
frequencies due to the greater selectivity of the ear at low frequencies. Although masking performance
in the presence of complex signals ordinarily is better than in the presence of single tone signals, masking
effects in the presence of complex signals are not as well understood nor are-they as predictable. The
system is not aggressive in the sense that most of the bits are fixed bits and a relatively few bits are
adaptively assigned. This approach has several advaptages. First, the fixed bit assignment inherently
compensates for the undesired distortion products generated by the inverse transform because the
empirical procedure which established the required fixed bit assignments included the inverse transform
process. Second, the adaptive bit-allocation algorithm can be kept relatively simple. In addition,
adaptively-assigned bits are more sensitive to signal transmission errors occurring between the encoder
and decoder since such errors can result in incorrect assignment as well as incorrect values for these bits
in the decoder.

The empirical technique for allocating bits in accordance with the invention may be better understood
by reference to Figure 13 which shows critical band spectra of the output noise and distortion (¢.g., the
noise and distortion shown is with respect to auditory critical bands) resulting from a 500 Hz tone (sine
wave) for three different bit allocations compared to auditory masking, The Figure is intended to
demonstrate an empirical approach ratber than any particular data.

Allocation A (the solid line) is a reference, showing the noise and distortion products produced by
the 500 Hz sinc wave when an arbitrary number of bits are allocated to each of the traasform
coefficients. Allocation B (the short dashed line) shows the noise and distortion products for the same
relative bit allocation as allocation A but with 2 fewer bits per transform coefficient. Allocation C (the
long dashed line) is the same as allocation A for frequencies in the lower part of the audio band up to
about 1500 Hz Allocation C is then the same as allocation B for frequencies in the upper part of the
audio band above about 1500 Hz. The dotted line shows the auditory masking curve for a 500 Hz tone.

It will be observed that audible noise is present at frequencies below the 500 Hz tone for all threc
cases of bit allocation due to the rapid fall off of the masking curve: the poise and distortion product
curves are above the masking threshold from about 100 Hz o 300 or 400 Hz. The removal of two bits
{(allocation A to allocation B) exacerbates the audible noise and distortion; adding back the two bits over

a portion of the spectrum including the region below the tone, as shown in allocation C, restores the
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[ dentai fying the | owest al pha val ues which have sufficient stopband
rejection to keep quanti zing noi se bel ow t he psychoacousti c nmaski ng
t hr eshol d. The Kai ser-Bessel w ndow function is [err]

where a = Kaiser-Bessel alpha factor,g. n = w ndow sanpl e nunber,

N = wi ndow | ength in nunber of sanples, and [err] To
satisfy bd;mamaﬁblbaxpmdﬂ d!s:drﬁcmrmh. ABdIBE Bbisesis Siscs pradetucat inigh He@uibudids; Wit BEW

WP( n) ofngmp,;\g QFM NGk Vik With
a rect angtjl ar Sw ndow of Ien tﬁp{f e va AR o @&fcmhgﬂ%

IS the W over ap- add
i nt er val EPHRECYHE P PRk IR ﬁ’l"@ﬁ’@% Srodugticaraied by |“§ss°ﬁ FRtI1BR% 3 FRIASiYFY Jowe

modul at i on Byfdveedig thefoist At dsieHigiBiréated AresPoascE Rinss dthAHdOY\Goquekdies BORYGkUL i ON

whi ch dep} ¥igS biCoiPl Qi Ghr dil RASW daBststlWindices can be allocated that result in acooptable
kevels of poise and distortion with respect to auditory masking throughout the audio spectrum. With
respect to the example in Figure 13, in order to lower the level of the noise and distortion products
below the masking threshold in the region from about 100 Hz 10 300 or 400 Hz, additional bits could
be added to the reference allocation for the transform cocfficient containing the 500 Hz tone and nearby
cocfficicnts until the noise and distortion dropped below the masking thresbold. Similar steps would be
taken for other tones throughout the audio spectrum until the overall transform-coefficient bit-length
allocation resulted in acceptably low audible noise in the presence of tones, takea ooe at a time,
throughout the audio spectrum. This s most easily done by way of computer simulations. The fixed bis
allocation assignment is then taken as somewhat less by removing one or more bits from each transform
coefficient across the spectrum (such as aliocation B). Adaptively allocated bits are added to reduce the
audible noise to acceptable levels in the problem regions as required (such as allocation C). Thus,
empirical observations regarding the increase and decrease of audible noise with respect to bit allocation

such as in the example of Figure 13 form the basis of the fixed and adaptive bit allocation scheme of the
present invention.

In a preferred embodiment of the encoder, the nonuniformly quantized transform coefficients are
expressed by a block-floating-point representation comprised of block exponents and variable-length code
words. As described above, the variable-length code words are further comprised of a fixed bit-length
portion and a variable length portion of adaptively assigned bits. The encoded signal for a pair of
transform blocks is assembled into frames composed of exponents and the fixed-length portion of the code
words followed by a string of all adaptively aflocated bits. The exponents and fixed-leagth portion of code
words are assembled separately from adaptively allocated bits 10 reduce vulnerability to noise burst errors.

Unlike many coders in the prior art, an encoder conforming to this invention need pot transmit side
information regarding the assignment of adaptively allocated bits in each frame. The decoder can deduce
the correct assignment by applying the same allocation algorithm to the exponents as that used by the
eacoder.

In applications where frame synchronization is required, the encoder portion of the invention appends
the formatted data to frame synchroaization 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
cavirooments such as T-1 carrier which will pot 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 portion of the inveation, the
formatted data bits are recovered by femoving 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 possibiy the fixed portions of the
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equation 13, where the denom nator of the expression scales the w ndow such
that its maxi num val ue approaches but does not exceed unity. This
expression may be sinplified to that shown in equation 14. [err]

-32- where n = product-w ndow sanpl e nunber, vV = nunber of

sanpl es wi thin wi ndow overlap interval N = desired length of the

pr oduct - wi ndow, Wn) = begi nnihg wi ndow function of |ength v+1,

WP(Nn) = gedst-ieddy Rka8hdabRIMs Of bRk thalthe fiBtekted data are scattered throughout the
formatted frame 1o reduce seasitivity to noise burst errors, i.c., to increase the iength 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 the following Detailed Description of the Invention and in the accompanying drawings.

Brief iption of Drawin

Figures 1a and 1b arc functional block diagrams illustrating the basic structure of the invention.

Figures 2a through 2¢ are block diagrams showing the hardware architecture for one embodiment
of the invention.

Figures 3a and 3b are block diagrams showing in greater detail the serial-communications interface
of the processor for a two-channel embodiment of the iovention.

Figure 4 is a hypothetical graphical representation showing a time-domain signal sample block.

Figure § is a further hypothetical graphical represeatation of a time-domain signal sampie block
showing discontinuities at the edges of the sample block caused by a discrete transform assuming the
signal within the block is periodic.

Figure 62 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 the high level logic for the nonuniform quantizer utilized in the
invention.

Figure 8 is a flow chart showing more detafled logic for the adaptive bit allocation process utilized
in the invention.

Figure 9 is a graphical representation showing a representative filter characteristic respoase curve and
w0 psychoacoustic masking curves.

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

Figure 11 is a graphical representation showing a Hlter characteristic response with respect to 2 1
kHz psychoacoustic masking curve.

Figure 12 is a graphical representation fllustrating a2 composite masking curve derived from the
psychoacoustic masking curves of several tones.

Figure 13 is a graphical representation showing the spectral levels of coding noise and distortion of
an eocoded SO0 Hz tone for three different bit allocation schemes with respect to the psychoacoustic
masking curve for a 500 Hz tone.

Figures 14a through l4¢ are hypothetical graphical represeatations illustrating a time-domain signal
grouped into a series of overlapped and windowed time-domain signal sample blocks.

Figures 15a through 154 are hypothetical graphical representations fllustrating the time-domain
aliasing distortion created by the E-TDAC transform.

Figures 16a through 16g are hypothetical graphical representations illustrating the cancellation of
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[errT The anal ysis and synthesis wi ndows shown in equations 15 and 16
are obtained by taking the derived product-w ndow WP(n) to the A and S

poweks respectively. WA(Nn) = WP(n)[err] for 0 s n <N
(15) W5( n) WP(n)[err] for O [err] n <N

(16) where WP(n) = derived product MA?POM/(SEE equations 13 and 14),

WA(n) = anal ysis w ndow, WE( n) "= synt hesi s w ndow, N =

I engt h Ofmﬂcfa@mﬂﬁ QEAME] 5y/dvBalp\Wad aithg E-’I‘DAC tradSfoim Sigaatlsynthesis. | N the current
enbodi nent gj t he invention, the analysis and_s nthe3|s mnn&%

| ength of 5% T 2t p gRPtical 5BEAeRIEH F‘é%mﬁf‘mﬁﬁam éﬁdf‘ﬂ?bé?‘{/al of

256 sanpl rejsctiod’ be:: Vihdribasgk ofmgéaxﬁmilyﬁs-myemmhm&elhatta Dfiler badkf usingi thé agpiysiduces
a pair of ., as required by the
E- TDAC trvéd&?orm Q’%Jgp{%? FI ng t ese @gﬁ%utérs&%n 0 equat ion 14,

the resulting
anal ysi s w Higusg 18 & & BypAthetiralpgrapbicply rppresentation showing the overlap-add property of adjacent

windowed blocks.

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 fllustrating the format of a frame of two encoded transform
blocks without error correction.

Figure 21 is a schematic representation illustrating the format of a frame of two encoded transform
blocks with error correction codes.

Figures 22a through 22e are hypothetical graphical representations illustrating a time-domain signa!
grouped into a series of overlapped and windowed time-domain signal sample blocks, particularly as
implemented for the O-TDAC transform.

Figures 23a through 23d are hypothetical graphical representations fllustrating the time-domain
aliasing distortion created by the O-TDAC transform.

Figures 24a through 24g are hypothetical graphical representations illustrating the cancelation of
time-domain aliasing by overlap-add during O-TDAC transform signal syntbesis.

Figure 25 is a schematic representation illustrating the format of 2 frame of two encoded transform
blocks, without error correction, for the O-TDAC transfrom embodiment of the invention.

Table [ shows master exponents, subband grouping, and coefficient bit lengths for the 15 kHz
E-TDAC embodiment of the inveation.

Table II shows subband grouping and coefficient bit lengths for the additional transform coefficients
required in 2 20 kHz E-TDAC embodiment of the invention.

Table II shows the difference in subband zero required for the O-TDAC embodiment of the
invention.

Modes for Carrving Out the Tnvention
L PREFERRED IMPLEMENTATION OF INVENTION

Figures 1a and 1b show the basic structure of the invention. The coder portion of the invention
shown in Figure la comprises time-domain signal input 100, signal sampler and quantizer 101, signal
sample buffer 102, analysis-window multiplier 103 which modulates each digitized time-domain signal
block, digital filter bank 104 which transforms the quantized signal into frequency coefficients, biock-
floating-point encoder 105 which converts each integer-valued transform cocfficient into a floating-point
representation, adaptive bit allocator 106 which assigns bits 1o the represcatation of each traasform
coefficicnt according to the total signal’s spectral composition, uniform quantizer 107 which rounds cach
ransform cocfficient to an assigned bit length, and formatter 105 which assembles the coded frequency
coefficients into a bit stream for transmission or storage. Figurc 1a depicts a transmission path 110,
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whefe Wn) = Kaiser-Bessel function of Iength 257, and the al pha facto

in the range 4 to 7. J.
Over| ap- Add An additional requirenent is placed upon wi ndow desi gn:
anal ysis and synthesis w ndows nust be designed such that the

ris

t he

anal ysi s-synt hesi s product -w ndow al wayg suns to unity when two adjacent
product - w ndows are overlapped. This requirenent is inposed because an
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A Processing Hardware

The basic hardware architecture of the invention is fllustrated in Figures 2a-2¢ and 3a-3b. Empirical
studies have shown that conventonal integer transform computations must be performed to an accuracy
of at least 20 significant bits ta achieve stated performance objectives.

A practical implementation of a preferred embodiment of a single-channel version of the invention,
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 DSPS6001 24-bit digital-signal processor (DSP) operating at 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 comprised of analog signal input 200, low-
pass filter (LPF) 2004, ADC 201, DSP 202, static RAM 203, erasable programmable read-only memory
(EPROM) 204, and encoded seriat-signal cutput 206. LPF 200A (a low-pass filter which is not shown
in Figure 1a) insures the input signal is bandwidth limited. ADC 201 digitizes (samples and quantizes)
the incoming signal into a serial sream of 16-bit words. DSP 202 receives and buffers the serial stream
of digitized samples, groups the samples into blocks, performs the caiculations required 1o transform the
blocks ingo the frequency domain, encodes the transform coefficients, 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 two 24 kilobyte (KB) banks of static RAM 203 which is organized into
two sets of 8,192 24-bit words. The DSP requires fast-access-time program memory which can be
impiemented 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 i first powered on.

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
gencerates the receive clock, fzamc-synchron'mation, 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-synchiroanization signal to the ADC and the DSP which marks the beginning
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-33* k and block k+1 is represented by a sanple in each of the two bl ocks.
Fol | ow ng an overl ap-add of the two wi ndowed bl ocks, the recovered signal
sanple at tinme not is seen to be the sumof the sanples from w ndowed

bl ocks k and k+1, which may be expressed as x(n[err]t) =

V\P[err](n[err]t)[err](n[err]t) + WP[ers] (n[err]t)[err](n[err]t)
(18) where WP[err](n[err]t) = WA[err](n[err]t)[err]W5[err](n[err]t) =
{ WA[ er r] ety 163bjt)Worde rlifje SCK clocks a seriahbit strepiin (ofi fhe prcpdeyt signal plang)line i in
bl ock k @5SP td s¥Railehe patht2o6. V\S[err](n[err]t) = synthesis widow in

g!sofléqllji ?2 I rre néovgr\#m %%gcfs&gﬂtcmcc Mcm&lé pclr?hrcrlldorzurola &zgs&foi ]xs(cE\[x girlt)

into threc segments: program, X data, and Y data. One bank of RAM, which contains program memory,
is selected whenever the DSP brings line PS low. A second bank contains data memory, which is selected
whenever line DS is brought low. The DSP selectes between X data and Y datz memory by raising line
XY high or bringing line XY low, respectively. X data and Y data memory arc mapped into separate
addresses spaces by attaching line XY to address line A12. Therefore, 4 K words (4096 or 1000,4 24-
bit words) of Y data memory are mapped into word addressess 0000-0FFF,6, 4 K words of X data
memory are mapped into word addresses 1000,4-1FFF;¢, and program memory resides in its own space
of 8 K words, comprising word addresses 000044-1FFF1¢.

Program/data RAM 203 and EPROM 204 are mapped into separate address spaces. Inverter 205C
allows DSP 202 to select cither RAM or EPRCOM according the state of address line A15. When DSP
202 sets A1S high, inverter 205C sets the chip-select (CS) lines of RAM 203 and EPROM 204 low. Oaly
EPROM 204 is selected when CS is low. When DSP 202 sets A1S low, inverter 205C sets the CS lines
of RAM 203 and EPROM 204 high. Only static RAM 203 is selected when CS is high.

The decoder hardware architecture, shown in Figure 2d, is comprised of encoded serial-signal input
path 207, DSP 208, static RAM 209, EPROM 210, DAC 212, LPF 2134, and analog signal output 213.
DSP 208 receives and buffers the encoded signal, deformats the signel into the encoded transform
coefficients, performs the calculations required to transform the coefficients into the time domain, groups
the coefficients into time-domain blocks, overlap-adds the blocks into a time-domain sequence of digital
samples, and transmits the digital samples in a serial-bit stream to DAC 212, The programming and data
work areas for the DSP are stored in two 24 KB banks of static RAM 209 which is organized into two
sets of 8,192 24-bit words. EPROM 210 stores in a compressed format programming and static data
which the DSP unpacks into usable form into RAM 209 when the decoder is first powered on. DAC
212 generates an analog signal corresponding to the serial-data stream received from the DSP. LPF213A
(a low-pass fiter 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 2¢ shows the serial-communication interface for DSP 208, serial-signal input path 207, 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 decaded digitized signal samples along line STD from DSP
208 to DAC 212. Line SC2 provides a frame-synchroanization 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 deseribed above for the encoder.  See Figure 2¢.

The two-channel encoder requires LPF 200A and 200B, and ADC 201A and 201B, connected as shown
in Figure 3a. The interface between the DSP and ADC componests operates in a manner similar to that
described above for a onechannel encoder. Timing gencrator 202A provides an additiona! signal to line
SC2 of the DSP at one-half the rate of the frame-synchronization signal 10 control multiplexer 202B and
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The* pr oduct - wi ndow nodul ation effects are cancelled if the sumof the two
adj acent product- w ndows across the wi ndow overlap interval equals unity.

Therefore, signal x(nt) may be accurately recovered if WP[ err] (nt)
+V\P[err](nt) =1 for 0 [err] n <N

(19) for all tine sarrpl es nt within t#i¢-overlap interval between block k
and bl ock k+1. is difficult to work with the product-w ndow as a

f unct i oriagfte Prpe %%W?%%l%PéWWWMWr equi renent as
expressed iThe wa:hmh Ndeddled Riiref DACNZILA QRd 2f2B)\adICPF ZI3AAKE210B, daeriecidd as

Equat i on .t I i

c(r:]eat ed Trom t%%% (ﬁg) Pﬁﬁm%@e’&%a#{%g d“‘%ﬂé"%ﬁé é’? é%a nsnéf/\ans esi s

wi ndows w%d@mmpaponmslumom@m@gmwmmw adslitignal signal f j r st
hal f of iinesor ¥Rhe DsP adhelnith@e Imaes&nm{ SizalEEHgnAUS cotkract@iuiRERY 1] -

Che 11 7 St55R AP BRRSE By BRF offRA! BF miopAe efepy o %“l 255" nd 23 Show

t he equi vallabasindardesrs iawhigcture tag bermodifiedt rm mblgsnsmmnnki)ﬁl’sml operating

WP err I rrl n
v [ ](&%%ﬁm\/@g%t&(ﬁﬁn xmgﬂeané? rlv]voghaincw errT(WS%ﬂmf&w alafr ]
for 256 PerRyired 512 (21) {WA[err](n +256)}[err] +

(WA[ er r] ( n)Burbern, $peciaiited hardware may be used ©rpefforfmarertyin funstiodbsfich as window modulftdR)

{V\A[ e”] 6Pk [F8L *r{'ﬁ%&{ﬁ&x{ﬁz nl:odEV\K e Imp P 55@,[6”]
(WAL or 1] eﬁwid%d circuit. May mﬁr wimwviv]rr jiG T%ﬁ&ej 3 teamp! o

n in bloak k W5[err](n) synthesis w ndow vaI ue for sanple [err]
in block Kk, and

B. Input Signal Sampling and Windowing

In the current embodiment of the invention, 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 signai should be limited in bandwidth to at most 15 kHz
(20 xHz for a 20 kHz bandwidth coder). This may be accomplished by a low-pass filter not shown in
Figure la.

A music signal with at jeast Compact Disc (CD) quality has,"in addition to other qualities, a
bandwidth in excess of 15 kHz. From the Nyquist theorem, it is known that a 15 kHz bandwidth signal
must be sampiled at no less than 30 Khz. A sample rate of 44.1 Khz is ‘chcsen for one embodiment of
the invention because this rate is used in CD applications and such a choice simplifies the means
necessary to use this invention in such applications. (This sample rate also supports an alternative 20

" - kHz bandwidth embodiment of the invention.)

Other sampling rates, such as 48 kHz which is a rate common to many professional audio
applications, may be utilized. If an aiternate raie is chosen, the frequency separation between adjacent
transform coefficients will be aitered and the pumber of coefficieats required to represent the desired
signal bapdwidth will change. The full effect that a change in sampling rate will have upon the
implementation of the invention will be apparent to one skilled in the art.

Assuming-the input signal is not a complex one, ie., all imaginary components are ze10, 2 frequency-
domain transform of a 512 sample block produces at most 256 unique nonzero tragsform coefficients.
Heoce, the invention shown in Figures 1a and 1b is comprised of 256 frequency bins. In this
implementation, the bandwidth of each bin is equal to 86.1 Hz (or 44.1 kHz / 512). (For some discrete
transforms bin 0, the DC or zero frequency component, has a bandwidth equal to half of this amount.)
Ouly cocfficients 0-182 are used to pass 2 15.6 kHz signal. (Coefficients 0-233 are uscd in a 20 kHz
version to pass a 20.1 kHz signal) The additional high-frequency coefficients above the input signal
bandwidth are used to rmmmzzc the adverse effects of quantizing errors upon aliasing cancellation within
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WA[etr](n) = WB[err](n) as required by the E-TDAC transform

K. Signal Qutput Box 117 in Figure 1lb represents a conventional
digital -to-anal og converter which generates a varying voltage anal og
signal in response to a digital input. The digital input is obtained from
the 16 nmost significant bits of the 24zbit integer words produced by the
ovedap-add process. The anal og output should be filtered by a | ow pass

filter w tﬁ:@d@tg@?&%&h@tﬂd Ngérlﬁg{\’h@tagsug:gd the Hﬁb%tgm‘l%%akd’ﬁmfe@ fo !:Sh:@lz?& 2 kiaz) sg@der )

}::)gLrerefD Ygthg Aral L&‘di sf‘n is also bqufde.l?q%?éd Onenj[ﬂ?“\'i)gs hf’ ﬁ)ﬁ'_l S ;[,Rﬂﬂ%%mgzl n
| NVENI ON Untssdme)iah\ple bienibis chodifiert a difcrdthmmmmeﬁn enoncevslylcoys nagexisibilepenisdl e

t ransf or myehehlSdeab HElalsRoi SssbHa! e s,gnaﬁm%adcﬂ& a&n@an%wﬁé\lre as ke
Cancel | ation (O TDAC The foll ow % escrlsgt ion di gcusse G
di f f er enctesiorm erros ée?éﬂ‘tsﬁ{ brofiscpntingilics t threcdgss-phte block 2P i Gigwe Sy Jhessr ¢ he

I nvent i ondiscontinuities may be smoothed to minimize this effect. Figures 6a through 6d lustrate how a block
is modified or weighted such that the samples near the biock edges are close to zero. The multiplier
circuit shown in Figure 6a modulates the sampled input signal x(t) shown in Figure 6b by the weighting
function shown in Figure 6¢c. The resultant signal is shown in Figure 6d. This process is represented by
box 103 in Figure 1a. This weighting function, called an analysis window, is a sample-by-sample
multiplication of the signal sample block, and has been the subject of considerable study because its shape
has profound affects upon digital filter perforénance. See, for example, Harris, "On the Use of Windows
for Harmonic Analysis with the Discrete Fourier Transform,” Proc. IEEE, vol. 66, 1978, pp. 51-83.
Briefly, a good window increases the steepness of transitio:i band rolloff for a given ievel of depth of

stopband rejection, and permits correction of its modulation effects by ovérlapping and adding adjacent
blocks. Window design is discussed below in more detail.

i C. Analysis Filter Bank - Forward Transform

'A’discrete transform implements digital filier bank 104 shown in Figure 1a. Filtering is performed
by converting the time-domain signal sample blocks into a set of time varying spectral coefficients. Any
one of several transform techniques may be used to implement the filter bank. The transform techniqbe
used in one embodiment of the invention was first described in Princen and Bradley, "Analysis/Synthesis
Filter Bank Design Based on Time Domain Aliasing Cancellation," JEEE Trans. on Acoust., Speech,
Signal Proc,, vol. ASSP-34, 1986, pp. 1153-1161. This technique is the time-domain equivalent of an
evenly-siacked critically sampled single-sideband analysis-synthesis system. This transform is referred to
herein as Evenly-Stacked Time-Domain Aliasing Cancellation (E-TDAC). An alternative form of the
TDAC transform may be used in another embodiment of the invention. The technique is described in
Princen, Johnson, and Bradiey, "Subband/Transform Coding Using Fiiter Bank Designs Based on Time
Domain Aliasing Cancellation,” [CASSP 1987 Conf. Proc., May 1987, pp. 2161-64. This altcrnate
transform & the time-domain equivalent of an oddly-stacked critically sampled single-sideband analysis-
synthesis system. It is referred to herein as Oddly-Stacked Time-Domain Aliasing Cancellation
(O-TDAC). An embodiment of the invention using the O-TDAC transform is discussed after the
E-TDAC embodiment has been fully described.

E-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

k) = z | Xnyscos2ek “’”“

) for0sk <N (1)
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-34-;' A. Forward Transform O TDAC
utilizes a transformfunction which is a nodified D screte Cosine Transform

(DCE), shown in equation 24. C(k)[err] where k = frquency
coefficient nunber, [err] = input signal sanple nunber, N =
sanpl e bl ock | ength, m = phase ‘¥erm for O TDAC (see equation 6),

S = T x(esinRkCERY  for0sk <N @)

a=0 N
where  k = frequency coefficieat number,

n = input sigonal sampie number,

N = sample biock length,

m = phase term for E-TDAC,

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

C(k) = DCT coefficient k, and

S{(k) = DST cocfficient k. .

The E-TDAC transform alternately produces one of two sets of spectral coefficients or transform

biocks for each signal sample block. These transform blocks are of the form

Ck) forG2k < N2
K} =
IS OUTE N R ®
Sk forlsks N2 '
Sk} = .
SOk [o fork =0 @
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 Caiculation of Complex Fourier Series,” Math. Comput., vol. 19, 1965, pp.
297-301. A single FFT can be used to perform tbe DCT and DST simultaneously by defining them
respectively as the real and imaginary components of a single complex transform. This technique exploits
the fact the FFT is a complex transform, yet both input signal sample blocks consist only of real-valued
samples. By factoring these transforms into the product of one FFT and an array of complex constants,
the DCT coefficients emerge from the transform as the set of real values and the DST coefficients are
represented by the set of imaginary values. Therefore the DCT of one signal sample biock can be
concurrently calculated with the DST of another signal sample block by only one FFT followed by
complex array multiplication and additions.

The basic technique of using one FFT to copcurrently calculate two transforms is well known in the
art and is described in Brigham, The Fast Fourier Transform, Englewood Cliffs, NJ: Prentice-Hall, Inc.,
1974. Additional information regarding the concurreat calculation of the modified DCT and DST for the
E-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.

In a preferred embodiment for a onc-channe! version of the invention, two adjacent signal sample
blocks are stored in buffers and transformed together into a DCT/DST block pair. The block pair is
subsequently quantized and formatted for transmission or storage.

In two-cbannel systems, concurrent processing may be accomplished by processing a signal sarple
block from each of the two channels: a DCT block is generated for one channel, and a DST block is
generated for the second channel. The coded biocks for a given channel alicrnate between the DCT and
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x(n) "=

coefficient k. The O TDAC transform produces a set of spectral

coefticients or transform bl ocks of the form

where i

(see equation 24).

[err]

Transform (FFT).. Unli ke the E-TDAC version, the O TDAC i npl enentati on

not use aDST (sl cuprisEidn §.Q9) ey atways dfythe opposité Gyperirdmbaseighradthes ghaphals blbm-ks

ool oy o Buk Ot PP ek S“?E‘E‘é“t“hshed“‘?‘g‘?}%?{“f%ﬁ?fﬁﬁ%?‘?r' o post il p
process use§Hfge fq?g"débﬁ‘ljﬁé%‘e‘ffgﬁ%ﬁ. ‘rﬂl(#ﬁi“?“"& éﬁ“dcgﬁfféw tgﬁ‘ié‘

val ued seppirefi amlysxi-sysmgnahndsmpﬂeﬁméﬂ)tcchmqm can aourible xeconat arebipgaigngion by

E"Z)g;“ ati ng, JuBiarkl Wfikacs 8BS ¥ind BEasfoREBIAX of B GlrkO" [err]

{CI)}e, {S(K)}, {CK)}2 {S(K)}s, - . . )
where each transform block represeats one time-domain signal sample block. This process is shown in
Figures 14a-14¢, 15a-154, and 162-16g.

Referring to Figure 14a, it may be seen that quantized input signal x(t) is grouped into blocks.
One set of blocks, modulated by the window function W, shown in Figure 14b, produces signal x.(t)
shown in Figure 14d. Signal x(t) is input to the DCT. Another set of blocks of the sampled input
signal x(t), which overlap the first set by one-balf block length, are windowed by window function W,
shown in Figure 14c (which window function is identical 1o W, but shifted in time by one-half block
length) producing signal x(t) shown in Figure 14e and subsequently passed to the DST.

Using only the aiternate DCT and DST transform blocks results in a loss of the information
contained in the discarded half of the transform blocks. This loss produces a time-domain aliasing
component, but the distortion may be cancelled by choosing the appropriate phase term m for equations
1 and 2, applying the forward transform to overlapped time<domain signal sample blocks, and by

overlapping and adding adjacent time-domain signal sample blocks recovered by the inverse transform. -

The phase term m in equations 1 and 2 controls the phase shift of the time-domain aliasing
distortion. Figures 15a-15d and 16a-16g illustrate this distortion. Signal y.(t), recovered from the inverse
DCT, is shown in Figure 15a. Figure 15b illustrates that the recovered signal is composed of two
components: the original windowed signal (solid line), and time-domain aliasing distortion (dotted line).
Figures 15¢ and 15d illustrate similar information for signal y,(1) recovered from the inverse DST. To
cancel this alias distortion and accurately recover the original time-domain signal, E-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 haif of
the sampled signal reversed in time about the thresquarter 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

- N, f22+ 1) (6)

where N = sample block length.

E-TDAC also requires application of a pair of carefuily designed analysis-synthesis windows to
overlapped signal sample blocks. The signal sample blocks must have a 100% overlap,.ie., 50% of a
given block is overiapped by the previous block, and 50% of the same block is overlapped by the
following block. Figures 16a-16g fllustrate the overlapping of signal sample blocks and the resulting
cancellation of alias distortion. Signals y.(t) and y,(t) shown in Figure 16a and 164, recovered from the
inverse DCT and DST, are modulated by window functions W (1) and W,(t) respectively, shown in

guanti zed val ue of input signal x(t) at sanple n, C(k) = DCT

= signal sanple bl ock nunmber, and C(k) = DCT coefficient
The conput ationtrl gorithmused is the Fast Fourier

does
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where J[err] n = input signal sanple nunber, and N = sanpl e
bl ock | engt h. A Discrete Fourier Transforminplenented by a FFT
transforns the nodified signal sanples into a set of transform coefficiens.
Because the FFT is a complex transform the real and inaginary parts of the
nodi fied signal sanple set can be tranggorned concurrently. Finally, a
postnmultiply step obtains the true DCT coefficients. This process is

r epr esentRgirds cdlfo\and 16 Gr ptoden Sighdls R a8 g,(t) shown in Figupés A6¢ ArdkI6E = VAT {theer r |
(27) overiapped tidcld of tiRe Khudabidal SRRL ZheCidhdd] ikl oy Joup@tserhls are cancelled and the
(28) resulting signal y(t) shown in Figure 16g is an accurate reconstruction of the original input signal x(t).
Window design and overlap-add used during the synthesis process is discussed below in more detail
It is sufficient at this point to notice that omitting half the transform blocks halves the required bit rate,
but the 100% window overlap required for E-TDAC during signal synthesis doubles the required bit rate.
Consequently, E-TDAC has a neutral effect upon the required bit rate.

D. Nonuniform Quantization

Each transform coefficient derived from filter bank 104 is encoded and grouped into subbands by
nonuniform quantizer 108. (Tables I and II show the assignment of transform coefficients to subbands.)
The ponuniform quaatizer is composed of block-floating-point encoder 105, adaptive bit allocator 106,
and uniform quantizer 107 shown in Figure 1a. Quantization is performed for transform block pairs:
either two adjacent blocks in a one-channel system, or one block from each chanpel of a two-channel
system. 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 (S) rounding and truncating the code word according to the
bit length computed from the sum of the 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 range 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 of the invention, the mantissa is a signed integer-valued expression expressed in two’s
complement form.

The corresponding exponent &5 an unsigned value equal to the power of two of the muitiplier
required to convert the mantissa (either mormalized or unnormailized) into the true value of the
represented numerical quantity. This representation can be cxpnséedas

F=Ms.2E U]
where F = the value of the floating-point number,

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 2-3. This is equivalent to shifting a binary representation of
the mantissa three places to the right.

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 aumerical quantity is contained within
the mantissa’s limited bit length. .

Block-floating-point representation i also well known in the art and is used to represent 2 set of
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-35- " where [err] n = input signal sanple nunber, N =

sanpl e bl ock | ength, k = frequency coefficient nunber, m =
phase termfor O TDAC (see equation 6), R(k) = real part of
coefficient Xerr](k), Q k) = imaginary part of coefficient
Xerr](k), and C(k) = DCT coefdi9ci ent k. In a preferred

enbodi nent for a one-channel version of the invention, two consecutive
over | appeRPEREpRias numher Wt fevRs Bis s PPSPls vtk FoRERtoRH S0Rg PRINt FFRIFSSRIAHAS:

t oget her T w@niguOused-dnekRaat %@ mmfalame%dld mﬁﬁsam]mdjrmkm@abrbc In
Lo~ ChANNGen AN R bl Bt 1B YIBLE B IEd B shianpel s are
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true value of the floating-point quantity.

1. Subband Expooents
The biock-floating-point encoder comprises sections one and iwo of the nonuniform quantizer. The

functions performed by the first section are shown in box 701 of Figure 7. This section calculates the
subband exponents for each of several subband frequency coefficients. The subbands are shown in Table
L The procedure is comprised of three steps. The first step finds the largest transform coefficient in
each subband within one transform block and determines the number of left shifts required to normalize
these largest 24-bit coefficients. The second step determines corresponding shift values for a second
transform block. The third step compares the shift value for each subband in the first transform block
with the oorr&podding subband’s shift vaiue in the second transform block, selects the smaller of the two,
and saves it as the exponent for the appropriate subband in both blocks. The exponents are shared by
the coefficient mantissas in each transform block.

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 eighteen. Master exponent MEXP1 represents high frequency subbands nineteen
through thirty six. - (For a 20 kHz coder, three additional subbands are required as shown in Table IL)
If all subband exponents in a2 group are three or greater, the master exponent for that group is set 0
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 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 7022 and 702b of Figure 7.

An additional step can be taken which may reduce the total bits required to represent the coded
signal. In all subbands where an exponent represents a single coefficient, the sign bit of a normalized
mantissa is superfluous. As discussed above, the sign bit and the most sxgmﬁmnt data bit in a normalized
mantissa are always of opposite value. The sign bit can therefore be dropped by the encoder and
testared by the decoder. The dropped sign bit is referred to herein as a "hidden bit.”

Whether a mantissa is normalized can be determined by examining the exponent. If the exponent

is less than its maximum value (which is 15 after adjusting for the master exponent in the floating point
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an alternating sequence of cosine transform bl ocks of the form
{Cl(k)}[err] {CQ(k)}[err], {A(k)}[err], {C2(k)}[err], _
(29), where Ci(k)[err] = DCT[err] coefficient k of signal sanple block i,
and C2(k)[err] = DCT[err] coefficient k of signal sanple block L
Note that this sequence of transform blpgcks is formed by discarding, in
effect, every other transformblock fromeach channel in a two-channel
system osheneosed inthzqreférrea nmb@mntﬂfmkmﬁ:umm, éeqinntda © adimaBEd 1fi%e dxpohdit a
singl e charagl oSk Shagifm value, Iﬁ :Q% th% Otﬁé%llcqpls xgmél calgaxﬁiﬁg%e&ok ation
process is v t

simlar to or the E-T trans orm an

i |l ustrat %m?'ﬁélﬂ"ad?"é%‘sﬂﬂ?eb“- 23a-23d, and 24a 24g. The princi pal
di fference iTisturhniqienaibe hiscl baly & itfse MaER L ha®thek Bon bhig@texibatdt. 0f at he
sampl ed sig | t| reversed. i.mage .of the
i nput sig a{;’g&bout ?ﬁntcgﬁlg%%?’%ewu&afﬁ %% san{')hfsemqo“fr%’%ﬁ?“t gﬁ"ﬂ‘@‘lm gn
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Pﬁlf of tbl?cksampéueds&lhﬁﬂﬁlb dat @ﬁlfe ntsk%l:t'weéixthWﬁs'oﬁ tlabsBRm  HRR! &ﬁg;x&de&lé& t he

ree-quarter poin e bloc no_change in sign See Figures
23b and 2§ “9 EI"% i%laﬁﬁa"% WE@W"% m synthesi s wi ndows is
i denti cal tommmrmﬁﬁmﬁensmg memmg:ngm for DCT coefficient zero. As
B. Nonuni i idbaRt &8 Fminimum’ meb.egmewma‘c&rémﬁyasﬁsl fo%e mrcnw%c&qw%&e

ver si on of th nvention is identical to that used wt
ﬁzcd. ﬁtxed length for C(0) would be identical to that for coefﬁcxcnt S(0), or 9 bits. In

situations where coefficient C(0) is unnormalized, the reduced bit length is not likely to created audible
quantization poise because the frequency component will be of very low amplitude.

3. Fixed-Bit Length

The third section of the nonuaiform 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 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 funciion 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 t0 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 cach 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 Figures 17a and 17b.

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,” J. Audio Eng
Soc, vol. 35, 1988, pp. 517-534. Auditory selectivity of the human ear varies greatly with frequency,
however, the 1 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 1 kHz masking tone is very high.

Inadequate filter selectivity is compensated in part by reserving additional bits for lower frequency
coefficients. Figure 10 compares the filter response against the 4 kHz 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. This
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the E- TDAC transformversion with only a few mnor differences due to the
fact only DCT bl ocks are present. In each block pair, both transform

bl ocks include coefficient C(0), therefore, all subband exponents are
shared by the two bl ocks. Consequently, there can be no hidden bit and the
"“m ni nunt bit length for coefficient 0) is fixed at nine bits (as
opposed to eight bits for E-TDAC). See Table II1I. Dynam c bit

al | ocat i orelatigastriprit tefidcteg it the minimen & lehjph valfes s oFDATBE ficient C(0) is
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- 36- increased accuracy afforded by additional bitsCresdre o thicNigwetviqudndyOdoBEtidnks0gEach Each

oo 0g0 o el bl chiSl B8 Sgrh8. SEE R pRREnallf b T80 TR Flge 1o 30 °
offset of 8 db (or approximately 1.3 additional bits of accuracy) may be pecessary to encode a low-
frequency transform coefficient if no other 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
cffect 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 topes. Furthermore, music is generally a more complex signal than a few discrete frequencics,
and the resulting increase in masking levels permits a reduction in the required accuracy of transform
coefficient code words. Consequently, the minimum bit lengths for all but DCT coefficient C(0) and DST
coefficient S(1) shown in Table I are obtained by deducting three bits from the bit length of each
coefficient code word suggested by the masking curves in Figures 10 and 11. Except for these two
lowest-frequency coefficients, adaptive bit allocation provides additional bits where needed for increased
accuracy of specific coefficients.

If wansform coefficients zero and one were included in the adaptive bit allocation process, the
E-TDAC coder would generate quantization noise at a frequency equal to the sample block rate
whenever an input signal channel contains . low-frequency spectral components whose period is large
compared to the sampié block length. This noise would be created within the channe! containing such
low-frequency components by the interaction of two mechanisms, First, the E-TDAC transform would
convert the low-frequency components into an alternating sequence of nonzero and zero values for
coefficient zero (DCT C(0) and DST S(0)). Coefficient C(0) would be nonzero in the DCT transform
blocks but coefficient S(0) would always be zero in the DST transform blocks. Coefficient one (DCT
C(1) and DST S(1)) would be affected to a lesser extent due to the filter bank’s sidelobe leakage.
Second, by including the two lowest frequency coefficients in the adaptive bit allocation process, the
allocation algorithm for the channel would toggle between two bit-assignment patterns, one for DCT
blocks and the other for DST blocks. Because the number of adaptively assigned bits is fixed, bits
assigned to coefficient C(0) in the DCT blocks would not be available for allocation to other transform
coefficients as they would be in the DST blocks. (Because the value of coefficient S(0) is always zero,
it would not be assigned any adaptively allocated bits.) This aliernating allocation pattern would manifest
itself as audible quantizing noise at a frequency equal to the sample block rate of 86.1 Hz (or 44.1 kHz
/ 512).

The current embodiment of the invention assigns a fixed bit length of 8 bits 1o DCT coefficient C(0)
and 9 bits to DST coefficient S(1) (ses Table I) and excludes them from adaptive bit allocation. This

exclusion prevents the adaptive allocation scheme from generating the quantization noise described in the
previous paragraph.
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I11)> and 130 adaptively allocated bits, for a total of 668 bits each. The
two master exponents and 37 subband exonents of 148 bits shared by both DCT
bl ock brings the DCt[err]/DCT[err] block pair length to 1486.bits, the’
same as that for the E-TDAC i npl ementati on. The structure of ‘the
formatted frame without error correction codes is very simlar to that used
i n the E-TDAC version of the invention,'vénd Is shown in Figure 25. The
frame structure with error correction codes is identical to that for

E- TDAC, and is shown in Figure 21. The deformatting process is identical
to that described above except né AdaptivkBitAlloaigrie for any hidden bits.
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allocation assigns a fixed oumber of additional bits to specific coefficients in four phases. The number
of bits may be chosen to balance signal coding quality and transmission bit rate. In a preferred
embodiment of the invention, the allocation limit is set at 133 bits per transform block 1o achieve a total
bit-rate of 128 kBits per second. In an application using error correction codes (discussed below), the
limit must be reduced to 124 bits per transform block to maintain the same bit rate. This limit is
referred to herein as the allocation 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 without chianging
the concept or basic purpose of the invention. '

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 the 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 transform coefficients
which were allocated bits during phase one such that the total adaptively allocated bits for each coefficient
is four. If all allocable 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 process 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
clements 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 Xyqy. All subband
exponents are subtracted from Xmy and the difference is stored in array M(). Note that the smallest
possible subband exponent is zero and the largest possibie subband exponent is cighteen, which is the
sum of a maximum value of fificea for a 4-bit high frequency subband exponent plus the vajue of three
for the master exponent MEXP1. See Table I. Therefore, the range of possible values in array MQ is
pegative cighteen to zero. In the next step, four is added to each clement 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 clements with a value of four represent those
subbands where at least one of the coefficients in the subband bas one of the largest spectral coefficients
in the total signal

Phasc one constructs another array A(), which represcats the bits to be allocated to the coefficients
in each subband, using the process shown in Figure 8 box 801. Each clement in A() corresponds 0 a

subband. Recall from Table [ that the higher subband exponents represent multiple transform .
This is the repiacemant snee:
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n = signal sanple nunber, K = nunber of transform coefficents,
N = sanpl e bl ock | ength, m = phase term for E-TDAC (see equation
6), C(k) = gquanti zed DCT coefficient k, and [err](n) =
recovered quantized signal x(n). The O TDAC i npl ementation of the

I nverse transformreduces conputati ona_J?_corrpI exity by enploying a simlar
prenul tiply-transformpost nultiply proCess as that used in the forward

transf or m&m&n@r@e&fa& &0 ks omfe) @%nquum of 8 B iskl % Sn 'u&%ﬂmﬁ set
of nodified 1 ex val ued coefficien concurrent_rytra orns the real
and i magi rfﬁ?@xng the SPITESRRRdipg qpRbpnely Fop pplei B e Tae & whtaed B reavense FRT
(1 FFT), ardetiirnailts4. t Helehénra(Bphaiarvalad ¢fvae, it nakaps $iatp bit.d 40d dloated Odhe eith
shown i Nt Gadslh QHn® /&' 18N SonthaGihf lhe example, if element A(36) has a value of two, then

30 bits are allocated, 2 bits each to coefficients 168-182. During the allocation process, as each element

of A() is incremented, the number 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 phase, that phase immediately
terminates and all of the subsequent phases are skipped. During the final step in which the allocation
limit is reached, the number of bits assigned to a subband during that step will not exceed the number
of bits remaining for allocation. If the last of the allocable bits are assigned while processing a subband
with more than one coefficient, it is likely that not all of the coefficients in that subband will be allocated
the same number of bits.

Starting with the M() array element representing the lowest-frequency coefficient (M(1) for DCT
blocks, or element M(2) for DST blocks), each element of M() is examined in turn. As many as four
passes are made through array M(), or until all allocable bits are allocated. On the first pass, each
element in array A() is incremented by one if the corresponding element in array M() has a value equal
to four. The second pass increments by one each element in A() which corresponds to each element in
M(Q) 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 aflocation 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-aliocation 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 threc passes through ﬁrray A(), stopping earlier if and when the maximum
allocable bits are assigned. Each pass starts with the lowest frequency eiement (A(1) for DCT blocks,
or A(2) for DST blocks) and works upward in frequency. On the first pass through array AQ), each
clement which has a value between one and three is incremented by one. On the second pass, clements
with vaiues of two or three are incremented. On the third pass, elements equal to three are
incremented. If this phase completes without exceeding the allomtioﬁ limit, every clement 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. This final phase assigns additional bits to transform coefficients with lower spectral energy which
are adjacent to subbands of coefficients with bigher energy. This assignment is accomplisbed in three
steps. The first step scans array A() starting with the highest frequency element A(36) (clement A(39)
is the starting clement in 20 kHz bandwidth coders) in search of 2 group of two adjacent elements which

bave the values {0,4}. If found, the clement whose value is zero is set to one such that the group values
become {1,4}.
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m = phase termfor O TDAC (see equation 6), N = sanpl e bl ock
| engt h, k = frequency coefficient nunber, ' n = input signal
sanpl e nunber, r(n) = real part of sanple x[err](n), gq(n) =
i magi nary part of sanple x[err](n), apg. [err](n) = recovered

quanti zed signal x(n).

If the allocation limit bas not been reached, step two of phase three begins by scanning array A()
downward starting with the highest frequency subband in search of a group of two adjacent elements
which bave the values {4,0}. If found, the zero-valued element is set to one to produce values {4,1).

The third and final step of phase three allocates additional bits to the coefficients in subbands
assigned bits in steps one and two of this phase. Starting at the highest frequency clement of array A(),
cach clemeat modified in step one i incremented. Finally, elements modified in step two are
incremented, starting with the highest frequency subbands. This third step reiteratively increments the
array elements in the same order discussed above until ail allocable bits are assigned, or until ali of the
clements modified in steps one and two arc assigned a total of 4 bits each. If the latter condition is met
and any allocabie bits remain 10 be assigned, phase three repeats starting with step one.

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 Xypy (2) starting with the lowest frequency
subband (subband 1 for DCT blocks, or subband 2 for DST blocks), subtract the subband exponent (see
Table I) from Xymy; (3) if the difference is zero, insert the subband number into tables Ty, Ts, T3, and
Ty (4) if the difference is negative one, insert the subband number into tables Ty, Ty, and T3; (5) if the
difference is negative two, insert the subband number into tables Ty, and Ty (6) if the difference is
negative three, insert the subband number into table Ty; (7) continue steps three through six for each
subband until 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 Xygn-3 to Xy, table T, contains subbands with
exponents from Xyme-2 to Xaqy, table T; contains subbands with exponents from Xyaw-1 to Xy, and
table T4 contains subbands with exponents equal 10 Xpgn. Of significance, subband entries in each table
are in ascending order according to frequency.

Phase one allocates bits to transform coefficients in subbands with the largest subband exponents.
Starting with the first (Jowest frequency) entry in table Ty, one bit is allocated to cach transform
coefficient within each subband represented in the table. The allocation is repeated in turn for table T,
Ta, and finally table T;. This process continues until alf allocable bits have been assigned or until all
entries in tables T¢ to T, bave been processed. As a bit is assigned to ail coefficients in a subband, an
entry in array A() corresponding to that subband is incremented by one such that the elements in A()
reflect the total bits allocated to each transform coefficient in each subband.

As noted earlier, allocation terminates immediately when all of the allocable bits are assigned. Each
table entry represents a subband which, in general, contains multiple transform coefficients. Therefore,
if the last of the allocable bits are assigned to 2 table entry representing a subband with more than one
cocfficient, it is probable that not all of the coefficients in that subband can be allocated the same

number of bits. In such situations, the allocation process notes which coefficients in the subband must
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bave a bit deducted from the subband’s aliocation amount subsequently stored in array A().

Phase two constructs four new tabies, Ty 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
1 for DCT blocks, or subband 2 for DST blocks), subtract the subband exponent from Xy (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 Tj; (S) if the difference is negative two, insert the subband number into
table Ty (6) if the difference is negative three, insert the subband aumber into table Ty; (7) coatinue
steps three through six for cach subband until all subbands have been processed. At the end of this step,
table T, contains the pumbers of all subbands that have exponents equal to Xyne-3, table T contains
subbands with exponents equal 10 Xyqy-2, table T; contains subbands with exponents equal Xyqy-1, and
table T, contains subbands with exponents equal to Xypy. 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 T3 to T; until each
coefficient has received a total of four additional bits, or until the allocation limit has been reached.
Starting with the first (lowest frequency) entry in table T;, one bit is assigned to each coefficient
contained within each subband represented in the table. As each subband is processed, the eatry is
removed from table T3 and inserted into table T,. Next, coefficients associated with entries in table T>
are allocated an additional bit, moving each entry from table T 10 T; as the additional bit is assigned.
Then entries in table T; are processed, Mg the entries from table Ty to Ty. If any allocable bits
remain, allocation continues by repeating the process for table Ts, and then table T, If bits remain to
assign, a final pass is made through the entries in table T;. If phase two does not assign ail remaining
allocable bits, table T, contains ali of the coefficients, each having received 4 bits, and tables T3 through
T arc empty. If all allocabie bits have been assigned, array AO is rebuilt from the information contained
in tables T; through T to reflect the total bits allocated to each transform coefficient. Each element in
array A() corresponding to an entry in table T, is assigned a value of four. Each A() clement
corresponding to an entry in table T3 is assigned a value of three; for table T, a value of two; and for
table T; a value of one. All other clements of A(), ie., those subbands which are not represented by
catries in tables T, through T, are zero.

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

The second 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
Ts, adjacent entries in the table are examined to determine if they are separated by one or more

subbands. If they are, the number of the subband immediately above the lower subband is inserted into
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Bit La MEXPO EXPO 4 bits[err] 0

8 bits[err] EXPI 1
5 bits[err] EXP2 2
EXP3 3 EXP4

4 EXP5 26 5

EXP6 6 EXP7

7 table T;. For cxample, suppose twoba@idGent entries in table T, represent subbands 16 ahd 12. As
E?)(PQ discussed above, these two subbands arcé%gficd by 3 subbands. Therefore the number 13, Tgr%]égtmg
EXP12 the subband above subband 12, would b@ inserted into table T,. EXP14
15-16

1o 1n Starting with the Bitst Satry in able T‘E n addmonal bit is assigned to dacHl trhsform cocgcxﬁxbt

EXP17 associated with each subband represepted Qyzan cntry in table Ty. As each subband entry is proggssed,

23-24 it is moved from table Ty into table T,. If any allocable bits remain at the end of processing table T,
a similar process repeats for the entries in table Ty, moving each entry from tabie T, into table T,
Processing continues with table T entries if any bits remain to allocate, moving entries from table T; into
table T,. If any bits remain after this step, phase three repeats from the beginning, first determining if
the entries in table T4 are still sorted and if not, sorting table T entries into descending frequency order.
When all allocable bits have been assigned, array A() is built from the four tables as described above for
phase two.

After all bits have been allocated, each transform coefficient code word is rounded off to a bit length
cqual 10 the value of the element of array A() representing the subband in which the coefficient is
grouped. Some coefficients in one subband, however, may bave one bit deducted from their length as
required to keep the total number of allocated bits equali 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 transform 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 if the associated
master exponent is set to one, Each coefficient’s total bit length is then calculated by adding its minimum
bit length (see Table I) to the number of adaptively allocated bits assigned to 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
cocfficients 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 trapsform block equal to the
allocation maximum.

E. Formatting

The formatting process prepares a pair of encoded transform blocks for transmission or storage. This
process is represented by box 109 in Figure 1a. The following description discusses the formatting of two
adjacent transform blocks in 2 one-channel Systcm. The same technique is used to format one transform
block from each channel of a twochannel system processing signals such as that used in stereophonic
applications.

A fixed length representation of each transform cocfficient code word is formed by truncating the
rounded code word to a length equal to the minimum bit length shown in Table I. Any additionai bits
allocated to the code word are formatted separately in an adaptive bit block. The master expouents,

subband exponents, truncated coefficient code words, and adaptive bit biocks are then assembled
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MVEXP1 EXP19 25-27

EXP20 28- 30 EXP21
31-33 EXP22 34- 37
EXP23 38- 41 : EXP24
42- 46 EXP254,. 47-53
3 bits EXP27 61- 67

EXP28 according to the grouping shown inGifgure/20. Note that one set of master and subband EX{IBedhts
78-87 applies to both transform blocks ip the @E e (See the discussion of the nonunifo O ater
EXP31 Bgre frk pair- AR e

108- 122 above.) By sharing exppjents between each pair of blocks, the total number offbikp®Quired to represent

123- 137 the exponents for both transform blocks is ré?fgs‘ﬁy 50%. 138- 152
EXP35 15%— 167 . EXP36
168- 182 The formatted frame of transform blocks in Figure 20 depicts a structure where transform block A

is a DCT block and block B is a DST block. If the frame will be subject to bit errors such as those
caused by noise during trapsmission, 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 synchroaization 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
mistaken for the syochronization pattern. The randomized frame is then appended to the frame
syachronization bits.

Note that each transform coefficient may be represented in as many as two distinct parts or segments.
The first part represents the coefficient’s minimum length and is composed of a fixed number of bits.
See Table I. The second part of the representation, if present, is of varying length and is composed of
the adaptively allocated bits. This two-part representation scheme is chosen over one which represents
each coefficient as a variable length word because it is more immune to corruption by noise. If a noise
burst occurs in a frame utilizing the preferred scheme, the effects of the noise will be confined to the
value of the exponents, code words, or allocated bits directly affected by the noise. If a noise burst
occurs in a frame utilizing variable length code words, the effects of the noise can be propagated through
the remainder of the frame. This propagation may occur because the noise burst will alter not only the
value of the exponents and code words hit directly by the noise, but also the information needed to
determine the length of each variable length code word. If the length of one code word is in error, the
remainder of the frame will be misinterpreted.

An encoded DCT transform block includes 183 coefficient mantissas comprising 537 bits (see Table
I) and 133 adaptively allocated bits, for a total of 670 bits. Because DST coefficient S(0) is always zero
(see Table I and expression 4), it need not be transmitted or stored. Therefore, the DST block mantissas
and allocated bits comprise only 666 bits. The two master exponent bits and 37 subband exponents of
148 bits brings the DCT/DST block pair length to 1486 bits. (For the 20 kHz version of the invention,
the total block-pair length is 1702 bits.)

No side-information is required to indicate the coefficients to which additionzl bits bave beean
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, coefficient code words second, and finally the adaptively
allocated bits. This reduces processing delays because, after all subband exponents have been recsived,
the deformatting process is able to determine bit aliocations made to cach trapsform coefficient while the

adaptive bit blocks are being reccived. The formatting structure used in the preferred embodiment of the
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The DST al ways produces a zero value for coefficient S(0). This is known a
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not he transmtted or stored. + The bit length for DST coefficient S(1)

is 9 bits. The length for DCT coefficient C(1) is 5 bits as Shown in the
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invention is shown in Figure 20. The bit stream is formatted with the master and subband exponeats in
ascending frequeancy order. Then the fixed-length portion of the coefficient code words for transform
block A are assembled in ascending frequency order, followed by the coefficient code words of transform
block B. Finally, the adaptive bit blocks for block A are appended to the bit stream, followed by the
adaptive bit blocks for block B.

In applications where potential data- corruption is of comcern, an error correction scheme is
necessary. Errors in subband exponents, and to the lesser extent, errors in the lower-frequency coefficient
code words generally produce the greatest audible distortion. This information is the most critical data
to protect. A preferred scheme protects the master and subband exponents with error detection and
correction codes, and separates these values as much as possible to improve their immunity to noise burst
errors. Such a scheme is shown in Figure 21.

It will be obvious to one skilled in the art that other frame formats and correction codes may be
utilized without departing from the basic invention. '

When error correction codes are empioyed, fewer adaptively allocated bits are used in order to
maintain the same total bit rate. The total number of exponent and mantissa bits for one frame of a
DCT/DST block pair is 1220 bits. Of this length, 150 bits are subband and master exponents. One
{21,19) Reed-Solomon error correction code is added to the bit stream. - The code, sixteen bits in length,
provides single-symbol error detection/correction for as many as nineteen 8-bit symbols (bytes), or 152
bits. See, for example, Peterson and Weldon, _Error-Correcting Codes, Cambridge, Mass: The M.LT.
Press, 1986, pp. 269-309, 361-362. '

Of the 152 bits which may be protected by the code, 150 constitute the master and subband exponent
bits (15 kHz version). The remaining error correction capacity is utilized by providing redundant
protection for the two master exponents. A total of eighteen bits are required to represent the 16-bit
error code and redundant master exponents. These bits are added to the formatted data stream without
increasing the overall data rate by reducing the number of bits available for adaptive bit allocation. As
a result, the total allocable bits for each block in the transform block pair is reduced from 133 to 124,

The Reed-Solomon codes process data in bytes, therefore the error codes, protected data, and
unprotscted data are grouped into 8-bit bytes for ease of processing. The ratio of protected data to
unprotected data in each block-pair frame is approximately nine-to-one. This permits scattering protected
data throughout the formatted frame, each 8-bit byte of protected data separated by cight bytes of
unprotected data. See Figure 21. With this technique, a single burst error of as many as 65 bits may
occur anywhere in the frame without corrupting more than one protected data byte. Therefore, protected
data can be recovered from any single noise burst no longer than 65 bits in length.

Subject to the constraints discussed above, exponents and transform coefficient code words are
assembled in ascending frequency order, s;nd are followed by the adaptive bit blocks.

F. Transmission or Storage
The formatted frame is now ready for transmission or for storage. Figure 1a illustrates transmission
means 110. 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.
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Subbands 0-36 are the sane as for the 15 kHz coder. See Table |I. MEXP1
EXP37 4 bits 183- 199 2 bits EXP38
200- 216 EXP39 29- 217- 233

Table |1

Frequency Coefficients for 20 kHz E- TDAC Coder
Storage media include magnetic tape and magnetic or optical disks.

G. Deformatting

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 1b. If the formatted frame of code words was randomiized 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, ie., a2 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 actuaily 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.

The exponent for DCT coefficient C(0) is also checked 1o determine if any hidden bit adjustments
are necessary.

The adaptive bit allocation routine discussed above is used to process the exponents extracted from
the received signal, and the results of this process are used to determine the proper allocation of the
adaptive bit blocks to the transform coefficients. The portion of each transform coefficient whose length
equals the minimum bit length plus any adaptively aliocated bits are loaded into a 24-bit word and then
shifted to the right a aumber of times equal to the value of the appropriate subband exponent plus three
additional shifts if the associated master exponent is set to one. This process is represented by box 113
in Figure 1b.

H. Synthesis Filter Bank - Inverse Trapsform

Box 114 in Figure 1b represents a bank of synthesis filters which transform each set of frequency-
domain coefficicats recovered from the deformatting and linearization procedures into a block of time-
domain signal samples. An inverse transform from that used in analysis filter bank 104 in Figure la
implements synthesis filter bank 114. The inverse transforms for the E-TDAC technique used in this
embodiment of the invention are alternating applications of a modified inverse DCT and a2 modified
ioverse DST. Because balf of the transform blocks are omitted from transmission or storage (see
expression 5, 29), 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

Cx) = -C(N-k) for N2sk <N (8)

Sk

S(N-k) for N2 <k s N ©



Mast er . Subband Coef fi ci ent M ni mum  Exp

Exp Exp Ln Nunber s Bit La MVEXPO
EXPQ 4 bits 0 9 bits
Subbands 1-36 sane as for E-TDAC (Tab‘P‘é ). Subbands 37- 39
sane as for E-TDAC (Table I1). Table 11
N 1 R n+m
x(n) = e |l:':")(t(k)«:::s(hk( 7 )] for0sm <N (10
n 1 Kt . n+m
x(n) = % tio $(k)esinf2xk( z )} for0sa <N (1)

where k = transform coefficient number,
n = signal sample pumber,
K = pumber of transform coefficients,
N = sample block length,
m = phase term for E-TDAC (see equation 6),
€(k) = quantized DCT coefficient k,
$() = quantized DST coefficicnt k, and
X(n) = recovered quantized signal x(n).

Calculations are performed using an FFT algorithm. The same techniques as those emplayed in the
forward transform are used in the inverse transform to permit concurrent calculation of both the DCT
and DST using a single FFT.

Figures 14a-14¢ and 16a-16g fllustrate the transform process of the analysis-synthesis filter banks.
The analysis filter bank transforms the time-domain signal into an alternating sequence of DCT and DST
blocks. The inverse transform applies the inverse DCT to every other block, and applies the inverse DST
to the other half of the blocks. As shown in Figures 15a-15d, the recovered signal contains aliasing
distortion. This distortion is cancelled during a2 subsequent time-domain block overlap-add process
represented by box 116 in Figure ib. The cverlap-add process is discussed beiow.

L Synthesis Window

Figures 16a-16g illustrate canceliation of time-domain aliasing by the overiap-add of adjacent time- .
domain signal sample blocks. As derived by Princén, to cancel time-domain aliasing distortion, the
E-TDAC transform requires the application of a synthesis window identical to the analysis window and
an overlap-add of adjacent blocks. Each block is overiapped 100%; 50% by the previous block and 50%
by the following block. Synthbesis-window 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 rolloff 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 Figures 172 and 17b.

While agalysis windows have received much attention, the prior art teaches little about synthcsis
windows. The technique described below derives a good analysis-synthesis window pair from a known
good analysis-window design.  While any analysis window may he used as a starting point, several windows

This is the replacement shoet

=9 jay
Date:



Frequency Coefficients for th O TDAC Coder
- 40-

1. An encoder for the high-quality digital encoding of
wi deband anal og audi o i nformation conprising means for sanpling and
quanti zi ng sai d wi deband anal og audi o information into time-donain

“31-

permit design of a filter bank with good selectivity, and they offer a means to trade off steepness of
transition band rolloff against depth of stopband rejection. Three examples are the Kaiser-Bessel window,
the Dolph-Chebyshev window, and a2 window derived from finite impulse filter coefficients using the
Parks-McClellan method. See Parks and McClellan, "Chebyshev Approximation for Noarecursive Digital
Filters with Linear Phase," JEEE Trans. Circuit Theory, volL CT-19, March 1972, pp. 189-94. Only the
Kaiser-Bessel window is discussed here. This window allows the trade off mentioned above through the
choice of a singic parametric alpha value. As a general rule, low alpha values improve trassition band
rolloff, and high aipha values increase the depth of stopband rejection. See Harris, cited above.

An alpha value in the range of 4 through 7 is usable in the preferred embodiment of the inveation.
This range provides a good compromise between steepness of traasition 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 aipha values which bhave sufficient stopband rejection to keep quamtizing noise
below the psychoacoustic masking threshold.

The Kaiser-Bessel window function is

ro[mu-(-b%-f}]
Vi) = —— forOsn <N . 12)
( Tobe] | (
where a = Kaiser-Bessel alpha factor,
n = window sample number,
N = window length in number of samples, and

© (x,z)k
Tofx] =Z

To satisfy the overlap-add criteria, an analysis-synthesis product-window WP(n) of length N is derived
by convolving window W(n) of length v+1 with a rectangular window of length N-v. The value v is the
window overlap-add interval. The overlap-add process cancels alias distortion and the modulation effects
of the analysis and synthesis windows. The convolution which derives the product window is shown in
equation 13, where the denominator of the expression scales the window such that its maximum value
approaches but does not exceed unity. This expression may be simplified to that shown in equation 14.

E S W(a) |
WP@) =___ for0sn<N (13)
2 W(K)
k=0
N1
kE:d‘W(n-k)
WP(n) = ____ for0sn <N : (14
z W(k)

k=0 s s
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si gnal sanpl e bl ocks, anal ysi s-wi ndow nean for nodul ati ng each
signal sanple block with a weighting function, nmeas for generating
frequency-donmai n tranform coeffcients in response to anal ysi s-w ndow
wei gt ed time-donmain signal sanple blocks, said neans conprising neans for
.applying a discrete transform funei2ion to the anal ysi s-w ndow wei ght ed

time- donaln si gnal sanpl e bl ock, nonuni f or m subband quanti zer neas,
i ncl udi nJ*HBaptT PESPR-MIndoy HEPIS MU, f Or quanti zi ng each

frequency- donmmnﬁmt&m:fmm&fih%&tov&ﬁg ifté¥at, g1 OUPi Ng such quanti zed
transform coefyf ? tome subb nds, and formatti ng neans for
assenbl i ng the nonun| 6¥ 85” and grouped transform coeffcients

into a digital (éhFﬂanmﬂgWa(ummm|wabl e for transm ssion or storage.
WP(n) = derived product-window of length N, and
1 for0sk < Nw
[0 otherwise.
The analysis and synthesis windows shown in equatiops 15 and 16 are obtained by taking the derived
product-window WP(n) to the A and S powers respectively.
. WA() = WP(o)A for0sn<N (15)
WS(@n) = WP(n)S for0sa<N . @16)
where WP(n) = derived product-window (see equations 13 and 14),
WA(n) = analysis window,
WS(n) = synthesis window,
" N = length of the product-window, and
A+S=

s(k) =

In the current embodiment of the invention, the analysis and synthesis windows have a leagth of 512
samples with 2 100% window overiap, or an overlap interval of 256 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
E-TDAC transform. Substituting these values into equation 14, the resulting analysis window is seen 10
be

255
?EO W(n-k)
WA(n) = J{-—;—s——-—-—} for0sn<N )
= W(k)
k=0

where W(n) = Kaiser-Bessel function of length 257, 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 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 1b, and illustrated in Figures 16a-16g. Signals y(t) and y,(t), recovered
from the inverse DCT and DST respectively, are shown in Figures 162 and 16d. Each signal is grouped
into a series of blocks. Each signal block i3 modulated by the synthesis-window functions shown in
Figures 16b and 16e. The resulting blocks of signals #.(t) and ,(t) are shown in Figures 16c and 16f.
The two signals, overlapped by onc-half block lengtb, are added to produce signal y(t), shown in Figure
16g. Signal y(t) is an accurate reconstruction of the original input signal.

As shown in Figure 18, a signal sample at some time Dot within the overlap interval between block

Mol fev i . s
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2. An encoder according to claim1l wherein said nmeans for applying a
discrete transform function conprises neans for applying a function
substantially equivalent to the alternate application of a nodified

Di screte Cosine Transform function and a nodified D screte Sine Transform
function to the analysis- w ndow weighted tinme-domain signal sanple

bl ocks in accordance with the evenl y-stacked Ti me-Domain Aliasing

Cancel | ak amgirbiccie &frl dsLrepresented by a s@inplein cashad thenwa biods. dFoligwing arcdvatiapradd bixeé her

conpri si mm&&&.&t%&%g@aﬂ%@& afihe ?Qtsuhitmthgggﬁaﬁt;ﬂcaﬂng%&anpl e

bl ocks, wherein sald neans Ing a tunction su
equi val eWpdasd plagks kof & hathich 255 P BRIPGH20f a nodi fi ed Di screte Cosine
Transform f uneitps Whgn.g-xagi+ wed, Eysams e Sine (18)
where  WP(ngt) = WA(ngt)eWSy(mgt) = {WA(0gt)}?,
WA(ngt) = analysis window in block k at time ngt,
WSi(ngt) = synthesis window in block k at time ngt, and
WA (ngt) = WS(ngt) as required by the E-TDAC transform.
The product-window modulation effects are cancelled if the sum of the two adjacent product-
windows across the window overlap intervalt equals unity. Therefore, signal x(nt) may be accurately
recovered if .
WPi(nt) + WPy, qfnt) =1 for0sn<N (19)
for ail time samples nt within the overlap interval between block k and block k+1.
It is difficuit 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 sample aumber n. Equations 20
through 23 express this requirement for a product-window created from the product of a pair of 512
sample analysis and synthesis windows with 100% overlap. Equation 20 represeants the overlap of the first
haif of window WP, and the last half of the previous window WP ;. Equation 21 represents the overlap
of the last half of window WPy and the first half of the following window WPy,,. Equations 22 and 23
show the equivalent expressions in terms of the apalysis window.

WP, 1(n+256) + WP(n) = 1 for 0 sn < 256 ’ 0)
WPy(n) + WPy, (n-256) = 1 for 256 s n < 512 (21)
{WAL(0+256)}2 + (WA, (m)}2 =1 for 0 s n < 256 @)
{WA(m)}2 + {WAL,:(n256)}2 = 1 for 256 < n < 512 23)

where  WPy(n) = WAyn)sWS(m) = (WA(D))?,
WA (n) = analysis window value for sample n in block k,
WS, (n) = synthesis window value for sample n in block k, and
WAy (n) = WSy(n) as required by the E-TDAC transform.

K. Sigpal Output
Box 117 in Figure 1b represeats a conveational digital-to-analog converter which generates a varying
voltage analog signal in response to a digital input. The digital input is obtained from the 16 most
significant bits of the 24-bit integer words produced by the overlap-add process. The analog output
should be filtered by a low-pass filter with a passband bandwidth of 15 kHz (20 kHz for the 20 kHz
coder) to remove spurious high-frequency components. This filter is not shown in Figure 1b.

. ALTERNATIVE O-TDAC IMPLEMENTATION OF INVENTION
Another embodiment of the inveation employs an alternate transform referred to berein as Oddly-
Stacked Time-Domain Aliasing Cancellation (O-TDAC). The following description discusses the
differences in implementation between the E-TDAC and O-TDAC versions of the invention.
This is the reptacement sheet
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Transformfunction is inplenmented by a single Fast Fourier Transform
concurrently applied against stored pairs of adjacet tine-donain signal
sanmpl e bl ocks, the Fast Fourier Transform function processing each pair of
stored adjacent signal sanple blocks into a Discrete Cosine

Transform Di screte Sine Transform trapsform bl ock pair.
-41- .

A. Forward Transform

O-TDAC utilizes 2 transform function which is a modified Discrete Cosine Transform (DCT), shown
in cquation 24.

N-1 '
c® =z x(n)ooos[Zz(k-d-%)(E-EE)] for0sk <N 24

where k = frequency coefficient number,
n = input signal sample number,
N = sample block length,
m = phase term for O-TDAC (see equation 6),
x(n) = quantized value of input signal x(t) at sampie n,
C(k) = DCT coefiicient k.
The O-TDAC transform produces 2 set of spectral coefficients or transform blocks of the form
Ck) for0sk < N2
tewr = [0 fork = N2 @)
where i = signal sample block number, and
C(k) = DCT coefficient (see equation 24).

The computation algorithm used is the Fast Fourier Transform (FFT). Uniike the E-TDAC version,
the O-TDAC implementation does not use a single FFT 1o concurrently transform two signal sample
blocks. The compurational complexity of the transform is reduced, however, by employing a technique
similar to the premuitiply-transform-postmultiply process used in the E-TDAC version. The premultiply
step converts the real valued sequence of signal samples x(n) into a complex valued sequence by
modulating the signal samples by the complex function

exp(d ¥ ) @

where j = /-1,
o = input signal sample number, and
N = sample block length.

A Discrete Fourier Transform implemented by a FFT iransforms the modified signal samples into a
set of transform coefficients. Because the FFT is a complex transform, the real and imaginary parts of
the modified signal sample set can be transformed coocurrently. Finally, a postmultiply step obtains the
true DCT coefficients. This process is represented below in equations 27 and 28.

X'() = FFT{ x()eexp(d 7 7 } @
€0 = ROO-cos{2e(k-+R) (7] + QE)ssinf2e(k+#) ()] @
This ig the reptacement shoe!



4. [An encoder according to claim3, wherein said nonuniform subband
quantizer neans includes means for representing frequency-domain transform
coefficients in the block-floating-point formconprising a mantissa
assobciated with an exponent, a single exponent being shared by each pair of
correspondi ng subbands in the transfogé bl ock pair. 5. An encoder

according to claim1l further conprising neans for storing pairs of adjacent
ti me- dowgefen js-'r gnal sarrpl e bI ocks, wherein said nmeans for applying a

di screte transf 1HBJ(‘JI bJn,rrpl enented by a single Fast Fourier
Transform concurrentl Eﬁg aga| nst stored pairs of adjacent tine-
domai n si gnal Xanipmeleihlosk jeastht he Fast Fourier Transform function processing

ea_ch pair of sg erfduad) @s@Gaént ntgRal sanpl e bl ocks into a transform bl ock
parr. m = phase term for O-TDAC (see equation 6),

R(k) = real part of coefficient X°(k),

Q(k) = imaginary part of coefficient X'(k), and

C(k) = DCT coefficient k.

In a preferred embodiment for a one-channe! version of the invention, two consecutive overiapped
signal sample blocks are stored in buffers and transformed together using two FFT processes into a
DCT/DCT;, block pair. In two-channe! systems, signal sample blocks from each of the two chanaels are
transformed by twa FFT processes into a DCTy/DCT, block pair.

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

{Ci®)}g, {C2(K)}4, {CL)}, {C2K)}s, . . . . 29)
where Cl(k); = DCT; coefficient k of signai sample block i, and '

C2(k); = DCT; coefficient k of signal sample block i
Note that this sequence of transform blocks is formed by discarding, in effect, every other transform block
from each channe! in a two-channel system, or every othet transform block from each of both DCT used
in a single channel system.

'I'he O-TDAC transformation and alias cancellation process is very similar to that for the E-TDAC
transform, and is {llustrated in Figures 22a-22e, 23a-23d, and 24a-24g. The principal difference is the
form of the alias component. For the first half of the sampled signal block, the alias component is a time
reversed image of the input signal about the one-quarter point of the sample block, but the sign of its
amplitude is inverted from that of the input signal. For the second half of the sampled signal block, the
aliasing is time reversed about the three-quarter point of the sample block with po change in sign. See
Figures 23b and 23d.

The design and use of analysis and synthesis windows is identical to that for E-TDAC. Ses Figures
24a-24g.

B. Nonuniform Quantizer
The nonuniform quantizer for the O-TDAC version of the invention is identical to that used with
the E-TDAC transform vérsion with only a few minor differences due to the fact only DCT blocks are
present. In each block pair, both transform blocks include coefficient C(0), therefore, all subband
exponents are shared by the two blocks. Consequently, there can be no hidden bit and the "minimum®
bit length for coefficient C(0) is fixed at nine bits (as opposed 10 eight bits for E-TDAC). See Table III.
Dynamic bit allocation is virtually the same as that for E-TDAC. Coefficient C(0) is excluded from

the allocation process for both blocks in each pair, and because of the increased length of each transform

block pair, discussed below, the allocation limit is only 130 bits. e I8 the replaoemant sh: 3@{
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6. Ah encoder according to claim1l wherein said nonuniform subband

quanti zer nmeans generates a variable bit-length code word for each
transform coefficient, which code-word bit length is the sum of a fixed
nunber of bits and a vari abl e nunber of,.bits generated by said adaptive bit

al l ocati on neans, said adaptive bit allocation nmeans assigning no
adaptive bits to at |east the | owest frequency coefficients produced by

et 116 onts i s Tixed and t no Sl ind pbeGmtine 090 100 PN e ot
the signal sEpleacotsdRT blegkdndndes A8 eastiiiens mantisses compnisingx §38 biss (seq Tables haddi on
cont ai ns | mIy\addr 186 k@Gl SRR&E Bils, BOIRRNBNER INIERE PRY iwdlndsier Lpdddfis GRMIAT ed
W th the L3R3 expontidl B 178 Bis3Eied 1553 D biocks brings the DCTYDET; block pair lengeh to

1486 bits, the same as that for the E-TDAC implementation.

The structure of the formatted frame without error correction codes is very similar to that used in
the E-TDAC version of the invention, and is sbown in Figure 25. The frame structure with error
correction codes Is identical to that for E-TDAC, and is shown in- Figure 21

The deformatting process is identical to that described above except no checks are made for any
hidden bits.

D. Inverse Transform
Half of the DCT blocks are omitted from transmission or storage, and are recreated from the
available DCT blocks using the relationship shown in equation 30. The inverse DCT is shown in

equation 31.
&) = LK) for N2 sk < N (30)
() = -lﬁzcckreostz:(kmx%?n for0sn <N 6y

where k = transform coefficient number,
' n = signal sample number,
K = number of transform coefficients,
N = sample block length, |
m = phase term for E-TDAC (sec equation 6),
C(k) = quantized DCT coefficient k, and
#(n) = recovered quantized signal x(n).

The O-TDAC implementation of the inverse transform reduces computational complexity by
cmpiloying a similar premultiply-transform-post multiply process as that used in the forward transform.
This process converts the real-valued DCT coefficients into a set of modified complex valued coefficients,
concurrently transforms the real and imaginary parts of the modified coefficients using a single inverse
FFT (IFFT), and obtains the time-domain signal from postmultiplication, as shown in the following

equations.
x'(n) = IFFT{ C(k)oap(-ﬂzk%) } forO0sn <N 32
K(0) = K(n)ecos{x(—g] - )esinfs(— )] for0sn < N 33)

where | = /-1, '
This is the replacement shest
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7. An encoder according to caim1 further conprising means for storing
pairs of adjacent tine- domai n signal sanple bl ocks, said nonuniform
subband quanti zer neans quanti zi ng frequecy-domain transform coefficients
in said adjacent signal sanple blocks into transform bl ock pairs, wherein
sai d nonuni f or m subband quanti zer neangz.i ncl udes neans for representing
frequency-domain transform coefficients in the bl ock-floating-point form
conpri sing a naft FoEsclemuer QEMGYsthequatioarsponent, a single  exponent
bei ng shared by NeachmpiabbcOkagagr r espondi ng subbands in the transform bl ock
pair. - .according to claim1 wherein said nonuniform
subband quanti zgr %‘ﬁ{g&%{q&%&agm"neans for representing frequency-donain
t ransf or m coef f B¢T dputsignal sampie Inhmisk,- f | oat i ng- poi nt form conpri si ng a
manti ssa associ anpe Mﬂd&n%@ﬁﬁfﬁ%@"t, said nmeans normalizing at |east sone
mant i ssas by setq&b ng, Lhe S
= Imaginary part of sample x°(n), and
X(n) = recovered quantized signal x(n).

Subsequent windowing, overlap-adding, and signal output processing is identical to that described
above for the E-TDAC implementation of the invention.

This is the reclacemern? shest



-42- nost significant data bit of positive nonzero mantissa to zero and by
setting the nost significant data bit of negative-valued nmantissas to
zero,-whereby the sign bit and the nost significant bit in a normalized
manti ssa are of opposite value, said neans deleting the redundant sign bit
for subbands represented by a single frgguency-domain transform
coefficient and a uni que exponent.

Tab
Master Subband i
Coefficient Minim:
Exp EXp El‘p Ln Numbers Bit Ezl
MEXP0 ~ EXP0O 4 bits* o 8 bits*
E}E)g; 1 5 bits+
2
EXP3 3
EXP4 4
EXPs 5
EXPs 6
EXP7 7
EXPS8 g
EXP9 9
EXP10 10
EXP11 11
EXP12 12
15.16
EXP1S 17.18
EXP16 19-20
EXP17 2122
EXP18 2324
MEXP1 EXPi19 2527
EXP20 28-30
EXP21 3133
EXP22 34.37
EXP23 3841
EXP24 4246
EXP25 47.53 3 bits
EXP26 5460
EXP27 6167
EXP28 68-77
EXP29 78-87
EXP30 88-97
EXP3% 98-107
EXP3 108-122 2 bits
EXP33 123.137
EXP34 138-152
EXP35 153-167
EXP36 ) 168-182

s

" The DST always produces a ze
ro value for coefficient S(0). is iori
therefore the exponent and mantissa for S(0) need not bc(u;mgiltl:cds :::tv;nmda. priort by the decoder,

+ The bit length for DST coeffici i
t .
h i the e ent S(1) is 9 bits. The length for DCT coefficient C(1) is 5 bits as

Table I
Frequency Coefficients for 15 kHz E-TDAC Coder
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9. An encoder according to claim1, further conprising second neas for
sanpling and quantizing said w deband anal og audi o i nformation into

ti me-domai n  signal sanple bl ocks, second anal ysi s-w ndow neans for
nmodul ati ng each signal sanple block with a wei ghting function, second
means for generating frequency-domain_dgtansform coefficients in response to
anal ysi s-wi ndow weighted tine-domain signal sanple blocks, said neans
conpri si ng neandabwr appl yi n@Gubbatd scret e tr godfidzam f unéini@eod 0 t he

anal ysi s-w ndow &P ght ed Biprre- do®sp hasi gnal MNwabetse bl ocksBitdad second
nonuni f or m subbanmd—ueanttzer—meansT—+rectudrrg—adapt+ve—bt+t—atd ocat i on
nmeans, for quanti zin each frequecy-domai n_transformcoefficient and for
groupi ng such quant? 0136 Arerhy 1me s for it 19 e opesr-o See Tailsdands.
MEXP1

EXP37 4 bits 183-199 2 bits

EXP38 200-216

EXP39 217233

Table II

Frequency Coefficients for 20 kHz E-TDAC Coder

Master Subband Coefficient Minimum
Exp Exp Exp In Numbers Bit La
MEXP0 EXPO 4 bits 0 g bits

Subbands 1-36 same as for E-TDAC (Table I).
Subbands 37-39 same as for E-TDAC (Table II).

Table I
Frequency Coefficients for the O-TDAC Coder

This is the replacement shest
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10. An encoder according to claim9 wherein said means for applying a

di screte transform function I n said second neans for generating
frequency-donmai n subband conmponents has a function substantially

equivalent to the alternate application of a nodified D screte Cosine
Transform function and a nodified Di screte Sine Transform function to the

anal ysi s-w ndow wei ghted ti nme-donmain é\o'gnal sanpl e bl ocks in accor dance
with the evenl y-stacked Ti ne-Domain .95l Nng Cancel | ati on techni que.

11. An encoder according to claim10 erein said nmeans for applying a
di screte transform function Is inplemented by a single Fast Fourier
Transform concurrently applied agains two substantially si nul t aneous

ti me- donai ri. Aigumelier e Mghjuaiinkdigiarmaedinl HOWdBIIAEAK D nfeeionDomBaiid
first and Sec% for sampling and quantizing said wideband apalog audio Information into time-domain
signal sample blocks,
analysis-window means for modulating each signal sample block with a weighting function,
means for generating frequency-domain transform coefficients in response to analysis-window
welghted time-domain signal sample blocks, said means comprising means for applying a discrete
transform function to the analysis-window weighted time-domain signal sample blocks, '
nonuniform subband quantizer means, including adaptive bit allocation means, for quantizing each
frequency-domain transform coefficient and for grouping such quantized transform coefficients into
subbands, and
ﬁormattiné means for asscmbhng the nonuniformly quantized and grouped transform coefficients
into a digital output having a format suitable for transmission or storage.

2. An encoder according to claim 1 wherein said means for applying a discrete transform function
comprises means for-applying a function substantially equivaleat to the alternate application of a modified
Discrete Cosine Transform function and a modified Discrete Sine Transform function to the analysis-

window weighted time-domain signal sample blocks in accordance with the eveanly-stacked Time-Domain
Aliasing Cancellation technique.

3. An encoder according to claim 2 further comprising means for storing pairs of adjacent time-
domain signal sampie blocks, wherein said means for applying 2 function substantially equivalent to the
alternate application of a modificd Discrete Cosine Transform function and & modified Discrete Sine
Transform function is implemented by a single Fast Fourier Transform concurrently applicd against stored
pairs of adjacent time-domain signal sample blocks, the Fast Fourier Transform function processing each

pair of stored hdjaccnt signal sample blocks into a Discrete Cosine Transform/Discrete Sine Transform
transform-block pair.
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sanpling and quanti zi ng neans, and first and second anal ysi s-w ndow neans,
respectively, the transform function processing the signal sanple bl ocks
into a Discrete Cosine Transform Discrete Sine Transform transform bl ock
pairs, the consecutive quantized bl ocks fromeach of said first and second
sanpling and quanti zing, and first -@nd second anal ysi s-w ndow neans,
alternating between the Discrete Cosine Transform and Di screte Sine
Tr ansf or m4. An encoder according to ¢laim 3, wherein said nonuniform subband quantizer means includes] 3-
meapns for representing frequency-domain transform coefficients in the block-floating-point form comprising
a mantissa associated with an exponent, a single exponent being shared by each pair of corresponding

subbands in the transform-block pair.

5. Aun encoder according to claim 1 further comprising means for storing pairs of adjacent time-
domain signal sampie blocks, wherein said means for applying a discrete transform function is
implemented by a single Fast Fourier 'l‘ra_nsﬂonn concurreatly applied against stored pairs of adjacent time-
domain signal sample blocks, the Fast Fourier Transform function processing each pair of stored adjacent
signal sample blocks into a transform-block pair.

6. An encoder according to claim 1 wherein said nonuniform subband quantizer means generates
a variable bit-length code word for each transform coefficient, which code-word bit length is the sum of
a fixed number of bits and a variable number of bits generated by said adaptive bit allocation meauos, said
adaptive bit allocation means assigning no adaptive bits to at least the lowest frequency coefficieats
produced by said discrete transform function, whereby the bit length for such coefficients is fixed and
there is a reduction of quantization noise at the signal sample block rate produced when the input audio

information contains low-frequency spectral components whose period is large compared with the signal
sample block length.

7. An cncoder according to ciaim 1 further comprising means for storing pairs of adjacent time-
domain signal sampie blocks, said nonuniform subband quantizer means quantizing frequency<iomain
transform coefficients in said adjacent signal sample blocks into transform-block pairs, wherein said
oonuniform subband quantizer means includes means for representing frequency-domain transform

. coefficients in the block-floating-point form comprising 8 mantissa associated with an exponent, a single

expooent being shared by each pair of corresponding subbands in the transform-block pair.

8. An cacoder according to clzim 1 wherein said nonuaiform subband quantizer means includes
means for representing frequency-domain transform coefficients in the block-ﬂoatihg-poim form comprising

2 mantissa associated with an exponent, said means normalizing at least some mantissas by setiing the

L]

This is the replacement siveet

-9 w97

Data:



12.« An encoder according to claim 11 wherein said first and second
nonuni f or m subband quanti zer neans each include neans for representing
frequency-domai n transform coefficients in the block-floating- point form
conprising a mantissa associated with an exponent, a single exponent being
shared by correspondi ng subbands in #ke transform bl ock pair. 13.
An encoder according to claim1 wherein said neans for applying a discrete
t r ansf or PRst HEREIF30G R bippfpcFidve comsmmantissis o R 9adihy seting b sk siznifigtns datm bt al | v

equi val ent to a i fied Discrefe Cosine Transform fuynction in accordance
weh ¢ netsaafy iR mnils ST bhitn AR S5 ngoe i nrt SEiBRR D n p mogees
mantissa are of opposite value, said means deleting the redundant sign bit for subbands represented by

a single frequency-domain transform coefficient and a unique exponent.

9. An encoder according to claim 1, further comprising

second means for sampling and quantizing said wideband analog audio information into time-domain
signal sample blocks,

second analysis-window means for modulating each signal sampie block with a weighting function,

second means for gencrating frequency-domain transform coefficients in response to analysis-window
weighted time-domain signal sample blocks, said means comprising means for applying a discrete transform
function to the analysis-window weighted time-domain signal sample blocks, and

second nonugiform subband quantizer means, including adaptive bit allocation means, for quantizing

each frequency-domain transform coefficient and for grouping such quantized transform coefficients into
subbands.

10. An encoder according to claim 9 wherein said means for applying a discrete transform function
in said second means for generating frequency-domain subband componeats has a function subsmiﬁaﬂy
equivalent to the alternate application of a modified Discrete Cosine Transform function and a modified
Discrete Sine Transform function to the anpalysis-window weighted time-domain signal sample blocks in

accordance with the evenly-stacked Time-Domain Aliasing Canceliation technique.

11. An encoder according to claim 10 wherein said means for applying a discrete transform function
is implemented by a single Fast Fourier Transform concurrently applied against two substantially
simuitaneous time-domain signal sample blocks, one block processed by each of said first and second
sampling and quantizing means, and first and second analysis-window means, respectively, the transform
function processing the signal sample blocks into a Discrete Cosine Transform/Discrete Sine Traasform
transform-block pairs, the consecutive quantized blocks from each of said first and second sampling and

quantizing, and first and second analysis-window means, alternating between the Discrete Cosine

Transfo i i
rm and Discrete Sine Transform. “ L This is the replacemant sheet
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14.. An encoder according to claim 13 wherein the conputational

of the transformis reduced by nultiplying the real

si gnal sanpl

es in the anal ysi s-w ndow wei ghted tinme-

conpl exity
val ued sequence of

dormai n si gnal

sanpl e
bl ocks by a conplex function to obtain a nodified signal

sanpl e set and by

i npl ementing said nmeans for applying asfunction substantially equialent to

a nodified D screte Cosine
Transform concurrently applied to the real

nodi fi ed si
reproducti @
t he encoder

sai d di gPFs cghiophte

nal sanpl e set.

Transform function with a Fast Fourier
and i nmaginary parts
15. A decoder for the high-quality

of the

én eamgqrtamd;nseme!wéd wiiFrgialsain Grshardiseond RasEpionn sybbandeqyewizred by
rreans I’ eCCI Vi ng

of claim1l co def or nat

tin

B WFFWE*§&W&”ﬁﬂﬁﬁﬁPFﬂPWF?“EgﬁﬁP

-floating-

point form comprising a mantissa associated with an exponent, a single exponent being shared by

corresponding subbands in the transform-block pair.

13. An encoder according to claim 1 wherein said means for applying a discrete transform function

comprises means for applying a function substaatially equivalent to a modified Discrete Cosine Transform

function in accordance with the oddly-stacked Time-Domain Aliasing Canceliation technique.

14. An cncoder according to claim 13 wherein the computational complexity of the transform is

reduced by multiplying the real valued sequence of signal samples in the analysis-window weighted time-

domain signal sample blocks by a complex function to obtain a modified signal sample set and by

implementing said means for applying a function substantially equivalent to a modified Discrete Cosine

Transform function with a Fast Fourier Transform concurrently applied to the real and imaginary parts

of the modified signal sample set.

15. A decoder for the high-quality reproduction of digitally encoded wideband audio information

encoded by the encoder of claim 1 comprising

deformatting means receiving said digital output for deriving s2id nonuniformly quantized

transform coefficients therefrom,

fincarization means for reconstructing decoded frequency-domain transform coefficients from the

deformatted nonuniformly quantized transform coefficients,

transform coefficients, said means comprising means for applying an inverse discrete transform

means for generating time-domain signal sample blocks in response to frequency-domain

function to the frequency-domain transform coefficients,

synthesis window means for modulating the time-domain signal sample biocks to reduce the

cffects of quantizing errors at the block boundarics created during the encode/decode process, said

synthesis window means having characteristics such that the product of the synthesis window means
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transform coefficients therefrom | i nearization neans for
reconstructing decoded frequency-domain transformcoefficents fromthe
deformatted nonunifornmly quantized transform coefficients,

for generating tine-domain signal sanple blocks in response to
frequency-domai n transform coeffgj.ci ents, said neans conprising nmeans
for applying an inverse discrete transform function to the

f requency- deqniss ahd &8 Mspinss GIREHE hnabsie RinBow means is unity when 3w idjaechit Sanwild Wiggs Means
for nodul ating the tinme-domain signal sanple blocks to reduce the

effects of qaaw:hm*ﬁgm%wwuks at the bl ock boundaries created during the
encode/ decode process, synt hesi s wi ndow neans havi ng

characteri sti éMBW%%%W&HWW thwcighting eficst of Uie Analyeis. %&YP&““S

window means to recover a digitized representation of the time-domain signal, and

nmeans

time-domain signal output means for converting the digital time-domain signal to analog form.

16. A decoder according to claim 15 wherein said means for applying an inverse discrete transform
function alternately applies a function substantially equivalent to the alternate apptication of a2 modified
inverse Discrete Cosine Transform function and a modified inverse Discrete Sine Transform function 10

the frequency-domain transform cocfficients in accordance with the evenly-stacked Time-Domain Aliasing
Cancellation technique.

17. A decoder according to claim 16 further comprising means for storing a Discrete Cosine
Transform/Discrete Sine Transform transform-biock pair, wherein said means for applying an inverse
discrete transform function substantially equivalent to the alternate application of a modified inverse
Discrete Cosine Transform function and a modified inverse Discrete Sine Transform function is
implemented by a single inverse Fast Fourier Transform applied against stored transform-block pairs,

the Fast Fourier Transform function processing each pair of stored transform-block pairs into pairs of
adjacent time-domain signal sample blocks.

18. A decoder according to claim 1S further comprising means for storing a Discrete Cosine
Transform/Discrete Sine Transform transform-block pair, wherein said means for applying aa inverse
discrete transform function is implemented by a single inverse Fast Fourier Transform applied against
stored transform-block pairs, the Fast Fourler Transform function processing each pair of stored

transform-block pairs into pairs of adjacent time-domain signal sampile blocks.

19. A decoder according to cizim 15 wherein said means for applying an inverse discrete transform
function altk:matcly applies a function substantially equivalent to a function substantially equivalent to a

modificd inverse Discrete Cosine Traasform fuanction in accordance with the oddly-stacked Time-Domain

Aliasing Canceflation technique. N
M,
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-44- response and the response of said analysis w ndow-nmeans is unity

when two adj acent sanpl e bl ocks are overl apped and added,
signal bl ock overl ap-add neans for cancelling the weighting effects of the
analysis and synthesis wi ndow nmeans to recover a digitized

representation of the tinme-domain sigagl, and ti me-donmai n si gnal
out put neans for converting the digital tinme-domain signal to analog form

20. A decoder for the high-quality reproduction of digitally encoded wideband analog audio
information, wherein the information was digitally encoded by an encoder that samples and quantizes said
information into time-domain signal sample blocks, modulates each signal sample block in an analysis
window with a weighting function, gencrates frequency-domain transform coefficients in response to
analysis window weighted time-domain signal sample blocks, nonuniformly quantizes cach transform
coefficient, and assembles the nonuniformly quantized transform coefficients into a digital cutput having

a format suitable for transmission or storage, comprising

deformatting means receiving said digital output for deriving said quantized transform coefficients
therefrom,

linearization means for recoustrucung decoded frequency-domain transform coefficients from the
deformatted nonuniformly quantized transform coefficients,

means for generating time-domain signal sampie blocks in response to frequency-domain
transform coefficients, said means comprising means for applying an inverse discrete transform
function to the frequency-domain transform coefficients,

synthesis window means for modulating the time-domain signal sample blocks to reduce the
effects of quantizing errors at the block boundaries. created during the encode/decods process, said
synthesis window means having characteristics such that the product of its response and the response
of said analysis window is unity when two adjacent sample blocks are overlapped and added,

signal block overlap-add means for cancelling the weighting effects of the analysis window and
the synthesis window means to recover a digitized representation of the time-domain signal, and

time~domain signal output means for converting the digital time-domain signal to analog form.

21. A decoder according to claim 20 wherein said means for applying an inverse discrete transform
function alternately applies a function substantially equivalent to the alternate application of 2 modified
inverse Discrete Cosine Transform function and a. modified inverse Discrete Sine Transform function to

the frequency-domain transform coefficients in accordance with the evenly-stacked Time-Domain Aliasing

Cancellation technique.
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16: A decoder according to claim 15 wherein said neans for applying an

I nverse discrete transform function alternately applies a function
substantially equivalent to the alternate application of a nodified

i nverse Discrete Cosine Transformfunction and a nodified inverse D screte

Sine Transformfunction to the frequsncy-domain transformcoeffcients in
accordance with the evenly-stacked Ti me-Domain Aliasing Cancellation

t echni que.22. A decoderladcordingdmcaaiie 121 fonter domyrishg nehmi for 3Oridgus DiseretecCasipei Si ng
means for storing a Discrete Cosine Transform Discrete Sine Transform
t r ansf olressira@scesis $ine Fmesfosm trassorm-tiack painfydercippgidymesgs R appidagranciovegiescr et e
transform functjon _substaptiaglly Ql%ui valent to the alternate application of
a nodi f F‘ﬁ’c’f"‘i ARpsioan function substantially equivalent to the aliernate application of 2 mo inverse
Discrete Cosine Transform function and a modified inverse Discrete Sine Transform function is
implemented by a single inverse Fast Fourier Transform applied against stored transform-block pairs,
the Fast Fourier Transform function processing each pair of stored transform-block pairs into pairs of

adjacent time-domain signal sample blocks.

23. A decoder according to claim 20 further comprising means for storing a Discrete Cosine
Transform/Discrete Sine Transform transform-block pair, wherein said means for appiying an inverse
discrete transform function is implemented by a single inverse Fast Fourier Transform applied against
stored transform-block pairs, the Fast Fourier Transform function processing each pair of stored

transform-block pairs into pairs of adjacent time-domain signal sample blocks.

24. A decoder according to claim 20 wherein said means for applying an inverse discrete transform
function alternately applies a function substantially equivalent to a function substantially equivalent to a

modified inverse Discrete Cosine Transform function in accordance with the oddly-stacked Time-Domain
Aliasing Cancellation technique.

25. A digital encoder/decoder system for the high-quality reproduction of wideband analog audio
information, comprising an encoder and a decoder, said encoder comprising
means for sampling and quantizing said wideband analog audio information into time-domain
signal sﬁmplc b@n,
analysis-window means for modulating each signal sample block with a weighting function,
means for generating frequency-domain transform cocfficients in response to analysis-window
weighted time-domain signal sample blocks, said means comprising means for applying a discrete
transform function to the analysis-window weighted time-domain signal sample blocks,
ponuniform subband quantizer means, including adaptive bit allocation means, for quantizing cach

frequency-domain transform coefficient and for grouping such quantized transform coefficients into
subbands, and
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Di screte Cosine Transform function and a nodified inverse Discrete Sine
Transformfunction is inplenented by a single inverse Fast Fourier
Transform appl i ed agai nst stored transformblock pairs, the Fast Fourier
Transform functi on processing each pair of stored transformblock pairs
into pairs of adjacent tine-domain s#fnal sanpl e bl ocks. 18. A

decoder according to claim15 further conprising neans for storing a
Di screte msi@@awm%mﬂs&%s@wﬁs&g TEnYEd apd groned Fresform othaj r,

wherein said ns for .applying an jnverse ., discrete transformfunction is
i npl enent e&‘%ﬁ@?ﬁﬁ?‘é’aﬁgﬁ%h’@‘ ’;—lﬁélf f‘ﬁo‘m“f@?‘mﬁ"éﬁ?faé?'ﬁf"gppl i ed agai nst
stored téﬁ%&%%&+'ﬁﬁ§f pairs, the Fast Fourier Transform function

processing each palr of stored transformblock pairs into pairs of
adj acent ti Meqchpsmiity nidash Hedeivit @4ARY ikl lo@plsStor deriving said quantized transform coefficients

therefrom,

linearization means for reconstructing decoded frequency-domain transform coefficients from the
deformatted nonuniformly quantized transform coefficients,

means for generating time-domain signal sample b'bcks in response to frequency-domain
transform coefficients, said means comprising means for applying an ioverse discrete transform
function to the frequency-domain transform coefficients,

synthesis window means for moduiating the time-domain signal sample blocks to reduce the
effects of quantizing errors at the block boundaries created during the encode/decode process, said
synthesis window means having characteristics such that the product of its response and the response
of said anailysis window is unity when two adjacent sampie blocks are overlapped and added,

signal block overlap-add means for cancelling the weighting effects of the analysis window and
the synthesis window means to recover a digitized representation of the time-domain signal, and

time-domain signal output means for converting the digital time-domain signal to analog form.

26. A method for the high-quality digitai encoding of wideband analog audio information, comprising
sampling and quantizing said wideband analog audio information into time-domain signal sample
biocks,
modulating each signal sample block with a weighting function ih an analysis wintiow,
generating frequency-domain transform coefficients in response to analysis window weighted time-
domain signal sampie biocks by applying a discrete transform function to the analysis-window weighted
signal sample biocks,
nonuniformly quantizing each transform coefficient and grouping such transform coefficients into
subbands, said quan_tizing including adaptively allocating bits, and

assembling the nonuniformly quantized transform coefficients into a digital output having 2

format suitable for transmission or storage.
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19., A decoder according to claim 15 wherein said neans for applying an

I nverse discrete transform function alternately applies a function
substantially equivalent to a function substantially equivalent to a
nodirfied inverse Discrete Cosine Transform function in accordance with the

oddl y- st acked Ti me- Donai n Al 'l asi ng 4gancel | ati on techni que.
-45-

27. A method for the high-quality digital encoding of wideband analog audio information according
to claim 26 wherein the application of a discrete transform function comprises the application of a
function substantially equivalent to the alternate appiication of a modified Discrete Cosine Transform
function and a2 modified Discrete Sine Transform function to the analysis-window weighted time-domain

signal sample blocks in accordance with the evenly-stacked Time-Domain Aliasing Cancellation technique.

28. A method for the high-quality digital encoding of wideband analog audio information according
to claim 27 further comprising storing pairs of adjacent time-domain signal sample blocks, wherein the
application of a function substantially equivalent to the aiternate application of a modified Discrete
Cosine Transform function and 2 modified Discrete Sine Transform function is implemented by a singie
Fast Fourier Transform concurrently applied against stored pairs of adjacent time-domain signal sample
biocks, the Fast Fourier Transform function processing each pair of stored adjacent signal sample blocks

into a Discrete Cosine Transform/Discrete Sine Transform transform-block pair.

29. A method for the high-quality digital encoding of wideband analog audio information according
to claim 28 wherein the transform coefficients are represented in the block-floating-point form comprising

a mantissa associated with an exponent, a single exponent being shared by each pair of corresponding
subbands in the transform-block pair.

30. A method for the high-quality digital encoding of wideband analog audio information according
to claim 26 further comprising storing pairs of adjacent time-domain signal sample blocks, wherein the
application of a discrete transform f\_mction is implemented by a single Fast Fourier Transform
concurrently applied against stored pairs of adjacent time-domain signal sample blocks, the Fast Fourier
Transform function processing each pair of stored adjacent signal sample blocks into a Discrete Cosine

Transform/Discrete Sine Transform transform-block pair.

31. A method for the high-quality digital encoding of wideband analog audio information according
to claim 26 wherein the quantizing gencrates a variable bit-length code word for each transform
cocfficient, which code-word bit length s the sum of a fixed number of bits and a variable number of

adaptively allocated bits, wherein no adaptive bits arc assigned to at least the lowest frequency coefficients
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20.- A decoder for the high-quality reproduction of digitally encoded

w deband anal og audio information, wherein the information was digitally
encoded by an encoder that sanples and quantizes said information into

ti me-domai n signal sanple bl ocks, nodul ates each signal sanple block in an
analysis w ndow with a weighting fuggtion, generates frequency-domain
transformcoefficients in response to analysis w ndow weighted tinme-donmain
Si gnal peainizd doy Isdid dikesote mraus o ffadctidny wherebyt the bis length ddr suctacrefficiens is dined§ dndci ent
and assenbl es the nonuniformy quantized transformcoefficients into a

di gi t althese s gaeduptiopofguantization geise atthe igne) semple ploly raks pradyesd wierpihe input audio,
conprising . deformatting neans receiving said digital output for

deri vi rf@f"g‘&f‘ﬂ‘ PGS IrBPApTagh PSR FORBRAChSS Mhetgtperiod is large Compagrd ik, the sigoal

sample block length.

32. A method for the high-quality digital encoding of wideband analog audio information according
to claim 26 further comprising storing pairs of adjacent time-domain signal sample blocks, wherein the
quantizer quantizes frequency-domain transform coefficients in said adjacent signal sample blocks into
transform-block pairs and said quantizer represents Erequency-domaiq transform coefficients in the block-
floating-point form comprising a mantissa associated with an exponent, a single exponent being shared

by each pair of corresponding subbands in the transform-block pair.

33. A method for the high-quality digital encoding of wideband analog audio information according
to claim 26 wherein said quantizing represents frequency-domain transform coefficients in the block-
floating-point form comprising a mantissa associated with an exponent, the quantizing normatizing at least
some mantissas by setting the most significant data bit of positive nonzero mantissas to zero and by
setting the most significant data bit of negative-valued mantissas t0 zero, whereby the sign bit and the
most significant bit in a normalized mantissa are of opposite value, sald quantizing deleting the redundant

sign bit for subbands represented by a single frequency<domain transform coefficient and a unique
exponent. .

34. A method for the high-quality digital encoding of wideband analog audio information according
10 claim 26 wherein the application of a discrete transform function comprises the application of a
function substantially equivalent to a modified Discrete Cosine Transform function in accordance with the

oddiy-stacked Time-Domain Aliasing Cancellation technique.

35. A method for the high-quality digital encoding of wideband analog audio information according
to claim 34 wherein the computational complexity of the transform is reduced by multiplying the real
valued sequence of signal samples in the analysis-window weighted time-domain signal sample blocks by

a compiex function 10 obtzin a moedified signal sample set and by implementing the application of a
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| i neari zati on nmeans for reconstructing decoded frequency-domain transform

coefficients fromthe deformatted nonuniformy quantized transform
coefficients, means for generating time-donmain signal sanple
bl o¢ks in response to frequency-donain transformcoefficients, said

means conprising neans for applying a¥-inverse discrete transform

f ti to t f acy-d in t f . fficients, | )
Syt hos MEE BRI HEAREP: e RESTR ot e rn AR e BSRIEER) ocks

to redu f..Z0 ) : ndari es
created urt?ﬁ‘gmt ﬁe gﬁ%@%é‘é%d@%@oﬁé@?’ @gllg gfém %tomh%isr“#%em%‘p%gndow means
havi ng characteristics such that the product of its response and the

response . of said analysis window is unity when two adjacent sanple

bl ocks ar e36vae ckaipg sicaatifon d@daiph-quality reproductiéi fwadebdnd Qtdio Gifnhiia-cadidedT®ANS
for cancelling the weighting effects of the analysis w ndow and
by the encoding method of claims 26, comprising

deriving said quantized transform cocfficients from said digital output,

reconstructing decoded frequency-domain transform coefficients from the deformatied
nonuniformly quantized transform coefficients,

generating time-domain signal blocks in response to frequency<lomain transform coefficients by
a process baving characteristics inverse to those of the process generating frequency-domain transform
coefficients in response to analysis window weighted time-domain signal sample biocks in the encoder,

moduiating the time-domain signal sample blocks to reduce the effects  of quantizing errors
created at the block boundaries during the encode/decode process in a synthesis window, said synthesis
window having characteristics such that the product of its response and the response of said analysis
window is unity when two adjacent sample blocks are overlapped and added,

cancelling the weighting effects of the anaiysis and synthesis windows by overlapping and adding
the signal blocks to recover a digitized representation of the time-domain signal, and

converting the digital time-domain signal to analog form.

37. A decoding method for the high-quality reproduction of digitally encoded wideband analog audio
information, wherein the signals were digitally encoded by an encoder that samples and quantizes said
analog signals into time-domain signal_sample blocks, modulates each signal sample block in an analysis
window with a weighting function, generates frequency-domain transform coefficients in response to
analysis window weighted time-<domain signal sample blocks in a digital filter bank, nonuniformly quantizes
each transform cocfficient, and formats the nonuniformly quantized transform coefficients into a digital
output having a format suitable for transmission or storage, comprising

deriving said quantized transform coefficients from said digital output,
reconstructing decoded frequency<lomain transform coefficients from the deformatted

popuniformly quantized transform coefficients,
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the synthesi s w ndow neans to recover a digitized representation of the

ti me-domai n signal and ti me-domai n signal output neans for
convening the digital tinme-domain signal to analog form 21. A

decoder according to claim?20 wherein said nmeans for applying an inverse
di screte transform function alterasiely applies a function substantially
equi valent to the alternate application of a nodified I nverse Discrete
Cosi ne Tr ans SFming firsdopninzigasl hlosks d fesponscite frequsesy-pmale Ernsfomn peetliFica® 87 or m

:‘Mutnﬁt |t ?\2 to 5 he f reauen\%m%%ﬁn%%kﬁgggﬁgggg% ; | ent s.in aCCO{ dance
cocfiicients in response to analysis window weighted time-domain sample blocks in the encoder,
modulating the time-domain signal blocks to reduce the effects of quantizing errors at the block
boundaries created during the encode/decode process in a synthesis window, said synthesis window
having characteristics such that the product of its response and the response of said analysis window
is unity when two adjacent sample blocks are overlapped and added,
cancelling the weighting effects of the analysis and synthesis windows by overlapping and adding
the signal blocks to recover a digitized representation of the time-domain signal, and

converting the digital time-domain signal to analog form.

38. A method for the high-quality digital encoding and decoding of wideband analog audio
information, comprising encoding said analog signals by
sampling and quantizing said wideband analog audio information into time-domain signal sample
blocks,
modulating each signal sample block with a weighting function in an analysis window,
generating frequency-domain transform coefficients in response to analysis window weighted time-
domain signal sample blocks by applying a discrete transform function to the analigis-window weighted
signal sample blocks,
nonuniformly quantizing each transform coefficient and grouping such transform coefficients into
subbands, said quantizing including adaptively allocating bits, and
assembling the nonuniformly quantized transform coefficients into a digital output having a
format suitable for transmission or storage, and
decoding said digital output by
deriving said quantized transform coefficients from said digital output,
reconstructing  decoded  frequency<domain transform  coefficients from the &b@nm
nonuniformly quantized transform coefficients,
generating time-domain signal blocks in response to frequency-domain transform coefficients by
a process having characteristics inverse to those of the process generating frequency-domain transform

coefficients in response (o analysis window weighted time-domain sample blocks in the encoder,
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-46-- 22. A decoder according to claim21 further conprising neans for
storing a Discrete Cosine Transfornmi Discrete Sine Transformtransforml ock
pair, wherein said neans for applying an inverse discrete transform
function substantially equivalent to the alternate application of a

nodi fied inverse Discrete Cosine Tra#8formfunction and a nodified inverse
Discrete Sine Transformfunction is inplenented by a single inverse Fast

Fourier TransPsiitagspe treydomgin sigaal bioris e erdtce Siesflents A BRARERNg fATORAt the ek Fast
Fourier Tr sformfunc i On .pro ing each,pair ot stored,trapsfor.m bl ock
pairs into %‘]ﬁ‘ ﬁ{é ?‘ﬁﬂé %Eﬂ 1“8 %wb %‘gﬁ"‘w‘“

having characteristics such that the product of its response and the response of said analysis window

is unity when two adjacent sample blocks are overlapped and added,
cancelling the weighting effects of the analysis and synthesis windows by overlapping and adding
the signal blocks to recover a digitized representation of the time-domain signal, and

converting the digital time-domain signal to analog form.
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23. . A decoder according to claim20 further conprising neans for storing a
Discrete Cosine Transform Discrete Sine Transformtransform bl ock pair,
wherein said neans for applying an inverse discrete transformfunction is
i npFenented by a single inverse Fast Fourier Transform applied against
stored transformbl ock pairs, the Fast_Fourier Transform function

processi ng each pair of stored t r ans?dF m bl ock pairs into pairs of

adj acent ti me- dorrai n signal sanple bl ocks. 24. A decoder according
to claim20 Wher sl%%%&sc o apRE¥bBER 2Naty VIRNESDER ASHCUDER 'FORST or m
funct i orO B hDPreU

R
|es?l Nehh e gotially equivalent to a
function substantlal |y equivalent (o a nodi fi ed i nverse Discrete Cosine

Transform function in accordance with the oddly-stacked Ti nme- Donai n

ABSTRACT

A transform encoder/decoder system employs a discrete transform, carefully designed analysis/synthesis
window pairs, adaptive transform coefficient quantization, and adaptive bit allocation to encode high-
quality music including broadcast and compact disc applications at low bit rates (128 kBits per second).
The avalysisisynthesis window pairs are carcfully designed to achicve sufficient transform frequency
sciectivity s0 as 10 enhance the coder's ability to utilize psychoacoustic masking effects. A synthesis
windowinmcdecodcrnaschammﬁsﬁmsucnma:ihepmdmom responsc and that of an analysis
window in the encoder produces a composite response which sums to unity for two adjacent overiapped
sample blocks. Adjacent time-domain signal sampies blocks are overlapped and added to cancel the effects
of the analysis and synthesis windows. A technique is provided for dermng suitable analysis/synthesis
window pairs. In the encoder, discrete transforms analogous to a critically sampied single-sideband
analysis-synthesis system generate the frequency<iomain transform coefficients. Two transforms used are
the Evenly-Stacked Time-Domain Alfasing Cancetlation (TDAC) and Oddly-Stacked TDAC transfornis.
The transform cocfficients are nonuniformly quantized by assigning a fixed number of bits and a variable

pumber of bits determined adaptively based on psychoacoustic masking. A technique is described for
assigning the fixed bit and adaptive bit aliocations. The transmission of side information regarding

adaptively allocated bits is not required. Error codes and protected data may be scattered throughout
fomaued&ameoutpugs&ommcenmdcﬁnmdermwdmsensiﬁvnymmisebums.
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Al i asing Cancel | ati on technique. 25. A digital encoder/decoder
system for the high-quality reproduction of w deband anal og audio

i nformation, conprising an encoder and a decoder, said encoder conprising
means for sanpllng and quanti zi ng said w deband analog audi o information
into tinme-domain si gnal sanmpl e bl ocks, anal ysi s-w ndow
means for nodul ati ng each signal sanple @%ock with a weighting function,
-means for generating frequency-domain transformcoefficients in response to

anal ysi s-w ndow wei ghted ti ne-domai n signal sanple blocks, said
means conprising neans forg d&@plying a discrete transformfunction to
t he analysis-mﬁndom/meighﬁfg ti me-domai n signal sanpl e bl ocks,
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nonuni f or m subband guanti zer neans, including adaptive bit allocation
means, for quantizing each frequency-domai n transform coefficient

and for grouping such quantized transformcoefficients into
-47-

subbands, and
formatti ng neans for assenbling the nonuniformy quantized and grouped

transform coefficients into a digiEE% out put having a format suitable
for transm ssion or storage, and -
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sai d ‘decoder conpri sing deformatting neans receiving said digita
out put for deriving said quantized transform coefficients t herefrom
| i nearization neans for reconstructing decoded frequency-domain transform
coefficients fromthe deformatted nonuniformy quantized transform
coefficients, means for generating time-donmain signal sanple

bl ocks in response to frequency-domain transformcoefficients, said
means conpri sing nmeans for applyingan i AG%rse discrete transaf_orm

function to the frequency-domain tfansform coefficients, a
synt hesi s wi ndow neans g6 , he time-domain signal $sanmpl e bl ocks
to reduce the ef GHoba ng _errors at the bl O‘Qé boundari es
created during the encpde[detote P chqg,. ai g
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synt hesi s wi ndow means havi ng characteristics such that the product of its
response and the response of said analysis windowis unity when two
adj acent sanpl e bl ocks are overl apped and added, _ si gnal bl ock
overl ap-add neans for cancelling the weighting effects of the analysis

wi ndow and t he synthesis w ndow neans to recover a digitized
representation of the tine-domain signal, and ti me-domai n signa
out put nmeans for converting the digital”@ine-donain signal to analog form
26. A nethod for the high-quality digital encoding of w deband anal og audi o
i nformation, conprising sanpl i ng and quanti zi ng, said w deband
anal og audio information into tine-donain signal sanple bl ocks,
nodul ati ng each signal sanple block with a weighting functjon in an

anal ysi s wi ndow,
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generating frequency-domain transformcoefficients in response to anal ysi's -
w ndow wei ghted ti ne- domai n signal sanple blocks by applying a

di screte transformfunction to the anal ysi s-w ndow wei ght ed si gnal
sanpl e bl ocks, nonuni formy quantizing each transform
coefficient and groupi ng such transformcoefficients into subbands,
sai d quanti zing including adaptively allocating bits, and

assenbling the nonuniformy quantized tr¥8fsform coefficients into a digital

out put having a format suitable for transm ssion or storage.
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27. A nethod for the high-quality digital encoding of w deband anal og audio
I nformati on according to claim26 wherein the application of a discrete
transform function conprises the application of a function substantially
equivalent to the alternate application of a nodified D screte Cosine
Transform function and a nodified D screte Sine Transform function to the
anal ysi s-wi ndow wei ghted tinme-domain signal sanple blocks in accordance
with the evenly-stacked Ti ne-Donain Aliad$6g Cancel |l ati on technique.

28. A nethod for the high-quality digital codi ngsof W deband anal og audi o
I nformati on accordi ng 1ﬂ T
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to clfaim 27 further conprising storing pairs of adjacent tine-donmain S|gnal

sanpl e bl ocks, wherein the

equi valent to the alternate application of a nodified Discrete
Transform function and a nodified Discrete Sine Transform function is

i npl enented by a single

agai nst stored pairs of adjacent tine-dongin signal
Fast Fourier Transform function processin

- signal sanpl e bl ocks
Transform transform bl ock pair.
digital encoding of w n
28 wherein the transfor
bl ock-fl oati ng-point formc
exponent, a single exponent

npri sing

sanpl e

application of a function substantially
Cosi ne

Fast Fourier Transform concurrently applied
bl ocks,

ach pair of stored adjacent
into a Discrete Cosine Transform Di screte Sine

t he

29. A nmethod for the high-quality

anal og audi o i nformati on accordi ng
og¢fficients are represented in the

to claim

a nmanti ssa associ ated with an

*'*Smm SanpLe Bc.oq:__,l

/\ |

bei ng shared by each pair bf correspondi ng
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subbands in the transform bl ock pair. 30. A nethod for the
hi gh-quality digital encodi ng of w deband anal og audi o i nfornmation
accor:di ng to claim26 further conprising storing pairs of adjacent
ti me-domai n signal sanple blocks, wherein the application of a discrete
transformfunction is inplenmented by a single Fast Fourier Transform
concurrently applied against stored pairs of adjacent tine-donain signal
sanpl e bl ocks, the Fast Fourier Transf &R6én f uncti on processing each pair
of stored adjacent signal sanple blocks into a Discrete Cosine

31. A

Transform Di screte Sine Transformtransform bl ock pair.
met hod for the high-quality digital encoding of w deband anal og audi o

i nformati on accordi ng
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to claim26 wherein the quantizing generates a variable bit-length code
word for each transform coefficient, which code-word bit length is the
sum of a fixed nunber of bits and a variabl e nunber of adaptively

al | bcated bits, wherein no adaptive bits are assigned to at |east the
| owest frequency coefficients

-49- produced by said discrete transform function, whereby the bit |length
for such coefficients is fixed and th@gse is a reduction of quantization
noi se at the signal sanple block rate produced when the jnput audio

Repeat for all subbands S§B; oit-transform block A
Pind largest coefficient C,, in 5B,
Set NA; <~ left-shifts to normalize Cy,
It lmg > 18 then '
et MA; <~ 18
Repeat for all subbands SB; in transform block B
Find largest coefficient ¢, in SB,
Set NB; <- left-shifts to normalize C,,,
If N8B, > 18 then -
Yot WB, <- 18 -
Repeat for all subbands §B,
If NA, < NB; then L
\ Set st{hband exponent EXP; <~ NA,
Else

~— o]

Set subbahd exponent EXP; <= NB,

For subbands S8, toc SBy -
Find smallest subband exponent Xy,
T T e <= 1
Se Q <=
Set EXP, for subbands <- EXP,~3 ~023
Else
Set MEXPO <~ 0
If any EXP; > 15 then Set EXP; <~ 15

For subbands §B,, to SB;
Find smalidst su.é‘a.nd exponent X,
If X, 2 3 then
ot MEXPL <~ 1
Set EXP; for subbands <- EXP,-3 ~—T02b

Set MEXPl <~ 0 :
If any EXP; > 15 then Set EXP; <~ 15

Else

Repeat for all subbands §B,

Repeat for all coefficients C in SB —T03
Lookup minimum bit length MINLEN(C)
Do Adaptive Bit Alloccation: Set A(L) for all SB; — 704

B epaat for all Goesfibients C in 5B

peat for co clients

Shift C to left EXP+3-MEXP tites ~——70§
Set C length <- MINLEN{C} + A(i)
Reund and truncate C to length

The 20 kHz coder uses subbands 8B, to 8B,,.
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i nformati on contains | owfequency spectral
conpared with the signa
hi gh-quality digita
accordi ng
ti me-donmai n signa

sanpl e bl ock | ength:

sanpl e bl ocks, wherein the quantizer

bl ocks into transformblock pairs an®e8aid quantizer

frequency- donai
rfiats 3l elegents &f Wl Icaf ex

Shared by cach SR ﬁﬁiﬁgﬁﬁﬁiﬁdﬁﬁw

shared by eac
Set M(1) <-

Set M(i) <~ H(1)+4
If M(i) < 0 then Set M(i) <= 0

onent,
in the trans

a single

conponents whose period is |arge

32. A nethod for the
encodi ng of wi deband anal og audi o i nformati on

to claim26 further conprising storing pairs of adjacent

guanti zes
frequency-domain transform coefficients in said adjacent signal

represents

sanpl e

i ng- poi nt form
exponent being

orn}bggﬂy pair.

!

Stop when all allocable bits are allccated
Repeat for all subbands SB
If M(i) = 4 then Set A(i) <-
Repeat for all subbands SB
If M(i) = 3 then Set k(i) <=
Repeat for all subbands SB,
If M(i) 2 2 then Set A(i) <=
Repeat for all subbands SB
If M(1) 2 1 then Set k(i) <~-

A(l)y+1
A(i)+1
a(i)+1
A(i)+1

_— g0l

L

Stop when all allocable bits are allccated
Repeat for all subbands SB
If 1 < A(i) < 3 then Set a(i) <- A(i)+1
Repeat for all subbands SB,
If 2 £ A(i) € 3 then Set A(i) <- A(i)+1
Repeat for all subbands SB

If A(i) = 3 then Set A(L) <= A(i)+1

!

Repeat until all allocable bits are allocated
STEP1 Repeat for subbands S to SB;
If {a(i) A(i+1)} = {o 4)
- Set A(Ll) <~
STEP2 Repeat for subbands s to SB;
If (A(L),A(i+1)) = (4,0}
Set A(i+l) <= 1
STEP3 Repeat 4 tines
Repeat for all subbands set in STEP1
Set A{i) <= A(i)+1
Repeat for all subbands set in STEP2
Set A(l) <- A(i)+1

/,——-903

The. 20 kHz coder uses subbands 88, to 8B,.
* For DST blocks, the lower limit  is subband SB,.
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33, A nmethod for the high-quality digital encoding of w deband anal og audi o
I nformati on accordi ng to claim 26 wherein said quantizing represents
frequency-donmai n transform coefficients in the bl ock- floating-point form
comprising a nmantissa associated with an exponent, the quanti zing
normal i zi ng at | east sone mantissas by setting the nost significant data
bit of positive nonzero mantissas to zero and by setting the nost
significant data bit of negative-val uddnmanti ssas to zero, whereby the sign
bit and the nost significant bit in a normalized manti ssa are of opposite
val ue, said quantizing deleting the redundant sign bit r spubbands
represented by a single frequency-domain transform cogffixgi el and a uni que

exponent . 34. A nethod for the high-quality d:gQ}aINéncodlng of
wi deband anal og audi o i nformati on accordi ng
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to claim26 wherein the application of a discrete transformfunction
conprises the application of a function substantially equivalent to a
nodi fied Dicrete Cosine Transformfunction in accordance with the
oddl y- st acked Ti me-Donmai n Aliasing Cancell ation techni que.

met hod for the high-quality digital encoding of w deband anal og audio

I nformati on according to claim 34 wherein the conputational conplexity
of the transformis reduced by mnulti pktag the real val ued sequence of
signal sanples in the anal ysi s-w ndow wei ghted ti me-donai n signal sanple

bl ocks by a conplex function to obtain a nodified signal sanple set and
by i nplenmenting the application of a

35. A
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-50Q- function substantially equivalent to a nodified D screte Cosine
Transform function with a Fast Fourier Transformconcurrently applied to
the real and imaginary parts of the nodified signal sanple set. 36 A
decodi ng method for the high-quality reproduction of w deband audi o

I nformati on encoded by the encoding nmethod of clains 26, conprising
deriving said quantized transformcoefficents fromsaid digital output,

reconstructing decoded frequency-domai B26ransform coefficients fromthe
def ormat t ed
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nonuﬁiforn1y quantized transformcoefficients, generating
ti me-domai n signal blocks in response to frequency-donmain transform

coef fd ci ents by a process having characteristics inverse to those of
t he process generating frequency-domain transform coefficients in
response to anal ysis wi ndow wei ghted tinme-domai n signal sanple blocks in

t he encoder, nodul ating the tinme-domain signal sanple bl ocks to

reduce the effects of quantizing errors 14726 created at the bl ock
boundari es during the encode/ decode process in a synthesis w ndow, said
synt hesi s wi ndow havi ng characteristics such that the product of its
response and the response of said anal ysis w ndow is unity when two
adj acent sanpl e bl ocks are overl apped and added, cancel ling the
wei ghting effects of the analysis and synthesis wi ndows by overl appi ng and
addi ng the signal blocks to recover a digitized representation of the
ti me-domai n signal, and
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convérting the digital time-domain signal to analog form 37. A
decodi ng nethod for the high-quality reproduction of digitally encoded

wi deband anal og audi o i nformation, wherein the signals were digitally
encoded by an encoder that sanples and quantizes said anal og signals into
ti me-domai n signal sanple bl ocks, nodul ates each signal sanple block in an
anal ysi s w ndow with a weighting function, generates frequency-donain
transformcoefficients in response to anal ysi s wi ndow wei ght ed

ti me-domai n signal sanple blocks in a digital filter bank, nonuniformy
guanti zes each transform coefficient, and formats the nonuniformy

quanti zed transform coefficients intdsa digital out put having a formt
suitable for transm ssion or storage, conprising deriving said
guanti zed transform coefficients fromsaid digital outp%g
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reconstructing decoded frequency-domain transformcoefficients fromthe
deformatted nonuni form y quanti zed transform coefficients,
gener:ating time-domai n signal blocks in response to frequency-domain
transform coefficients by a process having characteristics inverse to
those of the process generating frequency-domain transform coefficients
I n response to anal ysis w ndow wei ghted tine-domain sanple bl ocks in the

encoder, 16126
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modul ating the time-domain signal blocks to reduce the effects of
quanti zing errors at the bl ock boundari es created during the
encode/ decode process in a synthesis w ndow, said synthesis w ndow
havi ng characteristics such that the product of its response and the

response of said analysis w ndow is unity when two adjacent sanple
bl ocks are overl apped and added, cancelling the weighting effects
of the anal ysis and synthesis w ndows byimyger! appi ng and addi ng . the
signal blocks to recover a digitized representatiqp of the time-donmain
signal, and convening the digital tinme-dofpein signal to anaLeg
form 38. A nmethod for the high-quality digrtal encoding and ,
decodi ng of wi deband amal og audi o infornation"cqurising encodi ng %aid
anal og signals by 4 3 ¥ Y
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sanpﬁing and quanti zing said w deband anal og audio information into
ti me-domai n signal sanple bl ocks, nodul ati ng each signa
sanplse block with a weighting function in an anal ysis w ndow, .
generating frequency-domain transformcoefficients in response to anal ysis
wi ndow wei ghted tine- domai n signal sanple bl ocks by applying a
discrete transformfunction to the anal ysi s-w ndow wei ght ed si gnal
sanpl e bl ocks, : nonuni formy quangegi ng each transform coefficient
and groupi ng such transformcoefficents into subbands, said
qguanti zi ng i ncl udi ng adaptgd |locating bits, and assenbl i ng
the nonuniformy quantize Im coefficients iltﬁ a~e+-gi=f al out put
havi ng a \,“Iornat Sui t ransm ssion or dtor ves&hd
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decodi ng said digital output by deriving said quantized transform
coefficients fromsaid digital output, reconstructing decoded
frequency-domain transformcoefficients fromthe deformatted
nonuni formy quantized transform coefficients, generating
ti me-domai n signal blocks in response to frequency-donmain transform
coefficients by a process having characteristics inverse to those of
t he process generating frequency-domai n t®ansform coefficients in
response to anal ysis wi ndow wei ghted tinme-domai n sanple bl ocks in the
encoder, .
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-52- % nmodul ating the tinme-domain signal blocks to reduce the effects of
quanting errors at the block boundaries created during the encode/ decode
process in a synthesis wi ndow, said synthesis w ndow having
characteristics such that the product of is response and the response of
said analysis window is unity when two adjacent sanple bl ocks are
over | apped and added, cancelling the weighting effects of the analysis
and synthesis wi ndows by overl appi ng and2eegli ng the signal blocks to
recover a digitized representation of the tine-domain signal, and
converting the digital tine-domain signal to analog form ‘f‘
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