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The invention relates in general to high-quality low bit-rate digital signal processing of audio

signals such as music.
10
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

15  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,

20 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 sampies which may assume any of a continuous range
of values introduces inaccuracies in the representation of the signmal which are
proportional to the quantizing step size or resolution. These inaccuracies are called

25 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

30 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 implemented by any of several time-domain to frequency-domain transforms which simulate

35 a bank of digital bandpass fiiters. Although transforms are easier to implement and require less
computational power and hardware than digital filters, they have less design flexibility in the sense

that each bandpass filter "frequency bin" represented by a transform coefficient has a uniform
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is used hereinafter to refer to selected portions of the total signal bandwidth, whether implemented
5 by asubband coder or a transform coder. A subband as implemented by transform coder is defined
by a set of one or more adjacent transform coefficients or frequency bins. The bandwidth of a
transform coder frequency bin depends upon the coder’s sampling rate and the number of samples
in each signal sample block (the transform length).
Two characteristics of subband bandpass filters are particularly critical to the performance of
10 high-quality music signal processing systems. The first is the bandwidth of the regions between the
filter passband and stopbands (the transition bands). The second is the attenuation level in the
stopbands. As used herein, the measure of filter "selectivity" is the steepness of the filter response
curve within the transition bands (steepness of transition band rolioff), and the level of attenuation
in the stopbands (depth of stopband rejection).
15 These two filter characteristics are critical because the human 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
20  bandwidth of such an auditory filter is referred to as a critical band. An important quality of the
critical band is that psychoacoustic-masking effects 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.
S See generally, the Audio Engineering Handbook, K. Blair Benson ed., McGraw-Hill, San Francisco,
25 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 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

30 typically have fixed subband center frequencies. To optimize the opportunity to utilize
psychoacoustic-masking effects, any distortion artifacts resulting from the presence of a dominant
signal should be limited to the subband containing the dominant signal. If the subband bandwidth
is about half or less than half of the critical band (and if the transition band rolloff is sufficiently
steep and the stopband rejection is sufficiently deep), the most effective masking of the undesired

35 distortion products is likely to occur even for signals whose frequency is near the edge of the
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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 Fourier Transform. The process chooses an initial quantizer step-size,

10 applies entropy coding, and reiterates quantization 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 frequency groups being
selected such that, according to psycho-acoustic masking, noise is not perceivable if the signal energy

15 within each individual frequency group is substantially higher than the noise energy within the same
group. After coding, the coefficients are reconstructed and the signal energy within each frequency
group of the reconstructed values is compared with a respective minimum reference value. If the
signal energy within one or more of the frequency groups is below the respective reference value,
the spectral coefficients are muitiplied by a predetermined factor and quantization and coding is

20  performed again in a reiterative manner. The number of reiterations in the inner and the outer
iteration loop have to be transmitted as side information.

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

Block Length

25 As block lengths become shorter, transform encoder and decoder performance is adversely
affected not 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
rolloff, and (2) reduced level of stopband rejection. This degradation in filter performance results
in the undesired creation of or contribution to transform coefficients in nearby frequency bins in

30 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 all frequencies, particularly low
frequencies. Even if the nominal subband bandwidth is narrower than the ear’s critical bandwidth,
degraded filter characteristics manifested as a broad transition band and/or poor stopband rejection

utside the ear’s critical bandwidth. In such cases,

35 may result in significant signal components o
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5 Transform Coding Errors

Discrete transforms do not produce a perfectly accurate set of frequency coefficients because they
work with only a finite segment of the signal. Strictly speaking, discrete transforms produce a time-
frequency representation of the input time-domain signal rather than a true frequency-domain
representation which would require infinite transform lengths. For convenience of discussion here,

10  however, the output of discrete transforms will be referred to as a frequency-domain representation.
In effect, the discrete transform assumes the sampled signal only has frequency components whose
periods are a submultiple of the finite sample interval. This is equivalent to an assumption that the
finite-length signal is periodic. The assumption in general is not true. The assumed periodicity
creates discontinuities at the edges of the finite time interval which cause the transform to create

15 phantom high-frequency components.

One technique which minimizes this effect is to reduce the discontinuity prior to the
transformation by weighting the signal samples such that samples near the edges of the interval are
close to zero. Samples at the center of the interval are generally passed unchanged, i.e., weighted
by a factor of one. This weighting function is called an "analysis window" and may be of any shape,

20 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 one embodiment of the invention is constrained by synthesis window design
considerations. Therefore, design and performance properties of an "analysis window" as that term

25 is commonly used in the art may differ from such analysis windows as implerhented in an
embodiment of this invention.

While there is no single criteria which may be used to assess a window’s quality, general criteria
include steepness of transition band rolloff and depth of stopband rejection. In some applications,
the ability to trade steeper rolloff for deeper rejection level is a useful quality.

30 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 muitiplied by an inverse window, one
whose weighting factors are the reciprocal of those for the analysis window. A disadvantage

35 of this technique is that it clearly requires that the analysis window not go to zero at the edges.
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window such that two adjacent windows add to unity across the overlap, the effects of the window
will be exactly compensated. (But see the following paragraph.) When used with certain types
of transforms such as the Discrete Fourier Transform (DFT), this technique increases the number
5 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

transforms require it. Further, quantizing errors may cause the inverse transform to produce a

10 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

oo 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 windows. Therefore, both windows must be

15 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 sample blocks become shorter there is more sidelobe leakage
through the filter’s transition band and stopband. A well shaped analysis window reduces this

20  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 cailed aliasing.

Aliasing Cancellation

25 The Nyquist theorem 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
misrepresented as lower-frequency components. The lower-frequency component is an “alias” for
the true component.

30 Subband filters and finite digital transforms are not perfect passband filters. The transition
between the passband and stopband 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.
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5 difficult as the sample block length is made shorter. As explained above, shorter sample blocks
degrade filter performance: the passband bandwidth increases, the passband-stopband transition
becomes less sharp, and the stopband rejection deteriorates. As a result, aliasing becomes more
pronounced. If the alias components are coded and decoded with insufficient accuracy, these coding
errors prevent the inverse transform from completely cancelling aliasing distortion. The residual

10 aliasing distortion will be audible uniess the distortion is psychoacousticaily masked. With short
sample blocks, however, some transform frequency bins may have a wider passband than the
s 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.
15 Bit-rate Reduction Techniques
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 exploxt a
signal’s redundancy and irrelevancy. A signal component is redundant if it can be predicted or
20 otherwise provided by the receiver. A signal component is irrelevant if it is not needed 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 component based upon current or previous signal characteristics.
(2) Entropy coding: components with a high probability of occurrence may be represented
25 by abbreviated codes. Both the transmitter and receiver must have the same code book.
Entropy coding and prediction have the disadvantages that they increase computational
complexity and processing delay. Also, they inherently provide a variable rate output, thus
requiring buffering if used in a constant bit-rate system.
(3) Nonuniform coding: representations by logarithms or nonuniform quantizing steps
30 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 fora
block of floating-point mantissas, and is commonly used in coding time-domain signals.

Floating point is a special case of nonuniform coding.
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5 music signals. Some general bit-allocation criteria are:
(a) Component variance: more bits are allocated to transform coefﬁci'ents 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.
10 (c) Psychoacoustic masking: fewer bits are allocated to signal components whose
quantizing errors are masked (rendered inaudible) by other signal components. This
i method is unique to those applications where 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.
15 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.

20 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
25 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 invention to provide a quality of reproduction subjectively as good as
that obtainable from Compact Discs. )
It is yet a further object of the invention to provide such an encode/decode apparatus and method
30  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 coder processing music signals.

Tt is still another object of the invention to provide techniques for psychoacoustically compensating

35 for otherwise audible distortion artifacts in a transform coder.
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5  domain sample blocks. Each sample block is then modulated by an analysis window. Frequency-
domain 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 output having a format
suitable for storage or transmission. Error correction codes may be used in applications where the

10 transmitted signal is subject to noise or other corrupting effects of the communication path.
A decoder according to the present invention provides for the high-quality reproduction of
= digitaily encoded wideband audio signals encoded by an encoder according to the present invention.
In one embodiment, 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
15 signal and reconstructs 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 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
20 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 overlapped 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 a high-quality analog output.

- An encoder/decoder system according to the present invention provides for the digital encoding
25 and high-quality reproduction of wideband audio information. In the encoder portion of one
embodiment of the system, the analog wideband audio signals are sampled and quantized into time-
domain sample blocks. Each sample block is then modulated by an analysis window. Frequency-
domain spectral components are then generated in response to the analysis-window weighted time-
domain sample block. Nonuniform spectral coding, including adaptive bit allocation, quantizes each
30 spectral component, and those components are assembled into a digital format suitable for storage
or transmission over communication paths susceptible to signal corrupting noise. In one
embodiment, 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-domain spectral components therefrom.

35 Time-domain signal sample blocks are generated in response 0 frequency-domain transform
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5 response which sums to unity for two adjacent overlapped sample blocks. Adjacent sample 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 which is then converted to a high-quality

analog output.

In an embodiment of an encoder according to the present invention, a discrete transform generates

10 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
C s 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-domain

15 transform can be used.

In a preferred embodiment of an encoder and a decoder according to the present invention, a
single FFT is utilized to simultaneously 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 a decoder, a single FFT is utilized to simultaneously

20 calculate the inverse transform for two 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 suitable sampling
rate and it is convenient because it is also the sampling rate used for Compact Discs. An alternative
embodiment employs a 48 kHz sampling rate. In the preferred embodiment empioying the 44.1 kHz

25 sampling rate, the nominal frequency response extends to 15 kHz and the time-domain sample blocks
have a length of 512 samples. In the preferred embodiment, music coding at subjective quality levels
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 codes). Other bit
rates yielding varying levels of signal quality may be used without departing from the basic spirit of

30 the invention.

In a preferred embodiment of an encoder, the nonuniform 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 vafiable 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

35 noise in other subbands. The fixed number of bits are assigned to each subband based on empirical
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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

5  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 advantages. First, the fixed bit assignment inherently compensates for the undesired
distortion products generated by the inverse transform because the empirical procedure which

10 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 may be better understood by reference to Figure 13

15 which shows critical band spectra of the output noise and distortion (e.g., the noise and distortion
shown is with respect to auditory crit.ical 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 rather than any particular data.

Allocation A (the solid line) is a reference, showing the noise and distortion products produced

20 by the 500 Hz sine wave when an arbitrary number of bits are allocated to each of the transform
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

25 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 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

30 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 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 audio spectrum the noise and distortion products created by the 500 Hz tone

35 are relatively low. e
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spectrum. With respect to the example in Figure 13, in order to lower the level of the noise and
5  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 containing the
500 Hz tone and nearby coefficients until the noise and distortion dropped below the masking
threshold. 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

10 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). 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

15 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.

In a preferred embodiment of an encoder, the nonuniformly quantized transform coefficients are
expressed by a block-floating-point representation comprised of block exponents and variable-length

20 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 foliowed by a string of all adaptively allocated bits. The exponents and

- fixed-length portion of code words are assembled separately from adaptively allocated bits to reduce

25 vulnerability to noise burst errors.

Unlike many coders in the prior art, an encoder according to the present invention need not
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 encoder.

30 In applications where frame synchronization is required, an embodiment of an encoder according
to the present invention may append the formatted data to frame synchronization bits. The formatted
data bits are first randomized to reduce the probability of long sequences of bits with values of all
ones or zeroes. This is necessary in many environments such as T-1 carrier which will not tolerate
such sequences beyond specified lengths. In asynchronous applications, randomization also reduces

35  the probability that valid data within the frame will be mistaken for the block synchronization
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5 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 following Detailed Description of the invention and in the accompanying drawings.

10
Brief Description of Drawings
- Figures 1a and 1b are functional block diagrams illustrating the basic structure of one embodiment
of an encoder and a decoder according to the present invention.
Figures 2a through 2e are block diagrams showing the hardware architecture for one embodiment
15 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.

20 Figure S is a further hypothetical graphical representation of a time-domain signal sample block
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 provide the resulting function Y(@).

25 Figures 6b through 6d are further hypothetical graphical representations showing the modulation
of a time-domain signal sample block by an analysis window.

Figure 7 is a flow chart showing high level logic for one embodiment of a nonuniform quantizer.

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

Figure 9 is a graphical representation showing a representative filter characteristic response curve

30 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.

Figure 11 is a graphical representation showing a filter characteristic response with respect t0 a

1 kHz psychoacoustic masking curve.
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filter perfopgRACS i & $tphial representation showing the spectral levels of coding noise and distortion
of an encoded 500 Hz tone for three different bit allocation schemes with respect t0 the
5  psychoacoustic masking curve for a 500 Hz tone.
Figures 14a through 14e are hypothetical graphical representations illustrating a time-domain
signal grouped into a series of overlapped and windowed time-domain signal sample blocks.
Figures 15a through 15d are hypothetical graphical representations illustrating the time-domain
aliasing distortion created by the E-TDAC transform.
10 Figures 16a through 16g are hypothetical graphical representations illustrating the cancellation of
time-domain aliasing by overlap-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 of an analysis-synthesis window pair designed for an encoder according to the

15 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 convolived
Kaiser-Bessel analysis windows for a range of alpha values 4 to 7 with a sine-tapered window.
20 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
25 signal 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 illustrating the time-domain
aliasing distortion created by the O-TDAC transform.
Figures 24a through 24g are hypothetical graphical representations illustrating the cancellation of
30 time-domain aliasing by overlap-add during O-TDAC transform signal synthesis.
Figure 25 is a schematic representation illustrating the format of a frame of two encoded
transform blocks, without error correction, for an O-TDAC transform embodiment of an encoder

according to the present invention.
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Table III shows the difference in subband zero required for the O-TDAC embodiment of an

encoder and a decoder according to the present invention.

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

Figures 1a and 1b show the basic structure of one embodiment of an encoder and a decoder,
e respectively, according to the present invention. The encoder shown in Figure 1a 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
15 104 which transforms the quantized signal into frequency coefficients, block-floating-point encoder
105 which converts each integer-vall.led 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
20 frequency coefficients into a bit stream for transmission or storage. Figure 1a depicts a transmission

path 110, however, 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
25 filter bank 114 which transforms the transform coefficients into a time-domain signal block,
synthesis-window multiplier 115 which modulates the time-domain signal block, signal block overlap-
adder 116 which recovers a digitized representation of the time-domain signal, analog signal

generator 117, and analog signal output 118.

30 A. Processing Hardware
The basic hardware architecture of one embodiment of an encoder and a decoder according to the
present invention is illustrated in Figures 2a-2e and 3a-3b. Empirical studies have shown that

conventional integer transform computations must be performed to an accuracy of at least 20

significant bits to achieve stated performance objectives.

This Sheet Has Been Replac

[T




&...

-4- gr eater constraints are ordinarily placed on other aspects of the
*system particulaly quantization accuracy. Another disadvantage resulting
fromshort sanple block lengths is the exacerbation of transform codi ng

errors, described in the next section. Tngnsform Coding Errors

A practical implementation of a preferred embodiment of a single-channel encoder, 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

5  subsequent computations. A Motorola DSP56001 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.

10 The encoder hardware architecture, shown in Figure 2a, is comprised of analog signal input 200,
low-pass filter (LPF) 200A, ADC 201, DSP 202, static RAM 203, erasable programmable read-only
- memory (EPROM) 204, and encoded serial-signal output 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 stream of 16-bit words. DSP 202 receives and
15 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 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
20 DSP requires fast-access-time program memory which can be implemented more cheaply in RAM
than it can be in programmable ROM. Consequently, EPROM 204 stores programming and static
data in a compressed format which the DSP unpacks into a usable form into RAM 203 when the
encoder is first powered on.

— Figures 2b and 2c provide more detail on two DSP interfaces. Figure 2b shows the serial-
25 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 seriai-bit stream of digitized input signal samples along line SRD from ADC 201 into
DSP 202. Line SC1 provides the frame-synchronization signal to the ADC and the DSP which
marks the beginning of each 16-bit word. Line SCK clocks a serial-bit stream of the encoded signal

30 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

35 Y data memory by raising line XY high or bringing line XY low, respectively. X data and Y data
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5  addresses 0000,,-1FFF,,.

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 Al5.
When DSP 202 sets A1S high, inverter 205C sets the chip-select (CS) lines of RAM 203 and
EPROM 204 low. Only EPROM 204 is selected when CS is low. When DSP 202 sets A15 low,

10 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 213A, and analog signal
output 213. DSP 208 receives and buffers the encoded signal, deformats the signal into the encoded

15 transform coefficients, performs the caiculations 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

20 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. LPF 213A (a low-pass filter which is not shown in Figure 1b)
insures signal output 213 is free of any spurious high-frequency components created by the
encode/decode process.

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

30 along line STD from DSP 208 to DAC 212. Line SC2 provides a frame-synchronization signal to
the DAC and to the DSP which marks the beginning of each 16-bit word. The interface between
DSP 208 and the memory-address bus is implemented in the same manner as that described above
for the encoder. See Figure 2c.

The two-channel encoder requires LPF 200A and 200B, and ADC 201A and 201B, connected as

35 shown in Figure 3a. The interface between the DSP and ADC components operates in a manner
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5 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 of the DSP at one-haif the rate of the frame-synchronization signal to
control demultiplexer 208B and indicate to the DSP which of the two DAC is currently receiving
10  digital data.
The basic hardware architecture may be modified. For example, one Motorola DSP56001
operating at 27 MHz with no wait states can implement a two-channel encoder or decoder.
Additional RAM may be required.
Further, specialized hardware may be used to perform certain functions such as window
15 modulation or the Fast Fourier Transform (FFT). The entire encoder/decoder may be implemented
in a custom-designed integrated circuit. Many other possible implementations will be obvious to one

skilled in the art.

B. Input Signal Sampling and Windowing
20 In one embodiment of an encoder according to the present 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 signal
- should be limited in bandwidth to at most 15 kHz (20 kHz for a 20 kHz bandwidth coder). This may
25 be accomplished by a low-pass filter not shown in Figure la.

A music signal with at least 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 sampled at no less than 30 Khz. A sample rate of 44.1 Khz is chosen for one
embodiment of an encoder according to the present invention because this rate is used in CD

30 applications and such a choice simplifies the means necessary to use an encoder according to the
present invention in such applications. (This sample rate also supports an aiternative 20 kHz
bandwidth embodiment of an encoder according to the present invention.)

Other sampling rates, such as 48 kHz which is a rate common to many professional audio
applications, may be utilized. If an alternate rate is chosen, the frequency separation between

35  adjacent transform coefficients will be altered and the number of coefficients required to represent
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5  frequency-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 coefficients 0-182 are used to pass a 15.6 kHz

10 signal. (Coefficients 0-233 are used 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 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.

15 Unless the sample block is modified, a discrete transform will erroneously create nonexistent
spectral components because the tfansform 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

20 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 resultant signal is shown in
Figure 6d. This process is represented by box 103 in Figure la. 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

25 performance. 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 transition band rolloff for a given level of depth of stopband rejection, and
permits correction of its modulation effects by overlapping and adding adjacent blocks. Window
design is discussed below in more detail.

30

C. Analysis Filter Bank - Forward Transform
A discrete transform implements digital filter bank 104 shown in Figure la. Filtering is
performed by converting the time-domain signal sample blocks into a set of time varying spectral
coefficients. Any one of several transform techniques may be used to implement the filter bank.

35  The transform technique used in one embodiment of an encoder and a degq_c_lfr_ac_gording to the
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ASSP-34, 1986, pp. 1153-1161. This technique is the time-domain equivalent of an evenly-stacked

critically sampled single-sideband analysis-synthesis system. This transform is referred to herein as

5 Evenly-Stacked Time-Domain Aliasing Cancellation (E-TDAC). An alternative form of the TDAC
transform may be used in another embodiment of an encoder and a decoder according to the present
invention. The technique is described in Princen, Johnson, and Bradley, "Subband/Transform
Coding Using Filter Bank Designs Based on Time Domain Aliasing Cancellation,” ICASSP 1987
Conf. Proc., May 1987, pp. 2161-64. This alternate transform is the time-domain equivalent of an

10 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 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
15 modified Discrete Cosine Transform (DCT) with a modified Discrete Sine Transform (DST). The
DCT, shown in equation 1, and the DST, shown in equation 2, are
N-1
Ccly = Y xn) oos[znkcﬂ)] for0 <k <N M
a=0 .
S() = 2 x(n) sxn[an(M)] for0 £k <N )
n=0
where k = frequency coefficient number,
20 n = input signal sample number,
N = sample block 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
25 S(k) = DST coefficient k.
The E-TDAC transform alternately produces one of two sets of spectral coefficients or transform
blocks for each signal sample block. These transform blocks are of the form
() = [C(k) for0 < k < N/2 )
30 ‘ 0 fork=NPR2
SO = [S(k) for1 <k < N2 @
0 fork=0
» where i = signal sample block number,
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“An Algorithm for the Machine Calculation of Complex Fourier Series,” Math, Comput., vol. 19,
5 1965, pp. 297-301. A single FFT can be used to perform the DCT and DST simultaneously by
defining them respectively as the real and imaginary components of a single complex transform.
This technique exploits the 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
10  values and the DST coefficients are represented by the set of imaginary values. Therefore the DCT
of one signal sample block 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 concurrently calculate two transforms is well known in
the art and is described in Brigham, The Fast Fourier Transform, Englewood Cliffs, NJ:
15 Prentice-Hall, Inc., 1974. Additional information regarding the concurrent 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 one embodiment of a one-channel encoder according to the present invention, two adjacent
20 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-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 channel. The coded blocks for a given channel alternate between
25 the DCT and DST (see expression 5), and are always of the opposite type from that of the other
channel’s blocks. A pair of blocks, one for each channel, are transformed and formatted together.
Princen showed that with the proper phase component m (see equation 6) and a carefully designed
pair of analysis-synthesis windows, the E-TDAC technique can accurately recover an input signal
from an alternating sequence of cosine and sine transform blocks of the form
30 {CM}o, (S} {CM®Y,, (K - - - ®
where each transform block represents one time-domain signal sample block. This process is shown
in Figures 14a-14e, 15a-15d, and 16a-16g.
Referring to Figure 14a, it may be seen that quantized input signal x(t) is grouped into blocks.
One set of blocks, modulated by the window function W, shown in Figure 14b, produces signal x(t)

35 shown in Figure 14d. Signal x(t) is input to the DCT. Another set of blocks of the sampled input
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5 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.

10 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,(t) recovered from the

15 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 half of the sampled signal reversed in time about the three-quarter point
of the sample block. For the DST, the alias component is similar to that for the DCT except its

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

i (N/22+ 1) ©)
- where N = sample block length.
E-TDAC also requires application of a pair of carefully designed analysis-synthesis windows to

25 overlapped signal sample blocks. The signal sample blocks must have a 100% overlap, i.e., 50%
of a given block is overlapped by the previous block, and 50% of the same block is overlapped by
the following block. Figures 16a-16g illustrate the overlapping of signal sample blocks and the
resulting cancellation of alias distortion. Signals y.() 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)

30 respectively, shown in Figures 16b and 16e, to produce signals ¥(t) and ¥,(t) shown in Figures 16¢
and 16f. When the overlapped blocks of these windowed signals are added, the alias components
are cancelled and the resulting signal y(t) shown in Figure 16g is an accurate reconstruction of the
original input signal x(t).
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passband. reqhite® bit rate, but the 100% window overiap 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 1 and II show the assignment of transform coefficients to
subbands.) In one embodiment, the nonuniform quantizer is composed of block-floating-point
10  encoder 105, adaptive bit allocator 106, and uniform quantizer 107 shown in Figure la.
Quantization is performed for transform block pairs: either two adjacent blocks in a one-channel
o= system, or one block from each channel of a two-channel system. As depicted in Figure 7, one
embodiment of nonuniform guantization is comprised of five major sections: (1) calculating subband
exponents, (2) determining the master exponents, (3) initially setting the bit length of each coefficient
15 code word as a function of the coefficient’s frequency, (4) adaptively allocating additional bits to
specific code words, and (3) roundi;xg and truncating the code word according to the bit length
computed from the sum of the adaptive bit allocations and the minimum bit Iength based on the
coefficient’s frequency.
Floating-point representation of numerical quantities is well known in the art of digital data
20 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. Ina
preferred embodiment of an encoder and a decoder according to the present invention, the mantissa
is a signed integer-valued expression expressed in two’s complement form.
- The corresponding exponent is an unsigned value equal to the power of two of the muitiplier
25 required to convert the mantissa (either normalized or unnormalized) into the true value of the
represented numerical quantity. This representation can be expressed as
F=M-2¢ M
where F = the value of the floating-point number,
M = the signed integer-valued mantissa, and
30 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 23, 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.

35 A negatwe-valued mannssa is normahzed when its most significant data bit is zero. A normalized
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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 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-valued mantissa in the group must be
shifted to the right to obtain the true value of the floating-point quantity.

1. Subband Exponents

The block-floating-point encoder comprises sections one and two of the nonuniform quantizer.
The functions 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 I. The procedure is comprised of three steps. The first step finds the largest
transform coefficient in each subband within one transform biock 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 corresponding subband’s shift value 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 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 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

ent
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bet vieen the passband and stopband 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 sanpled at the Nyqui st
rate suggested by the passband cut-off fRéequency, frequencies in the

transition band above the cutoff frequency will not be faithfully
r epr esent dok each tramsform coefficient in the subband. Theése master exponents permit using shorter subband

exponents while allowing for a sufficient dynamic range. This step in the process is shown in boxes

702a and 702b of Figure 7. .
An additional step can be taken which may reduce the total bits required to represent the coded
5 signal. In all subbands where an exponent represents a single coefficient, the sign bit of a
normalized mantissa is superfluous. As discussed above, the sign bit and the most significant data
bit in a normalized mantissa are always of opposite value. The sign bit can therefore be dropped by
the encoder and restored by the decoder. The dropped sign bit is referred to herein as a "hidden

bit."

10 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.

15 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 coefficient 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, the hidden bit technique may be used for all subbands

20 containing only one coefficient.

The reduction in bit requirements is reflected in the fixed bit length for DCT coefficient zero.
As shown in Table I, the "minimum" bit length of coefficient C(0) is 8 bits. If the hidden bit
technique were not utilized, the fixed length for C(0) would be identical to that for coefficient S(0),
or 9 bits. In situations where coefficient C(0) is unnormalized, the reduced bit length is not likely

25 to created audible quantization noise because the frequency component will be of very low amplitude.

3. Fixed-Bit Length

The third section of the nonuniform quantizer sets an initial minimum bit length for the
representation of each left-shifted transform coefficient. This length is set according to the

30 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 2 psychoacoustic masking
threshold curve. Because filter performance is a function only of the difference in frequency between

a signal and the coefficient’s frequency, any frequency coefficient may be used to represent the filter

35 bank’s response. The response curve shown in Figure 9 is obtained from the root mean square
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It i's possible to design the analysis and synthesis filters such that

:aliasig distortion is automatically cancelled by the inverse transform
Quadrature Mrror Filters in the time domain possess this characteristic.
Some transform coder techniques also canggl alias distortion. Suppressing

t he audi bl e consequences of aliasing distortion in transform codes becones
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pronounced. the alias components are coded and decoded wi th insufficient
accur acy, is msse g@g@ia:hgxat shown in Figure 9 because an additional selectivity loss occurs %urmg 813
5 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,”
1. 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

10  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.

15 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 relationship is reflected in the minimum bit length values as shown in Table I.

20 Figure 11 compares the 1 kHz masking curve against the filter response curve which is offset
such that the psychoacoustic masking curve is always higher. The offset for the filter response is
due to the increased accuracy afforded by additional bits reserved for the lower-frequency
coefficients. 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

25 necessary 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 effect produced by a single tone or 2 very narrow band of noise. Figure 12 shows a

30 composite masking curve derived from a simple overlay of the individual masking curves of three
tones. Empirical evidence indicates that even this composite curve is very conservative, understating
the actual masking effect of multiple tones. Furthermore, music is generally a more complex signal
than a few discrete frequencies, and the resulting increase in masking levels permits a reduction in
the required accuracy of transform coefficient code words. Consequently, the minimum bit lengths

35 for all but DCT coefficient C(0) and DST coefficient S(1) shovq;_:__ in Table I are obtained by
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If transform coefficients zero and one were inclué ein tt)he adaptEv% bit allocation process, the

5 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 sample 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

10 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,

15  one for DCT blocks and the other for DST blocks. Because the number of adaptively assigned bits
is fixed, bits assigned to coefficient é(O) 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 alternating
allocation pattern would manifest itself as audible quantizing noise at a frequency equal to the sample

20 block rate of 86.1 Hz (or 44.1 kHz / 512).

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 adaptive bit allocation. This exclusion prevents the adaptive allocation scheme from

- generating the quantization noise described in the previous paragraph.
25
4. Adaptive Bit Allocation
a. Overview
The fourth section of the nonuniform quantizer performs the adaptive bit allocation. Box 704 in
Figure 7 provides an overview of this allocation process. In general, for each transform block, bit
30 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 set at 133 bits per transform block to 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 biock to maintain the same bit rate. This limit

35 is referred to herein as the allocation maximum or as the number of allocable bits.
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5 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

10 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.

15 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 the subband with the largest spectral component, and saves the
value as X,gy. All subband exponents are subtracted from X,qy and the difference is stored in array

20 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 MEXP1. See Table I. Therefore,
the range of possible values in array M( ) is negative eighteen to zero. In the next step, four is

- added to each element of array M( ) and all elements below zero are set to zero. At the end of phase

25 zero, array M( ) consists of a set of elements, one for each subband, whose values range from zero
to four. The elements with a value of four represent those subbands where at least one of the
coefficients in the subband has one of the largest spectral coefficients in the total signal.

Phase one constructs another array A(), which represents the bits to be allocated to the
coefficients in each subband, using the process shown in Figure 8 box 801. Each element in A()

30  corresponds to a subband. Recall from Table I that the higher subband exponents represent multiple
transform coefficients, therefore each element of A() represents the number of bits assigned to all
transform coefficients in the corresponding subband. For example, referring to Table I, subband 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 the example, if element A(36)

35 has a value of two, then 30 bits are allocated, 2 bits each to coefficients 168-182. During the
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one scal e ihmediRelyrnfinalAREhN bfthe Sibsequent phases are skipped. During the final step in which
5 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
10 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 aliocable bits are allocated. On the first pass,
each element in array A() is incremented by one if the corresponding element in array M( ) has a
value equal to four. The second pass increments by one each element in A( ) which corresponds to
each element in M() which has a value equal to three or four. On the third pass, array A()
15 elements are incremented if the corresponding M( ) element has a value within the range of two to
four. The final pass increments thos-e elements in array A( ) corresponding to those M( ) elements
which have a value in the range between one and four. It may be noted that if the elements in array
M( ) sum to the allocation limit or less, the contents of arrays M( ) and A() at this point will be
identical. If the number of bits assigned has reached the allocation limit, the bit-allocation process
20 is complete at the end of phase one.
If any allocabie 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(1) for
- DCT blocks, or A(2) for DST blocks) and works upward in frequency. On the first pass through
25 array A(), each element which has a value between one and three is incremented by one. On the
second pass, elements with values of two or three are incremented. On the third pass, elements
equal to three are incremented. If this phase completes without exceeding the allocation limit, every
element in array A( ) will ﬁave a value of either four or zero.
If any allocable bits remain, allocation continues with phase three shown in box 803 of Figure 8.
30  Like the previous phases, phase three allocation will terminate as soon as the allocation limit has
been reached. This final phase assigns additional bits to transform coefficients with lower spectral
energy which are adjacent to subbands of coefficients with higher energy. This assignment is
accomplished in three steps. The first step scans array A() starting with the highest frequency
element A(36) (element A(39) is the starting element in 20 kHz bandwidth coders) in search of a
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b]déﬁ'of floating-point mantissas, and is comonly used in coding
.time-domain signals. Floating point is a special case of nonuniform coding.
-7-. (5) Bit allocation: the receiver's demand for accuracy may vary with

time, signal content, strength, or fregqgocy. For exanple, |ower frequency
conponents of speech are usually nore

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}.
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
5  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 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
10 the array elements in the same order discussed above until all allocable bits are assigned, or until 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, phase three repeats starting with step

one.

15 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 ail elements of array A() equal to zero, and constructing four
20 tables T, through T,. The construction of the tables is accomplished through the following steps:
(1) identify the smailest subband exponent and save this value as Xyqy; (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 Xyqx; (3) if the difference is zero, insert the subband number into tables
— T,, T,, T, and T,; (4) if the difference is negative one, insert the subband number into tables T,,
25 T,, and Ts; (5) 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. At the end of this step,
table T, contains the numbers of all subbands that have exponents in the range Xyqn -3 to X,gn, table
T, contains subbands with exponents from Xygn-2 to Xygy, table T, contains subbands with exponents
30 from X,gn-1 t0 Xuan, and table T, contains subbands with exponents equal to Xygn- 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 (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
35 T,, T,, and finally table T,. This process continues Bgﬂ@__g_l_}pgable_bi;s have peen assigned or until
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i mportant for conprehension and speaker recognition, and therefore shoul d

<be transmtted with greater accuracy than higher frequency conponents.
Different criteria apply with respect to nusic signals. Some general

bit-allocation criteria are: (a) Conponelg-variance: nore bits are

all ocated to transformcoefficients with the greatest |evel of AC power.
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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.
5  Each table entry represents a subband which, in general, contains multiple 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 situations, the allocation process notes which coefficients
in the subband must have a bit deducted from the subband’s allocation amount subsequently stored
10  in array A().
Phase two constructs four new tables, T, through T,, using a procedure similar to that used in
c phase zero: (1) X,qy 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
Xyan; (3) if the difference is zero, insert the subband number into table T,; (4) if the difference is
15 negative one, insert the subband nun_xber into table T; (5) if the difference is negative two, insert
the subband number into table T,; (6) if the difference is negative three, insert the subband number
into table T,; (7) continue steps three through six for each subband until all subbands have been
processed. At the end of this step, table T, contains the numbers of all subbands that have exponents
equal to Xyn-3, table T, contains subbands with exponents equal to Xygn-2, table T, contains
20 subbands with exponents equal X,qy-1, and table T, contains subbands with exponents equal to X,gy.
The entries in all of the tables are in ascending order according to the frequency of the transform
coefficient.
Phase two assigns bits to all coefficients represented by subbands in tables T; to T, until each
— coefficient has received a total of four additional bits, or until the allocation limit has been reached.
25 Starting with the first (lowest frequency) entry in table T, one bit is assigned to each coefficient
contained within each subband represented in the table. As each subband is processed, the entry is
removed from table T, and inserted into table T,. Next, coefficients associated with entries in table
T, are allocated an additional bit, moving each entry from table T, to T, as the additional bit is
assigned. Then entries in table T, are processed, moving the entries from table T, to T,. If any
30 allocable bits remain, allocation continues by repeating the process for table T, 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 all remaining allocable bits, table T, contains ail of the coefficients, each having received 4
bits, and tables T, through T, are empty. 'If all allocable bits have been assigned, array A() is
rebuilt from the information contained in tables T, through T, to reflect the total bits allocated to

35 each transform coefficient. Each element in array A() corresponding to an entry in table T, is
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gquanti zing errors are masked (rendered inaudi ble) by other signal
<conponents. This nethod is unique to those applications where audible
signals are intended for human perception. Masking is understood best with
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conpl ex waveformnms such as nusic signals. An exanple of a transform based
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299-308. If any allocable bits remain, allocation continues with phase three. Table T, is sorted, ordering
5  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 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

10 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

15 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 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, wouid be inserted into table T,.

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

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

25 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 T, 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

30 length equal to the value of the element of array A() representing the subband in which the
coefficient is grouped. Some coefficients in one subband, however, may have one bit deducted from

their length as required to keep the total number of allocated bits equal to the allocation maximum.
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Di scl osure of Inventions It is an object of this invention to provide for
“the digital processing of wi deband audio infomation, particularly nusic,
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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 calcuiated 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
coefficients within a subband. Some coefficients in one subband may have one bit deducted from
their length as required to keep the total number of bits allocated to the transform block equal to the

allocation maximum.

~ E. Formatting

The formatting process prepares 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 may be
used to format one transform block 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 word is formed by truncating the
rounded code word to a length equal to the minimum bit length shown in Table I. Any additional
bits allocated to the code word are formatted separately in an adaptive bit block. The master
exponents, subband exponents, truncated coefficient code words, and adaptive bit blocks are then
assembled according to the grouping shown 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 number 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 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 transmission, error correction codes are intermixed with the data as
shown in Figure 21. Additional overhead bits may be required, such as frame synchronization bits
if the digital signal is intended for transmission, or database pointers or record keys if the frames are

intended for storage. If frame synchronization bits are required, the formatted frame is randomized

using a technique described in Smith, Digital Transmission Systems, New York, NY: Van Nostrand
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that obtainable from Conmpact Discs. It is yet a further object of the _
“invention to provide such an encode/ decode apparatus and net hod enbodied in
a digital processing systemrequiring a small anount of space to store the
encoded signal. Another object of the ingention is to provide inproved
psychoacoust i c- maski ng techni ques in a transform coder processing nusic
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then appended to the frame synchronization bits.
Note that each transform coefficient may be represented in as many as two distinct parts or
5  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
10 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
© T 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
15 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() is
always zero (see Table I and éxpression 4), it need not be transmitted or stored. Therefore, the DST
20 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
embodiment, the total block-pair length is 1702 bits.)
No side-information is required to indicate the coefficients to which additional bits have been
—- allocated. The deformatting process is able to determine the proper allocation from the transmitted
25 subband exponents by performing the same allocation algorithm as that used in the encoding process.
When data corruption is not a problem, a preferred structure for formatting a frame of transform
blocks is one which places the exponents first, 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
30  coefficient while the adaptive bit blocks are being received. The formatting structure used in the
preferred embodiment of an encoder according to the 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,

This Sheet Has Been

I



-8 - Further details of the above object and still other objects of the
“imvention are set forth through this docunent, particularly in the Detailed
Description of the Invention, bel ow. An encoder according to the present

i nvention provides for the digital encodi3g of w deband audi o infornmation.

1n one enbodi nent, the w deband audio signals are sanpled and quanti zed
i nto ti ne-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 concern, an error correction scheme is
necessary. Errors in subband exponents, and to the lesser extent, errors in the lower-frequency
5 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

10 utilized without departing from the basic invention.

When error correction codes are employed, fewer adaptively allocated bits are used in order to

e 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

15 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.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

20 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,

25 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
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 eight
bytes of unprotected data. See Figure 21. With this technique, a single burst error of as many as

30 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, and are followed by the adaptive bit blocks.
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5 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 111 either by receipt of a transmitted signal or retrieved from storage. The
10 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 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
15 during transmission or storage.

Each of the master exponent bits are checked with its corresponding redundant bit to verify
accuracy. If this check fails, i.e., a master exponent and its redundant counterpart are not equal, the
value of the master exponent is assumed to be one. If the correct value of the master exponent is
actually zero, this assumption will reduce the amplitude of all transform coefficients within the

20 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 to determine if any hidden bit adjustments

— are necessary.

25 The adaptive bit allocation routine discussed above is used to process the exponents extracted
from the received signal, and the results of this process are used to determine the proper allocation
of the adaptive bit blocks to the transform coefficients. The portion of each transform coefficient
whose length equals the minimum bit length plus any adaptively allocated bits are loaded into a 24-bit
word and then shifted to the right a number of times equal to the value of the appropriate subband

30 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 Transform
Box 114 in Figure 1b represents a bank of synthesis filters which transform each set of frequency-

35 domain coefficients recovered from the deformatting and linearization procedures into a block of
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I n*ene enbodi nent, a decoder receives the digital output of an encoder via
_a storage device or transm ssion path. It derives the nonuniformy coded
Spqctral conmponents fromthe fornatted digital signal "and reconstructs the
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response \wfinaodifiedinterseDCT gnd » modified inverse DST. Because half of the transform blocks are
5 omitted from transmission or storage (see expression 5), those blocks must be recreated for the
inverse transforms. The missing DCT blocks may be recreated from the available DCT blocks as
shown in equation 8. The missing DST blocks may be recreated as shown in equation 9. The

inverse DCT is expressed in equation 10, and the inverse DST is expressed in equation 11.

¢k = -C(N-k) for N2 <k < N ®)

10 S$&) = S(N-k) for N2 <k <N ©)

e #(n) = lg (k) -cos 2nk(ﬂ) for0 £n <N (10)
K& K

i) = l§ j(k) sin 2Rk(ﬂ)] for0 £n <N (11)
Ko K

where k = transform coefficient number,
= signal sample number, ‘
15 K = number of transform coefficients,
N = sample block length,
m = phase term for E-TDAC (see equation 6),
¢(k) = quantized DCT coefficient k,
$(k) = quantized DST coefficient k, and
20 %(n) = recovered quantized signal x(n).
- Calculations are performed using an FFT algorithm. The same techniques as those employed 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-14e and 16a-16g illustrate the transform process of the analysis-synthesis filter
25 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 evéry other block, and
applies the inverse DST to the other half of the blocks. As shown in Figures 15a-15d, the recovered
signal contains aliasing distortion. This distortion is cancelled during a subsequent time-domain
block overlap-add process represented by box 116 in Figure 1b. The overlap-add process is
30 discussed below.
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the E-TDAC transform requires the application of a synthesis window identical to the analysis
5  window and an overlap-add of adjacent blocks. Each block is overlapped 100%; S0% 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
10 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
s 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
15 is by an analysis-only window designed without this constraint. For example, see Figures 17a and
17b.
While analysis windows have received much attention, the prior art teaches little abdut 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,
20 several windows permit design of a filter bank with good selectivity, and they offer a means to trade
off steepness of transition band rolloff against depth of stopband rejection. Three examples are the
Kaiser-Bessel window, the Dolph-Chebyshev window, and a window derived from finite impulse
filter coefficients using the Parks-McClellan method. See Parks and McClellan, "Chebyshev
— Approximation for Nonrecursive Digital Filters with Linear Phase,” IEEE Trans. Circuit Theory,
25 vol. 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 single parametric alpha value.
As a general rule, low alpha values improve transition band roiloff, and high alpha 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 an encoder
30 and a decoder according to the present invention. This range provides a good compromise between
steepness of transition band rolloff at mid-frequencies (1-2 kHz), and depth of stopband rejection for
low frequencies (below 500 Hz) and high frequencies (above 7 kHz). The range of acceptable alpha
values was determined using computer simulations by identifying the lowest alpha values which have
sufficient stopband rejection to keep quantizing noise below the psychoacoustic masking threshold.

35 The Kaiser-Bessel window function is
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domai n sanpl e bl ock. Nonuni form spectral coding; including adaptive bit
~allocation, quantizes each spectral conponent, and those conponents are
assenbled into a digital format suitable for storage or transm ssion over
comuni cation paths susceptible to signaggcorrupting noise. In one
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ang reconstructs the n TI! grrw n fop@cs mak Péorrponent s therefrom (12)
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where o = Kaiser-Bessel alpha factor,
n = window sample number,

N = window length in number of samples, and

x/2
5 L = g ( L ».

To satisfy the overlap-add criteria, an analysis-syathesis 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

10 window is shown in equation 13, where the denominator of the expression scales the window such
that its maximum value approaches b-ut does not exceed unity. This expression may be simplified

to that shown in equation 14.

E's(k) -W(n-k)
WP(n) = *0 for0<n<N (13)
T W)

k=0

N-w-1
Y W-k)
S WP(n) = "'+__ for0 <n<N (14)

Y Wk

k=0

15 where n = product-window sample number,
v = number of samples within window overlap interval,
N = desired length of the product-window,
W(n) = beginning window function of length v+1,
WP(n) = derived product-window of length N, and

20 I for0 < k < Nv
st = [

0 otherwise.

The analysis and synthesis windows shown in equations 15 and 16 are obtained by takmg the

25  derived product-window WP(n) to the A and S powers respectively.
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where WP(n) = derived product-window (see equations 13 and 14),
WA(n) = analysis window,
5 WS(n) = synthesis window,
N = length of the product-window, and
A+S=1
In the preferred embodiment of an encoder and a decoder according to the present invention, the
analysis and synthesis windows have a length of 512 samples with a 100% window overlap, or an
10 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 to be

WA(II) = for0 <n<N (17)

where W(n) = Kaisér;Bessel function of length 257, and the alpha factor is in the range 4 to 7.
15 '
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
20 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 signal block is modulated by the synthesis-
window functions shown in Figures 16b and 16e. The resulting blocks of signals ¥ (t) and ¥,(t) are
25 shown in Figures 16¢ and 16f. The two signals, overlapped by one-haif 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 ngt within the overlap interval between
block k and block k+1 is represented by a sample in each of the two blocks. Following an overlap-
30  add of the two windowed blocks, the recovered signal sample at time ngt is seen to be the sum of the

Ill

samples from windowed blocks k and k+ 1, which may be expressed as
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are overl apped and added to cancel the wei ghting efffects of the analysis
-and synthesis windows and recover a digitized representation of the
time-domain signal which is then converted to a high-quality anal og output.
In an enbodi ment of an encoder accordi ng%)to the present invention, a
di screte transform generates frequency-domai n spectral conponents in

response to t nal QW §1 me- domai n sanpl e bl ocks. 18
Pre]l‘oerablx %nog%i“r%ge ;NF% form‘ﬁﬁgsm)functlon equi valent to the (18)
B‘Hﬁl Bkaot

al ternate o‘an(&‘)rm&(‘M)ed{H&ﬁh@t’e Cosi ne Transform (DCT) and a

modi fied Di sCreAgng Q%ﬁ&ﬁ@%ﬁ:ﬂbmlﬁ%@kaiﬁm?ﬂ.,:a' terative embodi ment, the
dlscretetransformls |£E enent ed a single ‘modi fi ed
WS, (ngt) = synthesis window in block k at time ngt, and

5 WA(ngt) = WS, (nyt) 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 interval equals unity. Therefore, signal x(nt) may be accurately
recovered if

WP, (nt) + WP,,,(nt) = 1 for0<n< N (19)
10 for all time samples nt within the overlap interval between block k and block k+1.

It is difficult to work with the product-window as a function of time, so it is desirable to translate
the requirement as expressed in equation 19 into a function of window sample number 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 represents the overlap

15 of the first half of window WP, and the last half of the previous window WP,,. Equation 21
represents the overlap of the last half of window WP, and the first half of the following window

WP,.,. Equations 22 and 23 show the equivalent expressions in terms of the analysis window,

WP, (n+256) + WP,(n) = 1 for 0 < n < 256 (20)
WP,(n) + WP,,,(n-256) = 1 for 256 < n < 512 73}
20 (WA, (n+256)}* + (WA} = 1 for 0 < n < 256 22)
(WA} + {WA,,,@256)) = 1 for 256 < n < 512 23)

where WP, (n) = WA (n) WS, (n) = {WA,(0)}?,
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
30  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.
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i screte Cosine Transform (DCT), however, virtually any time-domain to
hgazguency-donain transformcan be used. In a preferred enbodi ment OLF$n'
encoder and a decoder according to the present invention, a single Tis t
utilized to sinultaneously calculate thegforward transformfor two ?djgfenk
signal sanmpl e blocks in a single-channel system or one signal sanple oc

from each channel %fmAmmmA@mm@eﬂrmtd In';wgl;sg
rrant or i of PiHeF elbotindhr 8 i &856e bt 0i0ies Aesoring ) o4 prsentmeshtion emplayscior

tranformfor t wo tran orm
and a dec@Herpate cteasfirmgrefaraihe pereinens OddStick&D TithE Bomain Aliasing Cancellation
(O-TDAC). The following description discusses the differences in implementation between the

5  E-TDAC and O-TDAC transforms.

A. Forward Transform
O-TDAC utilizes a transform function which is a modified Discrete Cosine Transform OCT)
shown in equation 24.

’

10

N-1
) = Y xm) cos[zn(b—)(mm ] for0 <k <N @4

2=0

where k = frequency coefficient number,
n = input signal sample number,
N = sample block length,
15 m = phase term for O-TDAC (see equation 6),
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
| Clo) for0 < k < N/2
[0 for k = N/2
where i = signal sample block number, and
C(k) = DCT coefficient (see equation 24).
25 The computation algorithm used is the Fast Fourier Transform (FFT). Unlike the E-TDAC
version, the O-TDAC implementation does not use a single FFT to concurrently transform two signal

20 {Cwy} = @5)

sample blocks. The computational complexity of the transform is reduced, however, by employing

a technique similar to the premultiply-transform-postmultiply process used in the E-TDAC version.

The premuitiply step converts the real valued sequence of signal samples x(n) into a complex valued
30 sequence by modulating the signal samples by the complex function

exp(-jnl%) (26)

where j = /-1,
n = input signal sample number, and
N = sample block length.
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A' [ .1 kHz. \Wile the sanpling rate is not critical, 44.1
Ei&rrp! Isng gﬁlt '?alt)ise4garrpl ing rate and it is convenient because it is ial so the
sanpling rate used for Conpact Discs. An al ternative embodi ment izploKsHZa
48 kHz sanpling rate. In the preferred eniggdi nent enpl oying ng RS
sanpling rate, the nom nal frequency response extends to 15 an
time domain S&PMC@tﬁ%ksTMMlmwtw@j’ a?ﬁ tﬁﬂiﬁl}nﬁil;eﬁ?ﬂ;l b{& @Qﬁm[,{egﬂm
ot of essi onal hob EaBRIRTMheRdy BEhist e 3 5’ comileayBastoen ibe s ud ingnacy

pr of essi onal broadcasting ap

h as
el by gy s ‘Wﬁ?éW?“%?ﬁ?ﬂg‘@iﬁmﬁﬂ'@ esten
ZL;ﬂ ty rra;q/ﬁ’ %ﬁé@ l%éé@@fﬁ%:ﬁowﬁ-@gﬂ% ttl?’ﬁé"?%rﬁ fepeesenied belosyinrqquatihs 27 and 28.

5 X'(k) = FFT [x(n) °exp(-j1t1%)J @27)
= . +_1. E + i +}. ﬁ 28
C(k) = Rk cos[Zn(k 2)(N)J (0.(3) sm[Zn(k 2)( N)] (28)

where j = /-1,

n = input signal sample number,
- N = sample block length,

10 k = frequency coefficient number,

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.

15 In one embodiment of a one-channel encoder according to the present invention, two consecutive
overlapped signal saimple blocks are stored in buffers and transformed together using two FFT
processes into a DCT,/DCT, block pair. In two-channel systems, signal sample blocks from each
of the two channels are transformed by two FFT processes into a DCT,/DCT, block pair.

Princen showed that with the proper phase component m (see equation 6) and a carefully designed

20 pair of analysis-synthesis windows, the O-TDAC technique can accurately recover an input signal
from an alternating sequence of cosine transform blocks of the form

{C1®)}, {C2()}4, {CI®),, {C2()),, - . . (29)
where C1(k), = DCT, coefficient k of signal sample block i, and
C2(k), = DCT, coefficient k of signal sample block i.

25 Note that this sequence of transform blocks is formed by discarding, in effect, every other transform
block from each channel in a two-channel system, or every other transform block from each of both
DCT used in a single channel 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, 23a-23d, and 24a-24g. The principal difference is

30 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
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[ t he nonuni form
i ion. In a preferred enbodi nment of an encoder,
{?:nls?\(;?m l:gder corrpgt es a vari able bi LI eng';]h code }AD;df{)?redeﬁﬁPTbte;angform
ficient, which code-word bit |engt is the sum of : _ (
E?tefsf;ﬁldeg vari abl e nunber of bits deteroyped by adaptive bit allocation

[ | content, noise in the subband
based on whet becayse of current signa nt, I e
is |ess suﬂﬁgg%?bli(%’ piapingds time ireyerseds itionythe kteree-quattercpoint oPthl §im %’?@g{?ﬂlﬁm b

' ' done
fixed numbeXangé isiiph SeecFigied 2bofha 53¢ ach subband based on enp
The design and use of analysis and synthesis windows is identical to that for E-TDAC. See
Figures 24a-24g.

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 present. In each block pair, both transform blocks include coefficient C(0), therefore,
10 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 to eight bits for
o 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

15 transform block pair, discussed below, the allocation limit is only 130 bits.

C. Formatting and Deformatting

Each encoded DCT block includes 183 coefficient mantissas comprising 538 bits (see Tables I and
1) and 130 adaptively allocated bits, for a total of 668 bits each. The two master exponents and
20 37 subband exponents of 148 bits shared by both DCT blocks brings the DCT,/DCT, block pair

length 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 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.
25 The deformatting process is identical to that described above except no checks are made for any
" hidden bis.

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

equation 31.

&) = -C(Nk) for N2 < k < N (30)
s < 1% A L1 nem for0<n<N 31)
#(n) Ké\_‘; (s(5) cos{zu(k D% )]

where k = transform coefficient number,
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-10- \\cﬁ)bservat i ons regardi ng psychoacoustic-making effects of a si SgLeEtsone
si-gnal in the subband under consi deration. The assignnment of f|>r<]e Item "
takés into consideration the poorer subjective perfornmance oflt e Sys

| ow frequencies due to the greater selectjvity of the ear a]E owI
frequenci es. A though masking perfornmance in the presence of conpl ex .
signal s ordi nam #wig'ml taniplenunilean in the presence of single tone sign ,

et SPosa. nor Kol EGRERGR ShmcRRB 3\ 2em & ol hogretal ve 1 the
sense t hat N = sample block length,
~ m = phase term for E-TDAC (see equation 6),
5 C(k) = quantized DCT coefficient k, and
X(n) = recovered quantized signal x(n).

The O-TDAC lmplementanon of the inverse transform reduces computational complexity by
employing 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

10 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) = IFFI'[C(k) .exp(.ﬂukl%)] for0 €sn<N (32)

x(n) = r(n) COS[ET] q(n) sm[ Nm} for0 <n< N (33)

15  where j = /-1,
m = phase term for O-TDAC (see equation 6),
N = sample block length,

k = frequency coefficient number,

n = input signal sample number,
20 t(n) = real part of sample x"(n),
q(n) = 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.
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most of the bits are fixed bits and a relatively few bits are adaptively
‘assi gned. This approach has several advantages. First, the fixed bit
assignnent inherently caonpensates for the undesired distortion products
generated by the inverse transform becayii the enmpirical procedure which
established the required fixed bit assignitfents included the inverse
transf orm process. Second, the adaptiveqhht-all ocation algorithmcan be
kept relatively sinple. In addition, ada | y-assigned bis are nore

sensitive to signal Mdgpsm ssi O”S@(fbr afld S OCCUHI% etvveen the encoder and
u Minimuge| | as

decoder since such egxgrs cangfes ncorre gnnen
i ncorrect values for ﬁese bifs in tﬁ;é‘pglgcoder 8 npi ri caBitldchni que for

allocating bits mayppexRptter er sty od by re’rerence TO rrgure_ 13

EXPI [ +
EXP2 5 5 bits
EXP3 3
EXP4 4
EXP5 5
EXP6 6
EXP7 7
EXP8 8
EXP9 9
EXP10 10
- EXP11 11
EXP12 12
EXP13 13-14 i
EXP14 15.16 4 bits
EXP15 17-18
EXP16 19-20
EXP17 21-22
EXP18 23-24
MEXP1 EXP19 25-27
' EXP20 28-30
EXP21 31-33
EXP22 34-37
EXP23 | 38-41
EXP24 42-46
EXP25 47-53 i
EXP26 160 3 bits
EXP27 61-67
— EXP28 68-77
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 d
therefore the exponent and mantissa for S(0) need not be transmitted or storeg Y (e decoder,

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

Table I
Frequency Coefficients for 15 kHz E-TDAC Coder  This Sheet Has Been Replaced
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whi ch shows critical band spectra of the output noise and distortion (e g.,
‘the noise and distortion shown is with respect to auditory critical bands)
restlting froma 500 Hz tone (sine wave) _f@r three different bit

al l ocations conpared to auditory masking. The Figure is intended to
denonstrate an enpirical approach rather than any particul ar data.

Al |l ocation A (the solid l[ine) is a reference, show ng the noise and

di stortion products Maseduced by ishghag®0 Hz Si nee c?e Y\/nen ap.arbitrary
nunber of bits are alBxpcated g eachgqf zhe tr aﬁé iy coeffp‘g@ s,

Al'l ocation B (the short dashed |ine) shows the nol &3and di stBh on
products fe+r—the—sane.relative bit allocation as allocation A but with 2
fewer bits per transform coefficient.

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

MEXP]
EXP37 4 bits 183-199 2 bits
EXP38 200-216
EXP39 217-233
- Table II

Frequency Coefficients for 20 kHz E-TDAC Coder

Master Subband Coefficient

Minimum
Exp Exp Exp Ln Numbers Bit Ln
MEXPOQ 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
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ooat [ [ al l ocation A for
cation C (the long dashed line) is the sanme as
.?Irlaauenci es i§1 the lower part of the audio band up to about 1500 Hz o
Al'location Cis then the sane as allocation B for frequencies inthe upp

i he dottedp
t of the audio band above abut 1500 Hzgy . The !mm r Im
gﬁélitory maski ng curve for a 500 Hz tone. It will be o ’ !LL ) Iglse
o b 2 Poeatl on dup toichet o2 bgl 19WI fdm??”éfl_%hteoprgskﬂlgacu;e' t he noi se
of bit allocation due to the rapi all o _ ) e o
[ [ t.curves are above the masking thresho
?88 ﬂzst gr 558”65 ré%g’ggfr&’? therhigh-quatity digital encodingoft widétahd awid inm%mgtédn‘? comprising
. . . : 0

al | ocation B) eubinad hivhfs fdr teceRiE BldowidHaRF aBH8 utbitafon b or %enerau%g subband
t wo

5

blocks in response thereof, each of said subband blocks comprising respective subband
information for a plurality of subbands,

nonuniform quantizing means for forming digital words representing said subband information
and for generating code words by adaptively allocating bits to and Quantizing said digital words,
wherein bits are adaptively allocated to digital words in a respective subband and one or two
10 adjacent subbands on the basis of the energy level in said respective subband, and

formatting means for assembling digital information including said code words into a digital
output having a format suitable for transmission or storage.

2. An encoder according to claim 1 wherein said subband means comprises means for forming

15 time-domain signal sample blocks in response to said wideband audio information, and means for
generating analysis-window weighted time-domain signal sample blocks by weighting each of said
time-domain signal sample blocks with an analysis window, and wherein each of said subband blocks
comprises frequency-domain transform coefficients grouped into subbands, said transform coefficients

generated by applying a discrete transform to said analysis-window weighted time-domain signal
20 sample blocks.

3. An encoder according to claim 1 or 2 wherein said subband means comprises means for

sampling and quantizing wideband analog audio information into time-domain signal sample blocks.

25 4. An encoder according to any one of claims 1 through 3 wherein said nonuniform quantizing
means further comprises

means for estimating the relative energy level of each subband represented in a respective
subband biock,

means for allocating at most a maximum number of bits to digital words in a first group of
30 subbands possessing the greatest relative energy levels and stopping when a certain number of bits
has been allocated to each of the digital words in said first group of subbands, and

means for allocating bits to digital words in subbands adjacent to subbands in which each of
the digital words have been allocated said certain number of bits.

35 5. An encoder according to claim 4 wherein said certain number of bits is equal to said maximum
number of bits. . _
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bits over a portion of the spectrumincluding the géhggﬂlgseéengk gedt one, as
shown in allocation C, restores the original audi b tortion

| evel s. Audi bl e noise is also present at high frequ ‘Bl 'm S not
change as substantially when bits are rengved and a t hat
exene portion of the audio spectrumthe noise and distortion products

created by tée\ &oddrifor theRigigaalitytresrotnctiby of Wideband audio information from a coded signal
comprising digital information, said decoder comprising
deformatting means for receiving said coded signal and for deriving code words from said
digital information,

5 linearization means for adaptively allocating bits to and dequantizing said code words into
digital words representing subband information, and for forming subband blocks comprising
respective subband information for a plurality of subbands, wherein bits are adaptively allocated
to code words corresponding to digital words in a respective subband and one or two adjacent
subbands on the basis of the energy level in said respective subband, and

10 inverse subband means for generating a representation of said wideband audio information

in response to said subband blocks.

7. A decoder according to claim 6 wherein said inverse subband means generates said
representation of wideband audio information by applying an inverse discrete transform to said
15 subband blocks.

8. A decoder according to claim 6 wherein said inverse subband means comprises
means for generating time-domain signal sample blocks by applying an inverse discrete
transform to said Subband blocks,
20 means for weighting the time-domain signal sample blocks by a synthesis window, and
| means for cancelling window weighting effects to generate said representation of wideband

audio information.

9. A decoder according to any one of claims 6 through 8 wherein said inverse subband means
25 comprises means for converting said representation of wideband audio information into an analog

form.

10. A decoder according to any one of claims 6 through 9 wherein said linearization means
comprises
30 means for estimating the relative energy level of each subband represented in a respective
subband block,
means for allocating at most a maximum number of bits to code words corresponding to
digital words in a first group of subbands possessing the greatest relative energy levels and
stopping when a certain number of bits has been allocated to each of the code words
35 corresponding to digital words in said first group of subbands, and

means for allocating bits to code words corresponding to digital words in subbands adjacent

* c L M S *
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-11- By observing the noise and distortion created in response to tones at
‘various frequencies for various bit allocations, bit |lengths for the
various transformcoefficients can be allocated that result in acceptable

|l evel s of noise and distortion with respggt. to auditory masking throughout
the audio spectrum Wth respect to the exanple in Figure 13, in order to

| ower the | &9&h0b3pds inavhich Wﬁ) afithe ¢ddet wortls corresponding ts digithlvbrdd Was BB ikt
threshol d i Rsaidh@rthiRnGiy %e{a%about 100 Hz to 300 or 400 Hz, additional B‘?ts
could be added to the reference allocation for the transform coefficient
containing the 500 Hz tone and nearby coefficients until the noise and

distortion dioppdecddel awoidisy FPAKIM 90 wherein said certain number of bits is equal to said
5  maximum number of bits.

2. A system for the high quality processing of wideband audio information comprising an
encoder according to any one of claims 1 to 5 and a decoder according to any one of claims 6 to 11.

10
/"
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threshold. Simlar steps would be taken for other tones thoughout the audio
'spectrumuntil the overall transformcoefficient bit-length allocation
resulted In acceptably 'l ow audi bl e noise in the presence of tones, taken
one at a tinme, throughout the audio specsgum This is nost easily done by
way of conputer sinulations.The fixed bit allocation assignnent is then
taken as sonewhat | ess by reABSIRAGCKHO! ISCROSYRE om each transform
coefficient across the spectrum (such as al [ ocat i on B). Adaptively

all ocated bits are added to reduce the audi ble noise to acceptable |evels

i n the problAmencedsrofesodes andammdeddec()dmsysm uﬁizl@@ﬁhﬁzaﬁoﬁd addptie bt AMdcatise|
observati t he ease an Crease udj bl e noise with
respect t g@gn&,ﬁgﬁ.ﬂ éa?‘?eosﬁ%lgw orRagqn 75, esugqam?s di“ accordance with spectral
5  levels within a respective subband, bits are adaptively allocated to representations of the information
in the respective subband and in adjacent subbands.
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Figure 13 formthe basis of the fixed and adaptive bit allocation schene
“‘descri bed above and di scussed in nore detail below. In a preferred

enbodi ment of an encoder, the nonuniformy quantized transform coefficients
are expressed by a bl ock-floating- p0|nt representation conprised of block
exponents and vari abl e-1ength code wodfig: As descri bed above, ¢ ?ﬁs

vari abl e-1 ength code words are further conprised of a fixed bit eﬂ‘d%ﬂ’
portion and a variable length portion of adaptively assigned bits. The
encoded signal for a pair of transform bl ocks is assenbled into franes
conposed of exponents and the fixed-length portion of the code words
followed by a string of all adaptively allocated bits. The exponents and
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fixbdtlength, portion of code words are assenbl ed separately from
-adaptively allocated bits to reduce vulnerability to noise burst errors.
Unl ke many coders in the prior art, an encoder according to the present

i nvention need not transmt side infornation regardi ng the assignnent of
decoder can deduce the correct

adaptively allocated bits in each frane.,
assi gnnent by applying the sane aIIocatldk algorithmto the exponents as
In applications where frame synchronization is

that used by the encoder.
required, an enbodi ment of an encoder according to the present invention

may appehd the formatted data to frame synchronization bits. The formatted
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data bits are first random zed to reduce the probability of |ong sequences
This i s necessary in many
not tolerate such sequences

*of bits with values of all ones or zeroes.
environnments such as T-1 carrier which wll
beyond specified | engths.

- 12°/25

I n asynchronous applications,
reduces the probability that valid data within the frame wll
for the block synchronization
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sequence. In a decoder according to the present-invention, the formatted

‘data bits are recovered by renoving the frame synchroni zation bits and
appfying an inverse randoni zati on process. In applications where the
encoded signal is subject to corruption, error correction codes may be
utilized to protect the nost critical 4R%a;nation, that is, the exponents
and possibly the fixed portions of the st-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

i ncrease the length of a noise burst required before critical data cannot
be corrected. The various features of the invention and its preferred
enbodi ments are set forth in greater detail
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S~ ow

in the followng Detail ed Description of the Invention and in the
‘aeconpanyi ng drawi ngs. Brief Description of Drawings Figures la and |b are
funttional block diagrans illusating the basic structure of one enbodi nent
of an encoder and a decoder according to the present invention. Figures 2a
t hrough 2e are bl ock di agrans show ng$¥he hardware architecture for one
enbodi nent of an encoder and a decoder according to the present invention.
Figures 3a and 3b are bl ock diagrams showing in greater detail the

serial -communi cations interface of the processor for a two-channel

enbodi mrent of an encoder and a decoder according to
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the present invention. Figure 4 is a hypothetical graphical representation
*'showi ng a tine-domain signal sanple block. Figure 5 is a further

hypét heti cal graphical representation of a tine-donmin signal sanple block
showi ng discontinuities at the edges of the sanple block caused by a

di screte transform assum ng the signalgmithin the block is periodic. Figure
6a Is a functional block diagram show ng the nodul ati on of a function X(t)
by a function Wt) to provide the resulting function Y(t). Figures 6b

t hrough 6d are further hypothetical graphical representations show ng the

nodul ati on
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of a time-domain signal sanple block by an analysis window. Figure 7 is a
‘fkow chart showi ng high level logic for one enbodi nent of a nonuniform
quantizer. Figure 8 is a flow chart showi ng nore detailed |logic for an
adaptive bit allocation process. Figure 9 is a graphical representation
showi ng a representative filter characgzglstlc response curve and two
psychoacousti ¢ maski ng curves. Figure 1 Sis a graphi cal representation
showing a filter characteristic response with respect to a 4 kHz
psychoacoustic masking curve. Figure 11 is a graphical representation
showing a filter characteristic response with respect to a
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1 kHz psychoacoustic maski ng curve. - 13 - Figure 12 is a graphical
‘representation illustrating a conposite masking curve derived fromthe
psy¢hoacousti c maski ng curves of several tones. Figure 13 is a graphical
representation showi ng the spectral |evels of coding noise and distortion
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of an encoded 500 Hz tone for three different bit allocation schemes with
‘respect to the psychoacoustic masking curve for a 500 Hz tone. Figures 1l4a
t hrough 140 are hypothetical graphical representations illustrating a

ti me-domai n signal grouped into a series of overl apped and w ndowed .
ti me-domai n signal sanple blocks. Figufgg 15a through 15d are hypotheti cal
gr aphi cal representatl ons il I ustratl ng the tine-donai n aI Il asing distortion
created by the E- TS G hrough 169 are hypotheti cal
graphi cal represen \ T'Jt bm duné’ﬁMfwﬁoﬂwm CRIATE- Jormai n

al I asi ng by overl dp- add 4 , C f rtsBy; synthe5|s
Pk o o Ao e ¢

REPEA}; NgR UDOAN?? b)) INQTRAMFORQ PLOCK B

LA%&&T (ot
T~ LT 5H|FT5 TO NORMALIZE' Cpqag
REFET. FoR A?L %u?gm% o8,

SET SUBBAND EXPONENT EXR, — NA,

SET SUBBAND EXPONENT EXP; — N,

1

FOR SUBBANDS 9B, TD 5By

FIND 5HA
[Np SMLLEST KUBgAND EXPONENT Xy

%7 Vekro
3T EXPY CFOR SUBBANDS — EXP; -3

SET MEXPO — O
IF_ANY EXP; > 15 THEN SET EXP; —- I5

~101

-T02a
ELSE

FOR SUBBANDS 58w T0 58
FIND SMALL
i ALLEST h?uagknv EXPONENT Xy

ng
€T MEXPt —|
ELSE SET EXFy FOR SUBDANDS == EXP, -3 L-10b
5ET MEXP! — 0
IF_ANY EXP > 15 THEN SET &XP, ~ (5

REPEAT FOR ALL SUBBANDS 5
REFEATL FOR ALL COEFFICIENTS ¢ 5B —~10%
0OKUP MINIMUM BAT LENGTH HINLEN(C)

!

VO AAPTIVE BIT ALLOCATION: SET A() FOR ALL B, To4

'

REPEAT FOR ALL SUBBANDS 5
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_Figures'17a-17b are a graphical representation conparing filter transition
‘band roll off and stopband rejection of a filter bank using an anal ysis-only

wi ndow wi th that of

a filter bank using the anal ysis w ndow of an

anal ysi s-synt hesi s wi ndow pair designed for an encoder according to the

present invention. Figure 18 is a hyf#desieti cal graphical
showi ng the overl ap-add property of adjacent w ndowed bl ocks.

ical representation conparing the shape of severa
SOET aMal YR ERENTY 0 s 4to7

a hypot hetical graph
convol ved Kai ser - Bes
Wi th a sine-tapered
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Figure 20 is a schematic representation illustrating the format of a frame
‘of two encoded transform bl ocks w thout error correction. Figure 21 is a
schématic representation illustrating the format of a frane of two encoded
transform blocks with error correction codes. Figures 22a though 22e are
hypot heti cal graphical representations i) ustrating a tinme-domain signal
grouped into a series of overl apped and dowed tine-donai n signal sanple
particularly as inplenmented for the O TDAC transform Figures 23a

bl ocks,
t hrough 23d are hypothetical graphical representations illustrating the
time-domain
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al i a?i"hng distortion created by the O TDAC transform Fi gures 24a through

24g are hypot heti cal

graphi cal representations illustrating the

cancel l ation of time-donmain allasing by overlap-add during O-TDAC transform

signal synthesis. Figure 25 is a scherr%l
format of a frame of two encoded transf&f%
O TDAC transform enbodi nent of an encoder according to

N I AL
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t he present inventiop.
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- 14- Table | shows master exponents, subband grouping, and coefficient bit
1engths for a 15 kHz E- TDAC enbodi nent of an encoder and a decoder
according to the present invention. Table Il shows subband groupi ng and
coefficient bit lengths for the additional transformcoefficients required

in a 20 kHz E-TDAC enbodi ment of an en@8ger and a decoder according to the
present invention. Table Ill shows the difference in subband zero required

for, the O TDAC enbodi nent of an

<n
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encoder and a decoder according to the present invention. Mdes for
Carrying Qut the Invention 1. PREFERRED | MPLEMENTATI ON OF | NVENTI ON Fi gur es

la and 1b show the basic structure of one enbodi nrent of an encoder and a
decoder, respectively, according to the present invention. The encoder

shown in Figure |la conprises tine- dons ¢%G§|gnal i nput 100, signal sanpler
and quantizer 101, signal sanple buffer anal ysi s- wi ndow nultiplier

103 whi ch nodul ates each digitized tine-domain signal block, digital filter
bank 104 which transforns the quantized signal into frequency coefficients,

bl ock-fl oati ng- poi nt encoder

20K

-+ MASKING AT 500 Hz
ALLOCATION A

~ ==~ ALLOCATION B
— - — ALLOCATION €

FREQUENCY (H2)

200
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105 which converts each integer-valued transformcoefficient into a

fl oating-point representation, adaptive bit allocator 106 which assigns
bitg to the representati on of each transform coefficient according to the
total signal's spectral conposition, uniformquantizer 107 which rounds
each transform coefficient to an assig&gd bit length, and formatter 109
whi ch assenbl es the coded frequency c 725 cients into a bit streamfor
tranmsm ssion or storage. Figure |a depicts a transm ssion path 110,
however, it should be understood that the encoded signal may be stored for
| ater use. The decoder shown in Figure |b conprises encoded bit-stream
signal input 111, deformatter 112 which extracts each encoded frequency

coefficient fromthe assenbled bit stream |inearizer 113
)y
FIG._/4a.
) Weld) MPLE BLOGR .
FIG_tab, F /\ /
}
W, (1) ’JAMPE?[;LO(K
FIG_./4c. \ /\ \/
t
Xe(® ' |
~  FIG_/4d 5/\ '/\
1 /
t
Xo(t)

F1G./4e.
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v .
whi ch converts each encoded coefficient into an integer-valued transform
toefficient, inverse digital filter bank 114 which transforns the transform
coefficients into a time-domain signal block, synthesis-w ndow rmultiplier
115 whi ch nodul ates the tine-donaind§ignal bl ock, signal bl ock overl ap-
adder 116 which recovers a digitize é‘/‘ﬁbresentation of the time-domain
signal, analog signal generator 117, and anal og signal output 118. A.
Processi ng Hardware The basic hardware architecture of one enbodi nent of an
encoder and a decoder according to the present invention is illustrated in
Fi gures 2a-2e and 3a-3b. Enpirical studies have shown that
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conVentional integer transform conputations nust be perforned to an
accuracy of at least 20 significant bits to achi eve stated performnce

obj gcti ves. - 15- A practical inplenentation of a preferred enbodi nent
of a single-channel encoder, enploying either a 44.1 kHz or a 48 kHz sanple
rate, utilizes a 16-bit anal og-to-di git#ksconveter (ADC) with
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peT DT
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a c§5fe time of no nore than 20 microseconds to quantize The input—— ..
time-donmi n signal. Each 16-bit digitized sanple is um@GnipufqLm the 16

nosté*-significant bits of a 24-bit word which is used i eplaced
conputati ons. A Nbtorol a DSP56001 24-bit digital -sign E Msp)
S used to p uired

operating at 20.5 MHz with no wait st at 4€/2
t he encode and decode processes. Static random

conput ations and to control
access nmenory (RAM provi Fa-and.data nenory for the DSP. A 16-bit
di gital -to-anal og convert S—witi-ddydl g tli e {of] o rq gmgn 20
m croseconds is used to ggrgratd-an-fanaliog di fihal |f norh tthe @egot digital
signal . The encoder har dwdrd—adedhiltdctiufe] S ifn |FIfgyr & Zay—irs-jconpri sed
of anal og signal input 20Q
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| ow- pass filter (LPF) 200A, ADC 201, DSP 202, static RAM 203, erasable
pmgramrabl e read-only nenory (EPROV) 204, and encoded serial -signal output
206." LPF 200A (a | ow-pass filter which is not shown in Figure la) insures
the input signal is bandwidth |imted. ADC 201 digitizes (sanples and
quantizes) the incomng signal into a™#sgal streamof 16-bit words. DSP
202 receives and buffers the serial streamof digitized sanples, groups the
sanples into bl ocks, perforns the calculations required to transformthe

bl ocks into the frequency domain, encodes the transform coefficients,
formats the code words into a data stream and transnits Jhe encoded si gnal
t hrough serial data path 206. The programm ng and data wofk areas for the
DSP are stored in two 24

FIG_/8.
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BLOCK K~
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kil obyte (KB) banks of static RAM 203 which is organized into two sets of
8,192 24-bit words. The DSP requires fast-access-tine program nmenory which
can be inplenented nore 'cheaply in RAMthan it can be in programuabl e ROM
Consequent |y, EPROM 204 stores programmi ng and static data in a conpressed
format which the DSP unpacks into a usad/gsforminto RAM 203 when the

on two

encoder is first powered on. Figures 2b and 2c provide nore detai
Figure 2b shows the serial- comunication interface for DSP

DSP interfaces. _

202, ADC 201, and serial data path 206. Tim ng generator 202A generates the
recei ve clock, frane-synchronization, and transmt clock signals for the
encoder. Line : '
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SCO-ct'ocks a serial-bit streamof digitized input signal sanples along |ine
SRD from ADC 201 into DSP 202. Line SCI provides the frame-synchroni zation
.signal to the ADC and the DSP whi ch marks the begi nning of each 16-bit

word. Line SCK clocks a serial-bit strgggkof t he encoded signal along Iine
STD fromthe DSP to serial data path 206."Figure 2c shows the nenory
addressing interface. Menory for the Mdtorola DSP56001 is divided into
three segnents: program X data, and Y data. One bank of RAM which
contains programnmenory, is selected whenever the DSP brings line PS |low. A

second bank cont-etps—det y, which is selected Mheﬂ€¥eh1LLQF DS is
brought | ow. The DSP sel bdts between X data and «C
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Y dgta'nennry by raising line XY high or bringing line XY | ow,

Fespectively. X data and Y data menory are mapped i nto separate address
spaces by attaching line XY to address line Al2. Therefore, 4 K words (4096
or 1000,, 24-bit words) of Y data menoy re mapped i nto word addresses
0000-OFFF[err] 4 K words of X data nenD are mapped into word addresses
1000[err] -1 FFF[err] and programnenory resides in its own space of 8 K

wor ds, conprising word

X9
FIG_22q

W PeT - —
o 0 SAMPLE BLOCK

FIG_22h | /\
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FIG_22c. /\ /
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addresses 0000[err]-1FFF[err]. Program data RAM 203 and EPROM 204 are
fapped i nto separate address spaces. Inverter 205C all ows DSP 202 to sel ect
ei t her RAM or EPROM according the state of address |ine Al5. Wen DSP 202
sets Al15 high, inverter 205C sets thez_;*,?\g_p-sel ect (CS) lines of RAM 203 and

EPROM 204 I ow. Only EPROM 204 is selected when CS is |ow Wen DSP 202 sets
205C sets the CS lines of RAM 203 and EPROM 204 hi gh.

Al5 |l ow, inverter
Only static RAM 203 is selected when CS is high. The decoder hardware
architecture, shown in Figure 2d, is conprised of encoded serial -signal
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i.nput” path 207, DSP 208, static RAM 209, EPROM 210, DAC 212, LPF 213A, and
analag signal output 213. DSP 208 receives and buffers the encoded si gnal ,
defofmats the signal into the encoded transform coefficients, perforns t he
cal culations required to transfornlthezﬁpefflC|ents into the tine domain,
groups the coefficients into time-donai Bl ocks over | ap-adds the bl ocks
into a tinme-domain sequence of digital sanples, and transmts the digital
sanples in a serial-bit streamto DAC 212. The progranmm ng and data work
areas for the DSP are stored in two 24 KB banks of static RAM 209 which is

organi zed into two sets p8~192 24-bit words. EPROM 210 stores in a
conpressed format progr ajmORWARDANVERSE ifc dat a which i nto
usabl e forminto RAM 209 when PQ§ /INVERSE
TRANSFORM all
TRANSFORM

v
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sw/vn
decoder Is first powered on. DAC 212 generates an anal og si gnal
corrgﬁpondlng to the serial-data streamreceived fromthe DSP. LPF 213A (a
| ow-pass filter which is not shown in Figure 1b) insures signal output 213
is free of any spurious high-frequency &sypgenents created by the
conmmuni cation interface

encodel decode process. Figure 2e shows the serial -
for DSP 208, serial-sign 07, and DAC 212. Tim ng generator

208A, using a phase-|ockdgd |oop cuift to extract a timng reference from
enerates the receive cl ock,
Li ne SCO

t he encoded serial-bit i
frame-synchroni zati on, €« qa ock signals for the decoder
clocks the encoded serial-tssilgpal plong line
§| E3 |©
- ¥ ¥
o o &/
< g g
f% D 8
— T o
) LK
< % = x
% wlej Q g &
/3 |© a 2
- a EE“: o)
& e =z
2 O
L™
5 3 g
o z Z
= e o2
- | e
SO
0
b ﬁ 03
3 T 3 &
wiC) |
So <]
Y} «
w 8
S
o
S q w :3
g E | ®
2| Sv
W~
e
Sv
mxmﬂ
D2
o
g‘J wxna.Q
> — This Sheet Has Bee
o~ as
==o ] | LT




N~ 1vo/
SRD i fito DSP 208. Line SCK cl Ocmsaee‘ss‘ﬁsu}abnltnptacm ream of the decoltfF

digitized signal sanples al ong I P 208--1-0--DAC.212 |5_‘l ne. ﬁCZ |
provides a_frame-synchroni zatlon DAC and "t-oERENDBREWHE ¢h s
mey ks thetbeginaing. of each: 16- bi he mterf’ace ‘betweentBPSP. 208 and €,

'- '.f'__f:rrﬁ,nnrymaddf,egﬂs bus, | s, i mad ement ed in the sane Hannersas that.jdescr | bed o i
W eifiar F.;.,gure 2c. The two- chanrYel ericgEpt prequkT €5, LPR s |
' d: 201B, - tennect ed as*showrrﬂtn Fb,guLeUSa n;I'he

) ADC cg&onents operat es in a manner

v
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nical d
The invention relates in general to high-quality low bit-rate digital signal processing of audio
signals such as music.

Background Art :

There is considerable interest among those in the field of signal processing to discover methods
wﬁchmnimizetheamomﬁhfomaﬁoanmedmrepmﬂadequaﬂyagxmsignﬂ 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 areinve:selyproporﬁonalwthennmberofbies
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 implemented by any of several time-domain to frequency-domain transforms which simulate
a bank of digital bandpass filters. Although transforms are easier to implement and require less
computational power and hardware than digital filters, they have less design flexibility in the sense
that each bandpass filter "frequency bin" reptesenbedbyatramform coefficient has a uniform

s o This is the replacement sheet
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“17 Fsimlar to that described above for Fl f”e[fﬂgng‘é'z g?cgﬂgr_bsgl -th ng
rovides an additional signal to |
Qe tor 20 prow des o, e onal ot o) 182 1 he, b 3L

laced
i i ndi which of the two A f
| exer 202B and indicate to the DSP : |
sr,rglnél: I?\g digitized data. The two-channel decoder requires DA
and LPF 213A and 213B, connected as

bandwidth. By contrast, a bank of digital bandpass filters can be designed to have different subband
bandwidths. Transform coefficients ¢an, 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 is defined
by 2 set of one or more adjacent transform coefficients or frequency bins. The bandwidth of a
transform coder frequency bin depends upon the coder’s sampling rate and the number of samples
in each signal sample block (the transform length).

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
ﬁlmpassbandandsmpbands(memiﬁonbands). The second is the attenuation level in the
stopbands. As used herein, the measure of filter “selectivity” is the steepness of the filter response
curve within the transition bands (steepness of transition band rolloff), and the level of atteriuation
in the stopbands (depth of stopband rejection).

These two filter characteristics are critical because the human ear displays frequency-analysis
properties resembling those of highly asymmetrical tuned filters having variable cener frequencies.
The frequency-resolving power of the human ear’s tuned fiters varies with frequency throughout the
audio spectrum. The ear can discern signals closer together in frequency at frequencies below about
300 Hz, but widening as the frequency progresses upward to the limits of audibility. The effective
bandwidth of such an auditory filter is referred to as a critical band. An important quality of the
critical band is that psychoacoustic-masking effects 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 bandwidth throughout the audible spectrum is about half the critical bandwidth of the human
winthesameportionsofthespecuum. 'Ihisisbecmemecritiulbandsofthehumanmhave
variable center frequencies that adapt to auditory stimuli, whereas subband and transform coders
typically have fixed subband center frequencies. To optimize the opportunity to utilize
psychoacoustic-masking effects, any distortion artifacts resulting from the presence of a dominant
signal should be limited to the subband containing the dominant signal. If the subband bandwidth
is about half or less than half of the critical band (and if the transition band rolloff is sufficiently
steepﬂdtlwsﬁopbandrejectionlssufﬁcienﬂydwp). the most effective masking of the undesired
distortion products is likely to occur even for signalswhosel&equencyisl;earmeedgeofthe
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shown in Figure 3b. The interface between the DSP and DAC conponents
operates in a manner simlar to that descrlmsdheﬁthmeeeﬁ(nbpla;ed)ne channel

decoder. Tim ng generator 208A provi des an al to line SCl of
the DSP at one-half the rate of the frame-sy signal to control
demul ti pl exer 208B and indicate to the DSP whiC wo DAC is currenty
recei ving digital data. The basi ¢ har dwhee archltecture may be nodified.

For exa one, Mbt.or 56001 operatin at 27 MHz with no wait states

can i rrplng'hgﬂ'f’ Wﬁ‘t'@ﬁg Erﬂ‘ﬁﬁ!@" mogacthan half méritieal and, \thére is

r equi reddxepossibiluydlatmedominantslgnalwi!lmeﬂxemscriticalbandtobeoﬁsa&ommeeoders
subband so that some of the undesired distortion products outside the ear"s critical bandwidth are not

‘masked. These effects are most objectionable at low frequencies where the ear's critical band is
narrower.

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 Foucier Transform. The process chooses an initial quantizer step-size,
applies entropy coding, andequanﬁuﬁonwithdif&rentstep-simmﬂtheMspecml
coefficients can be coded with a predetermined number of bits. Unused bits are available for
allocation in subsequent blocks, luorduwmakeuseofpsycho-aeousﬁcmasﬁngeﬁeas the -
specteal coefficients of each blockmdividedinmﬁequeucygmnps,thsefrequencygroupsbeing
selected such that, according to psycho-acoustic masking, noise is not perceivable if the signal energy
within each individual frequency group issubsmnﬁallyhigherﬂ:anmenoiseenergywithindxesame
group. After coding, the coefficients are reconstructed and the signal energy withineach frequency
group of the reconstructed values is compared with a mpective minimum refetence value. If the
signal energy within one or more of the frequency groups is below the respective reference value,
the spectral coefficients are muitiplied by a predetermined factor and quantization and coding is
pecformed again in a reiterative manner. Themmberof'reiheraﬁonsinmeinnerandd!eonter
iteration loop have to be transmitted as side information.

Transform codlng performance depends upon several factors, mciuding the signal sample block
length, transform coding ecrors, and aliasing cancellation.

Block Length

As block lengths become shorter, transform encoder and decoder performance fs adversely
affected not 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
rolloff, and (2) reduced level of 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 all frequencies, particularly low
frequencies. Even if the nominal sibband 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 significaint signal components outside the ear's critical bandwidth, In such cases,



Fart her, specialized hardware may be used to performcertain functions such
as w ndow nodul ation or the Fast Fourier Transform (FFT). The entire
encoder/ decoder nmay be ‘i nplenmented in a customdesigned integrated circuit.
Many ot her possible inplenmentations will be obvious to one skilled in the
art. B. Input Signal-Sanpling and Wndowi ng I n one enbodi mrent of an encoder
according to the present invention, signal sanpler and quantizer 101 is an
anal og-t o-di 8i t al l co%erter whi ch quantizes the input signal into 16 bits

which a Plaped: oncothercaspects oftthe system; plarticaladlyp qhdtizatdn
24-bit iacturgyr representation. All

Another disadvantage resulting from short sample block lengths is the exacerbation of transform

coding errors, described in the next section.
Transform Coding Errors .

mmm&mmamymmmof&equmcywefﬁdmbmw
workmthonlyaﬁmﬂesegmemofﬂwsignal Strictly speaking, discrete transforms produce a time-
frequency representation of the inpmum&domainsignalrathermmam&equency-domain
repmm&onwhichwouldrequueinﬁnitemﬁomlengths For convenience of discussion here,
howwu.ﬂxeoummofdk«uewansfomwmbemfmedmaa&equmcydomhnpmemﬁom
hm-ﬁqdkmmmmmmdmodj_mmwmmwhose
p«iodsmasnbnnﬂﬁp!eofﬂ:eﬁninmpleimm This is equivalent to an assumption that the
finite-fength signal is periodic. The assumption in general is not true. The assumed periodicity
mmswnumiﬁw&meedgesofmemmmwwhichmememmfommm
phanuomhighfrequencyeomponem

Onewchniquewhichmhimizuthiseffectmmreduced:edmonﬁmntypmrmme
‘transformation by weighting the signal samples such that samples near the edges of the interval are
close to zero. Samplesatdwcentetofﬂteintetvalaregenuauypassedunchanged i.e., weighted
by a factor of one. This weighting function is called an "analysis window" andmaybeofanyshape,
bmceminwindowseon&ibutemorefavorablymsnbbandﬂltetperfomanee

As used herein, the term *analysis window” refersmetelytomewindowingfunctionperfcmed
priortoapplicaﬁopoftheforwaxdmﬁorm. As will be discussed below, the design of an analysis
window used inoneembodimentoftheinwnﬁoniseomimdbykyn&siswmdowdmgn
considerations. ﬁuefom,dsignandpufommmpe&ﬁaofm'mﬂysiswuﬁow as that term
keommn!yusedhd:eanmaydlffer&omsudnmalysiswmdowsasimplememdinan
embodiment of this invention.

Whﬂed;ereisnosinglecriteriawhichmaybeusedmassessawindow’sqnality, general criteria
include steepness of transition band rolloff and depth of stopband rejection. In some applications,
the ability to uadesteepetrolloﬁ 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 wmdow
There are several compensation methods. For example:

(a) The recovered signal interval or block may be multiplied by an inverse window, one
whoseweighﬁngfacwrsuedterecipmcalofmoseforﬂwanalysiswindow A disadvantage
ofthlstedmlquek&akd«dquukum&emmwm“gowmumm
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subsequient transform cal cul ations are performed In 24-bit integer
arithnetic. The anal og i nput signal should be [imted in bandw dth to at
most 15 kHz (20 kHz for a 20 kHz bandw dth coder). This nmay be acconplished
by a | owpass filter not shown in Figure ia. A nusic signal with at |east
Conmpact Disc (CD) quality has, in addition to other qualities, a bandw dth
in excess of 15 kHz. Fromthe Nyquist-§kheorem it is known that a 15 kHz

bandw dt h si nust be s ed at no less than 30 Khz. A sanple rate of
44.1 Khz is @ﬂ@%ﬁ“‘?‘&?% blarksmey be bveriappadc dBijccarefullyodesipnigg e anklgsis

present |MMsmﬁmuwa&htMﬁsﬁddﬁdﬂﬁﬁg%b%r@n%gﬁéthg5@ g% q{' uch a

choi ce si %h fies.the neans necessar " he
compensated. (But see the following paragraph.) Whenusedwitheemintypes
of ttansformssuchasthe Discrete Fourier Transform (DFT), this technique increases the number

of bits required to represent the signal since the portion of the signal in the overlap interval must
be transformed and transmitted twice. For these types of transforms, it is desirable to design the
_ wmdowwithanovedapkltervalassmallaspossible -

(c) The synthesized output from the inverse transform may also need to be windowed. Some
transforms require it. Further, quanﬁzingermrsmayeeusemeinversemformtopmducea
time-domain signal which does 1ot 20 to zero at the edges of the finite time interval, Left alone,
mesemmmaydismntherewvﬂedﬁmedomainsignﬂmmmgiywkhinthewindow
overlap interval. Asypﬂwsiswindowembetlsedtoshapem:yntheﬁudsigmlblockat 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 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 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 frequeacy of signal components outside the filter’s passband. This
misrepresentation is a distortion called aliasing, .

' Aliasing Cancellation :

TheNyquktﬂlmremhoMsﬂmaﬁgndmybeaemmdyrmvued&omdwmsmpleswhen
the interval between samples is no luguﬂ:anone—halfthepmdofﬁ:esignalshlghest&equency
component. When the sampling rate is below this Nyquist rate, higher-frequency components are
misrepresented 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 stopband 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 faiﬂlmlly represeiited.
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present Invention in such applications. (This sanple rate al so supports an
alternative 20 kHz bandw dt h enbodi nent of an encoder according to the
present invention.) Qther sanpling rates, such as 48 kHz which is a rate
common to many professional audio applications, may be utilized. If an
alternate rate is chosen, the frequency separation between adjacent
transformcoefficients will be altered@®nd the nunber of coefficients

requited 1R KEUsABED design the analysis and synthesis filters such that aliasing distortion is
automatically cancelled by the inverse transform. Quadrature Mirror Filters in the time domain
possess this characteristic, Some transform coder techniques also cancel alias distortion.
Supptessin_g the audible consequences of aliasing distortion in transform coders becomes more
difficult as the sample block length is made shorter. As explained above, shorter sample blocks
degrade filter performance: the passband bandwidth increases, the passband-stopband transition
becomes less sharp, and the stopband rejection deteriorates. As a result, aliasing becomes more
pronounced. If the alias components are coded and decoded with insufficlent accuracy, these coding
errors prevent the inverse transform from completely cancelling aliasing distortion. The residual
disipgdkmﬁonwﬂlbemdiblemssmedismﬁmkpsychomusﬁuuymsked. With short
mleMMm.memehmyWeawﬁup&Mﬁm&e
mmmmmyammwmmmﬂmmmmm
resolution. Consequently, alias distortion may not be masked. One way to minimize the distortion
iswincteasequanﬁmionamacyinmepmblemsubbands,butmatincrm the required bit rate.
Bit-rate Reduction Techniques
The two factors listed above (Nyquist sampie rate and quantizing errors) should dictate the bit-rate
requirements for a specified quality of signal transmission or storage. Techniques mﬁy be employed,
however, to reduce the bit rate required for a given signal quality. These techniques éxploit a
signal’s redundancy and irrelevancy. A signal component is redundant if it can be predicted or
otherwise provided by the receiver. A signal component is irrelevant if it is not needed to achieve
a specified quality of represeatation. Several techniques used in the art include:
(I)M@mamcormmmkdgofaﬁmm a receiver to
M@mmmbﬂmmormﬁmsmm.
(Z)Mpywdhg:mmponemswhhahighpmbabﬂityofomeneemayberepresmd
by abbreviated codes. Both the transmitter and receiver must have the same code book.
Enuopymdhglndpudicﬁonhwemedkadvm;ummmeommiow
complexity and processing delay. Also, tiiey inherently provide a variable rate output, thus
requiring buffering if used in a constant bit-rate systen.
(3) Nonuniform coding: representations by logarithms or nonuniform quantizing steps
allow coding of large signal values with fewer bitsattheexpemeofgteaterquanﬁziugermrs.
(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.
Floatingpointisaspecialcaseofnonnnifomeoding.
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- 18 -*the desired si gnal bandwi dth will change. The full effect that a

change in sanpling rate will have upon the inplenentation of an encoder
according to the present invention will be apparent to one skilled in the
art. Assuming the input signal is not a conplex one, i.e., all imaginary

conponents are zero, "a frequency-domain transformof a 512 sanpl e bl ock
produces at nost 256 uni que nonzero trgnsform coefficients. Hence, the

encoder and r structures shown in Figures la and Ib is conprise of
256 frequencﬁm Wm1sdmndatbtmm¢yfmybaqddddﬁhe,@igmeﬁ.n is

equal to Stredgtiijor ﬁ@diuency 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:

(2) Component variance: more bits are allocated to transform coefficients with the
greatest level of AC power.

(b) Component value: more bits are allocated to transform coefficients which
represent frequency bands with the greatest amplitude or energy.

(c) Psychoacoustic masking: fewer bits are allocated to signal components whose
quantizing ecrors are masked (rendered inaudible) by other signal components. This
method is unique to those applications where audible signals are intended for human
perception. Masking is understood best with respect to single-tone signals rather than
muitiple-tone signals and complex waveforms such as music signals.

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 Codmg

Incorporating Time Domain Aliasing Canceliation, " Speech Communications, vol. 6, North-Holland:
Elsevier Science Publishers, 1987, pp. 299-308.

_ Disclosure of Invention

It is an object of this invention to provide for the digital processing of wideband audio
.htfomation, 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 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 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 inveation is to provide improved psychoacoustic-masking techniques in a
transform coder processing music signals.

It is still another object of the inveation to provide techniques for psychoacousticaily compensating
forothgswkemdibledistoxﬁonarﬁfam in a transform coder.
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44.1 kHz / 512). (For some discrete transforms bin 0, the DC or zero
frequency conponent, has a bandw dth equal to half of this amount.) Only
coefficients 0-182 are used to pass a 15.6 kHz signal. (Coefficients 0-233
are used in a 20 kHz version to pass a 20.1 kHz signal.) The additional

hi gh-frequency, coefficients above the_kgput signal bandwi dth are used to
mnimze the adverse effects of quantizing errors upon aliasing

cancellatimﬂmqummmm \ Ll S _assuned the input
Lt o B e T
coef 1 ci enf\8 Sleraseonding ot piesiatineenbion oWl b 16 dighl U bFidali L0 ™
will err pifsiaideidn mraﬁ%wmw&%%’ﬁmmmimmmmmmmm
domain sample blocks. Bach sample block is then modulated by an analysis window, Frequency-
@mmmmmmmmhmpomw&eanﬂyswmwm time-.
domaia sample block. Atransformeodethavingadapﬁvabitaﬂoaﬁonnomnifomlyqnanﬁmeadx
uamﬁomwefﬁcimanddmseeoeﬁidmmmembledhwadiginlommhavhgaﬂom
suitable for storage or transmission, Emreomuioneodamiybeusedinappuwionswhmme
' transmitted signal s subject to noiseoromueompﬁngeffm,ofmeeommm
Admmmmmmmnmmﬁmmmmof

spectral eompone'nts., 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

mmmmnmmnawnymmgm :
mememmmmw“mmwMMwm&
22d bigh-quality reproduction of wideband sudio information, In thie encoder portion of one
mmwmemmmmmm:wmmmwmm
| domain sample blocks. Each sample block is then modulated by an analysis window. Frequency-
domain spectral eomponemmmengenuatedinmpommﬂxeanalysiswﬁndowweigmedﬁme-
domain sample block. Nonuniﬁonq spectzal coding, including adaptive bit allocation, quantizes each
spectral wmponengandmosemmponemmassembledinmadigimfomsuimb!eformmge
or traxjsmission over communication paths susceptible to signal corrupting noise.
embodiment, the decoder portion of the System receives the digital output of the eacoder via a
storage device or transmission path. It derives the nonuniférmly coded spectral componeats from
me&mWSWMrmmmgmqmmmwmmmm
mm:wmebbchmmhmpomw&eqummm&m;

In one
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sﬁectrél conponent s because the transform assunes the signal in the block

Is periodic. See Figure 4. These transformerrors are caused by
di scontinuities at the edges of the block as shown in Figure 5. These

di scontinuities may be snoothed to minimze this effect. Figures 6a through

6d illustrate how a block is nodified or weighted such that the sanples
near the bl ock edges are close to zeroo9dhe nmultiplier circuit shown in

o A Bl e O L it e 1 it
oo et Sy ot
plicatlon the Si ctofﬂ:esynxhsls

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. Adjaceat sample blocks
movalappedandaddedmuncdmemighﬁngeﬁeasofmemﬂyskandsyn&skwimmd
recover a digitized represeatation of the time-domain signal which is thea converted t0  high-quality

analog output, :
mmembodknemofmenmdummmgmdwpmmhvenﬁomwismmfomgm
frequency-domain spectral components in response to the analysis-window weighted time-domain
sample blocks. meerably.thedism&mfomhuaﬁmﬂionequivalemmthaalme
application of a modified Discrete Cosine Transform (DCT) and a modified Discrete Sine Transform
(DST). In an alternative embodimeant, the discrete transform is implementedbyasinglemodiﬁed
Discrete Cosine Transform (DCT), however, virteally any time-domain to frequency-domain

transform can be used. :

maptefetredembodxmentofaneneoderandadeoodesmordmgwdleptaent invention, a
smgle FFT is utilized to simultaneously calculate the forward tcansform 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 a decoder, a single FFT is utilized to simultaneously
calculate the inverse transform for two 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 suitable sampling
maﬁkkmweﬁmbm&kmmesmplhgmm&r&mm An alternative
embodiment employs a 48 kHz sampling rate. lnﬂxepre&rredembodimntemployingtheu.lkﬂz
sampling rate, the nominal frequency response extends to 15 kHz and the time-domain sample blocks
have a length of 512 samples. lntheptefaredembod‘mm,music-oodin'gatsubjecﬁvequality!wels
suitable for professional broadcasting applications may be achieved using serial bit rates as low as
128 kBits per _seeond (including overhead information such as error correction codes). Other bit
rates yielding varying levels of signal quality may be used without departing from the basic spirit of
the invention.

In 2 preferred embodiment of an encoder, the nonuniform 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,

: beemseofcurrentsignaleontem,noiseinmesubbandislmsubjecttopsychoaeousﬁcmaskingman
noiseinoﬂxennbbands Theﬁxed numberofbmmusignedmewhmbbandbasedonempklm
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t he subj ect of considerable study because its shape has profound affects
upon digital filter performance. See, for exanple, Harris,"On the Use of

W ndows for Harnonic Analysis with the Discrete Fourier Transform" Proc

| EEE vol . 66, 1978, pp. 51-83. Briefly, a good w ndow increases the

st eepness of transition band rolloff for a given |level of depth of stopband
rejection, and permts correction of i tWnodul ation effects by overl appi ng

dotai %'WNW oo g plyShestbHOMaiiy did B¢ § BB R g 1§ e subtnd uader

i npl ement U 1P (tiEwReNk of ofixed Heitantakes Irita) wousidesatiolithé 64re shBjective
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. Thesysﬁemismtaggwsiveinmesensethaf
mstofﬂtebitsare-ﬁxedbiuandareladvelyfew bits are adaptively assigned. ‘This approach has
several advantages. First, the fixed bit assignment inherently compensates for the undesired
.dlsmnionpmductsgewmdbythe invmmﬁombemsetheemp&icalptocedmwhich
anblishedmemqukedﬁxedbitlssignmemmdudedmehvmemfompm. Second, the
adapﬁvcbit-allocaﬁonalgoﬁthmcanbekeptrehtivelyshnple. lna,ddition.adapﬁvély-usignedbks
mmmiﬁvewsigmlmmhnmomﬁngmmeenmmm&me
sucherrorscanresnltininoomctassignmemaswellsincomvalmforﬂxesebi&sinthe’dmd«.

'lheempiricaltechnlqueforal!ocatlngbitsmay be better understood by reference to Figure 13
which shows critical band spectra of the output noise and distortion (e.g., the noise and distortion
shown is with respect to auditory critical bands) resuiting from a 500 Hz tone (sine wave) for three
different bit allocations compared to auditory masking. The Figure is intended tg demonstrate an
empirical approach rather than any particular data.

Allocation A (the solid line_) is a reference, showing the noise and distortion products produced
by_theSOOstinewavewhenaharbitrarynumberofbitsate'alhcatedtoeachofthetransform
_coefficieats. Allocation B (the short dashed line) shows the noise and distortion products for the
samerdaﬁvebitdlocaﬁonasdbmionAbmwkhZféwerbmpuumfomeoefﬁdm
Auomtonc(me'longdasnedune)ismesameasauomumtrequminmelompmof
thel_ndiobandupwaboutlsoom. AlloeaﬁonCismenﬂwumeasalloenﬁonBﬁorfreqnencies
.inmeﬂpperpa_rtofthewdiobandaboveabom 1500 Hz. The dotted line shows the auditory
masking curve for a 500 Hz tone. |

Itwillbeobsetvedthatmdiblenoiseispmentatfrequenci&belowﬁnesoomwnefotallmree
cases of bit allocation due to the rapid fall off of the masking curve: the noise and distortion product
mmabove&emﬁng&ruhoﬁ&omabomlwﬂzmmormm The removal of two
bits Callocation 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 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 pprtion of the audio spectrum the noise and distortion products created by the 500 Hz tone
are relatively low. ‘
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pérforﬁed by converting the tinme-donai n signal

sanpl e blocks into a set of

time varying spectral coefficients. Any one of several transformtechni ques
may be used to inplenent the filter bank. The transform techni que used

one enbodi nent of an encoder and

pr esent

| nvention was first described i n Pri ncen and

Br adl ey, "Anal ysi s/ Synthesis Filter BarkiDesi gn

By observing the noise and distortion created inmponsctommnvarhus&equenclufor
various bit allocations, bit lengﬂ:sforﬂte various transform coefficients can be allocated that result
in acceptable levels of noise and dlstortion 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
dismmonproductsbelowmemaskingthmholdmmeregtonfmmaboutloonzmmormHz,
additional bits could be added to the reference allocation for the transform coefficient containing the
500 Hz tone and nearby coefficients until the nonseanddxsmmondmppedbelowthemashng
threshold. 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
presenceofwnes,ukcnoneuaﬁme.thmughmmmdiospectmm. This is most easily done by
way of computer simulations, mﬁxedbitallomﬁonassignmisthennhnasmewhatlessby
movmgmmmmbiuﬁommmﬁmmeﬁcimmmcm(mehaﬂwon
B). A@Mymmmwmmmmlemkemmmbhlwdshdm
problem regions as required (such as allocation C). Thus, empirical observations regarding the
mmeanddecrmeofmdiblemisewithmpeetmbkauouﬁonsuchas in the example of
Figure 13 form the basis of the fixed and adaptive bit allocation .scheme descn‘bed above and
discussed in more detail below.

In a preferred embodiment of an encoder, the nonuniformly quantized transform coefficients are
expressed by a block-floating-point representation comprised of block exponents and variable-length
code words. Asd&uibedabwe,thevariablﬂeng&oodewommﬁmhermmpﬁsedofaﬁm
bit-length portion and a variable length portion of adaptively assigned bits. The encoded signal for
apakofuasﬁombhehkassemb!edmmmposedofexpwmdmeﬂxeﬂengm
portion of the code words followed by a string of all adaptively allocated bits. The exponeats and

a decoder according to the - 19 -

ﬁxed4engﬁpuﬁmofwdemdsmusembldsepmy&omﬂapﬁvaydlomdbiumreduce '

vulnerability to noise burst errors.

Unlike many coders inthepriorut.aneneoduaeeordingw&epresentinvenﬁunneedmt
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 encoder.

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

- such sequences beyond specified lengths. In asynchronous applications, randomization also reduces

mmmmmmmmmmummmumw
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Based 6n Tine Domein Aliasing Cancellation, "I EEE Trans on Acoust. Speech
Signal Proc vol. ASSP-34, 1986, pp. 1153-1161. This technique is the
time-domai n equival ent of an evenly-stacked critically sanpled

si ngl e-si deband anal ysi s-synthesis system This transformis referred to
herein as Evenly-Stacked Tinme-Donmain Aliasing Cancellation (E-TDAC). An
alternative form of the TDAC transformlgmy be used in anothei enbodi ment of

an encod to the resen i.nvention. The techni que
i's descriﬁg‘éd in Pr| ncen, %‘ﬁ%@ﬁ‘]"qmmﬁ éﬁbMﬁmemdisng

Usi ng Fi femovingthefegs esmmmbmm.mym@wmlmmm%wtlon

ISASSP 198ih ﬂé&ﬁeﬁé}&hﬁryﬂﬁé eﬂx?ﬁ 1-64. Thi,s alternate transformis
the tine- &g‘)zrér??n equi val ent ZdSiB&iss‘l‘aeﬂtoco cruption, ecror correction R codes may be

to 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 noisebursterrors,
ofanoisebursttequiredbeforecﬁﬁcaldammnotbecorrmd.
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.

i.e., to increase the length

Figures 1a and 1b are functional block diagrams illustrating the basic structure of one embodiment
of an encoder and a decoder according to the present invention.

Figures 2a through 2e are block diagrams showing the hardware architecture for one embod:ment
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 inveation.

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

Figure § is a further hypothetical graphical representation of a time-domain signal sample block

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(0) to provide the resulting function Y(¢).

Figures 6b through 6d are further hypothetical graphical representations showing the modulation
of a time-domain signal sample block by an analysis window.

Figure 7 is a flow chart showing high level logic for one embodiment of 2 nonuniform quantizer.

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

Figure 9 is a graphical representation showmg 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.

Figure 11 is a graphical representation showing a filter characteristic response with respect to a
1 kHz psychoacoustic masking curve.
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oddl y-stacked critically sanpl ed single-sideband anal ysi s-synthesis system
It is referred to herein as (Oddly- Stacked Ti me-Domain Aliasing Cancell ation -
(O TDAC). An enbodi nent of an encoder and a decoder according to the
present invention using the O TDAC transformis discussed after the E-TDAC
enbodi mrent has been fully described. E- TDAC utilizes a transform function
which is equivalent to the alternate apdtication of a nodified Discrete

Cosi ne Tr agy r;m;gpga,h screte Sine Tr ansform DST). The
DCT, shovvn n e atlon 1, amg EE ndgﬁsq“gl'l‘ﬁ) mgsie fasking cueve degived feom the

p yﬂwﬂ masking curves of several tones,

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

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

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

Figures 16a through 16g are hypothetical graphical representations illustrating the cancellation of
time-domain aliasing by overlap-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 of an analysis-synthesis window pair designed for an encoder according to the
present invention.

Figure 18 is a hypothetical graphlcal representation showmg 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 illustrating the format of a frame of two encoded
transform blocks without error correction.

Figure 21 is a schematic representation iltustrating 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 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 representatioas illustrating the time-domain
aliasing distortion created by the O-TDAC transform.

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

Figure 25 is a schematic representation illustrating the format of a frame of two encoded

transform blocks, without error correction, for an O-TDAC transform embodiment of an encoder
according to the present invention.
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where K =

frequency coefficient nunber, n = input signal sanple nunber,

N =

sanpl e block I ength, m phase term for E-TDAC, x(n) = quantized val ue of

I nput  si

gnhal x(t) at sanple a, C(k) = DCT coefficient k, and S(k) = DST

coefficient k. The E-TDAC transform alternately produces one of tw sets of

spectral

coefficients or transform a

Table I shows master exponents, subband grouping, and coefficient bit lengths for a 15 KHz
E-TDAC embodiment of an eacoder and a decoder according to the present inveation.

Table I shows subband grouping and coefficient bit leagths for the additional transform
coefficients required in a 20 kHz E-TDAC embodiment of an eacoder and a decoder according to
the present invention.

Table Il shows the difference in subband zero required for the O-TDAC embodiment of an
encoder and'a decoder according to the present invention.

Modes for Carrying Out the Invention
L PREFERRED IMPLEMENTATION OF INVENTION

Figures 1a and lbshowthebasicstmctureofoneembodimentofanencodetandadeeod«,
respectively, according to the preseat invention. The encoder shown in Figure 1a 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, block-floating-point encoder
105 which converts each integer-vah-xed transform coefficieat 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, umform quantizer 107 which rounds each
transform coefficient to an assigned bit length, and formatter 109 which assembles the coded
frequency coefficients into a bit stream for transmission or storage. Figure la depicts a transmission
path 110, however, it should be understood that the encoded signal may be stored for later use.

The decoder shown in Figure 1b comprises eacoded bit-stream signal i 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 signal block,‘

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

adder 116 which recovers a digitized representation of the time-domain signal, analog signal
generator 117, and analog signal output 118,

A. Processing Hardware
The basic hardware architecture of one embodiment of an encoder and a decoder according to the
present invention is illustrated in Figures 2a-2e and 3a-3b. Empirical studies have shown that

coaventional integer transform computations must be performed to an accuracy of at least 20
significant bits to achieve stated performance objectives,
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‘ i f the form
bl ocks "'for each signal sanple block. These transform bl ocks are o e f
[err] where 1= signal sanple bl ock nunber, - 20 - C(k) = DCT coefficient
(see equation 1), and

-15 -

A practical implementation of a preferred embodiment of a single-channel encoder, employing
either a 44.1 kHz or a 48 kHz sample rate, utilizes a 16-bit analog-to-digital converter (ADC) with
a cycle time of no more than 20 microseconds to quantize the input time-domain signal. Each 16-bit
digitized sample is used to form the 16 most-significant bits of a 24-bit word which is used in
subsequent computations. A Motorola DSP56001 24-bit digital-signal processor (DSP) operating at
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) 200A, ADC 201, DSP 202, static RAM 203, erasable programmable read-only |
memory (EPROM) 204, and encoded serial-signal output 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 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 transmms the encoded signal through
serial data path 206. The programming and data work arws 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
mmamprm&mmmwmmamablefommwmmme
encoder is first powered on. '

Figures 2b and 2¢ 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 engoder. Line
SCO clocks a serial-bit stream of digitized input signal samples along line SRD from ADC 201 into
DSP 202. Line SCI provides the frame-synchronization signal to the ADC and the DSP which
marks the beginning of each 16-bit word. Line SCK clocks a serial-bit stream of the encoded signal
along line STD from the DSP to serial data path 206.

Figure 2¢ shows the memory addressing intecface. 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 high or bringing line XY low, respectively. X data and Y data
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S(k) 'DST coefficient (see equation 2). The conputation al gorithmused is
the Fast Fourier Transform (FFT. See Cool ey and Tukey, "An Algorithmfor

t he Machi ne Cal cul ati on of Conplex Fourier Series,” Math Conput vol. 19,
1965, pp. 297-301. A single FFT can be used to performthe DCT and DST

si mul t aneously by defining themrespectively as the real and inmaginary
conponents of a single conplex transfarg. This techni que exploits the fact

the FFT |j c x transform yet both input signal sanple bl ocks consi st

only of ?Qgﬁv%@%@ﬂﬁf’é@m adressospacny Hyhmnchisg RS W6y r@?&ﬂ,&g #@e r oduct

of one FWW»MM(@Q&QEMXWP%%EfYt‘P‘% DCT coetficren rge
ea

from t headareants’ Qoo GRS NS St Of T memory are mapped Into word
b o 4 K words of X data memory are mapped into word addr::
es

1000,-1FFF,,, and program memory resides in its own space of 8 K words comprising word

addresses 0000..-1FFF 5

cding the state of address line A5,
When DSP 202 sets AIS bigh, inverter 205C sets the chip-select (CS) lines of RAM 203 and

I:I:OM 204 low. Only EPROM 204 is selected whea CS is low. When DSP 202 sets A1S5 low
tter 205C sets the CS lines of RAM 203 and EPROM 204 high. Only static RAM 203 I;
selected when CS is high.

The d i '
e 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 213A, and analog si
output 213. DSP 208 receives and buffers the encoded signal, deformats the sign;l into theo:x:o?:
transf.orm coefficients, performs the @Icgﬂations required to transform the coefficients into the time |
domain, groups the qoefﬁc!ens into time-domain blocks, overtap-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
pro.gramming 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

Z::g:m:ing and static data which the DSP unpacks into usable form into RAM 209 when the
o Is first powered on. DAC 212 generates an analog signal corresponding to the secial-data
Stream received from the DSP. LPF 213A (a low

spurious
mpo y

Figure 2e shows the serial-communication interface for bSP 208, serial-signal input path 207
and DAC 212. Timing generator 208A, using a phase-locked loop circuit to exﬁact a timing’

reference from the encoded serial-bit inputsignal, geaerates the receive clock, frame-synchronization

and transmit clock signals for the decoder Lin
. Line SCO clocks the en .
SRD into DSP 208. coded serial-bit signal along line

— ;.me SCK clocks a serial-bit stream of the decoded digitized signal samples
" ng line STD from DSP 208 to DAC 212. Line SC2 provides a frame-synchronization signal to
e DAC and to the DSP which marks the beginning of each 16-bit word. The interface between

DSP 208 and the memory-address bus | :
- us is implemented in the same mann
for the encoder. Ses Figure 2¢. | o s s st shove

The two-channe! encoder requires LPF 200A and 200B, and ADC 201A and 201B, connected as

______ mdADCeomponentsopemu in a manner
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val ues "and the DST coefficients are represented by the set of inmaginary

val ues. Therefore the DCT of one signal sanple block can be concurrently
calculated with the DST of another signal sanple block by only one FFT

foll owed by conplex array nmultiplication and additions. The basic technique
of using one FFT to concurrently calculate two transforns is well known in
the art and is described in Brigham TFH#-Fast Fourier Transform Engl ewood

ciffs, w.Preatice-Hall, Inc., 1974. Additiongl .information regarding the
concurre#f]nnﬁ'a c@ﬁa&?ﬂﬁ’%ﬁw pe-rhagnehencodey mmmmmform
may be f additibnalsignabtocline 802, of théDSP& dheRalf hervatk o R TEameyihRiRU e SRR N

Vect o QuaRb Aidgidke? 202 S5 fhticars i O blp Hiin oF £01eShd

e two ADC is cucrently 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 of the DSP at one-half the rate of the frame-synchronization signal to
control demuitiplexer 208B and indicate to the DSP which of the two DAC is currently receiving
digital data, _ .

The basic hardware architecture may be modified. For example, one Motorola DSP56001
operating at 27 MHz with no wait states can implement a two-channel encoder or decoder.
Additional RAM may be required.

Further, specialized hardware may be used to perform certain functions such as window
modulation or the Fast Fourier Transform (FFT). The entire encodec/decoder may be implemented

in a custom-designed integrated circuit. Many other possible-implementations will be obvious to one
skilled in the art. "

B. Input Signal Sampiing and Windowing

In one embodiment of an encoder according to the present 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 inputsignal
shouldbelimitd;inbandwidthmatmst 15 kHz (20 kHz for a 20 kHz bandwidth coder). This may
be accomplished by a low-pass filter not shown in Figure 1a.
. A music signal with at least 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 sampled at no less than 30 Khz. A sample rate of 44.1 Khz is chosen for one
embodiment of an encoder according to the present invention because this rate is used in CD
applications and such a choice simplifies the means necessary to use an encoder according to the
present invention in such applications. (This sample rate also supports an alternative 20 kHz
bandwidth embodiment of an encoder according to the present invention.)

Other sampling rates, such as 48 kHz which is a rate common to many professional audio
applications, may be utilized. If an alternate rate is chosen, the frequency separation between
adjaoenttransfomcoefﬁclentswﬂlbedt«ed lndd:enumbuofeoefﬁciemrequkedwrepment
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Uni versity, PhD Thesis, June, 1988. In one enbodi ment of a one-channel
encoder according to the present invention, two adjacent signal sanple

bl ocks are stored in buffers and transfornmed together into a DCT/DST bl ock
pair. The bl ock pair is subsequently quantized and formatted for

transm ssion or storage. In two-channel systens, concurrent processing may

be acconplished by processing a signal sanple block ftomeach of the two
ock is generated for ofe.channel, and a DST block is

channel s: ;' T .b

gener at ed"‘%’%é‘%@wmmm eherhe BalP ebrddd RS ah 0Ly 12 .Ji ve channel

al t er nat e“MchnpléMtﬁGﬂ’o@ﬁgﬂBﬁg ég‘%e expressi on by eodh WEamail have t he
the of dreording to th

opposi te {ipg if yQm hat of ® preseat invention will be apparent to one

Assuming the inpuit signal is not a complex one, i.e., alf imaginary eomponet.xts are zero
, @
frequency-domain transform of a 512 sample block produces at most 256 unique nonzero transform

coefficients.
cients. Hence, the encoder and decoder structures shown in Figures 1a and 1b is comprised

::s:::l ::is wT:i:ol:‘ors is represented by box 103 in Figure 1. This weighting function, called
e waps ot s . a sample-by-sample multiplication of the signal sample block, and has been
Of considerable study because its shape has profound affects upon digital filter
memm Fm;ﬁ::e-;- rf::s::amgle. Harris, "On the Use of Windows for Harmonic Analysis with the
ictae e g of::ns i;h;&._m, vol. 66, 1978, pp. 51-83. Briefly, a good window
1 band rolloff for a given level of depth of stopband rejection, and

permits correction of its modulation
; effects by overlapping and adding ad
design is discussed below in more detail. ing adjacent blocks. Window

C. Analysis Filter Bank - Forward Transform
A discrete transform implements dj

performed by converting the time-do

This Sheet Has Been Replaced

p |

R R . 3 ol
NS R IR repiacement shoet

" aree € 0 JAN 10T

,-
&
N



channefl's bl ocks. A pair of blocks, one for each channel, are transforned
and formatted together. Princen showed that with the proper phase conponent
m (see equation 6) and a carefully designed pair of analysis-synthesis

wi ndows, the E-TDAC techni que can accurately recover an input signal from
an alternating sequence of cosine and sine transform bl ocks of the form
{A(k)lerr]{S(k)}lerr]{S(k)}[err]{S(k)ygerr] (5)
wher e "each transform bl ock represents one tine-domain signal sanple bl ock.

Thi s pr dRFessat ipventionwes finst desagibed-in Priscen add Bradfop, “Knalysis/Syntiléis FiRkeBadR&lgh! NY
o Fi Qur Basdd'én Tinle IGukal RS Cobioei AR fihs. B Kbl Sler bl B30 01 Soet
't bl OfESh 24, 1986, pp. 1153-1161. This techique is the time-domain equivaleat of an evealy-stacked
critically sampled single-sideband analysis-synthesis system. This transform is referred to herein as
Evealy-Stacked Time-Domain Aliasing Cancéllation (E-TDAC). An alternative form of the TDAC
transform may be used in another embodiment of an encoder and a decoder according to the present
invention. The technique is described in Princen, Johnson, and Bradley, "Subband/Transform
Coding Using Filter Bank Designs Based on Time Domain Aliasing Cancellation,” ICASSP 1987
Conf, Proc,, May 1987, pp. 2161-64. This alternate transform is the time-domain equivalent of an
oddly-stackegi critically sampled single-sideband analysis-synthesis system. It is referred to herein
as Oddly-Stacked Time-Domain Aliasing Cancellation (O-TDAC). An embodiiment of an encoder
and a decoder according to the present inveation using the O-TDAC transform is discussed aﬁet 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
N-1

CK) = Y x(n) cos{zuk("*"')] for0 <k <N o
asd . .
N-1

S = 3 x(n) 21:1:("*"')] for0 sk <N @
a=0 . .

where k = frequency coefficient number,
n = input signal sample number,
N = sample block length,
m = phase term for E-TDAC,
x(n) = quantized value of input signal x(t) at sample n,
C() = DCT coefficient k, and
S(k) = DST coefficient k.
The E-TDAC transform alternately produces one of two sets of spectral coefficients or transform
blocks for each signal sample block. These transform blocks are of the form

CK) for0 < k < N2

(Caon = [o fork = NI2 | @
S forl < k

ooy = [0 e =X @

where i = signal sample block number,
This is the replacement sheet
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One sef of blocks, nodul ated by the w ndow function W shown in Figure 14b,
produces signal ;x(t) shown in Figure 14d. Signal x(t) is input to the DCT.
Anot her set of bl ocks of the sanpled input -21 - signal x(t), which
overlap the first set by one-half block | ength, are wi ndowed by w ndow
function W shown in Figure 14c (which wi ndow function is identical to W
but shifted in time by one-half =& - '

C) = DCT coefficient (ses equation 1), and
S(k) = DST coefficient (see equation 2),
. The computation algorithm used is the Fast Fourier Transform (FFT). See Cooley and Tuke
An Algorithm for the Machine Calculation of Complex Fourier Series,” Mﬁﬁh@;n., | l;'
1968, pp. 297-301. A single FFT can be used to perform the DCT and DST simul sty by
defining them respectively as the real and imaginary compone:.:ts of

of one signal sample block 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 concurrently calculate two transforms is well known in

the art and is described in Brigham, MMM, Englewood Cliffs, NJ
: iffs, NJ:

and Adaptive Frequency Domain Vector Quantization of Speech,” Stanford, CA: Stanford

the DCT and DST (see expression 5), and are always of the opposite type from that of the other
channel’s blocks. A pair of blocks, one for each channel, are transformed and formatted wge&xer
. Princen showed that with the proper phase component m (see equation 6) and a carefully d&slgnec.l
pair of analysis-synthesis windows, the E-TDAC technique can accurately recover an ixiput signal
from an alternating sequence of cosine and sine transform blocks of the form
| {C(k)}oo {S(k)}., '{C(k)},, {S(k)}s- e
where each transform block represents one time-domain
in Figures 14a-14e, 152-15d, and 16a-16g.

&)
signal sample block. This process is shown

One set of blocks, modutated by the window function W, shown in Figure 14b, produces signal x.(t)

shown __in Figuce 14d. SW X(t) is input to the DCT. Another set of blocks of the sampled input
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bl ock [ength) producing signal x(t) shown in Figure 14e and subsequently
passed to. the DST. Using only the alternate DCT and DST transform bl ocks
results in a loss of the information contained in the discarded half of the
transform bl ocks. This | oss produces a tine-domain aliasing conponent, but
the distortion may be cancelled by choosing the appropriate phase termm
for equations 1 and 2, applying the faWward transformto overl apped

[ T God 030k S0 el ok o e lvavates vk s
phase t éY.rﬁhﬁwngn Bigueet io(which sdrdlow fGRXibA @ identibaf 1WA D6t shithelslin filne b Sne-hal
t1 me- doifuck |ébigth ptodiicing signal x,(t) shown in Figure 14e and subsequently passed to,the DST.
Using only the alternate 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 cancelied by choosing the appropriate phase term m for

equations 1 and 2, applying the forward tcansform 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 15c and 15d illustrate similac information for signal y () recoveréd 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-quarfer point of the
sample block, and the second half of the sampled signal reversed in time about the three-quarter point
of the sample block. For the DST, the alias component is similar to that for the DCT except its

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

XS

. where N = sample block length.

| E-TDAC also requires application of a pair of carefully designed analysis-synthesis windows to
overlapped signal sample blocks. The signal sample blocks must have a 100% overlap, i.e., 50%
ofa gwen block is overiapped by the previous block, and 50% of the same block is overiapped by
the following block. Figures 16a-16g illustrate the overlapping of signal sample blocks and the
resulting cancellation of alias distortion. Signals y(t) and %.(t) shown in Figure 16a and 16d,
recovered from the inverse DCT and DST, are modulated by window functions W) and W,(0)
respectively, shown in Figures 16b and 16e, to produce signals §,(t) and 9.(t) shown in Figures 16¢
and 16f. When the overlapped blocks of these windowed signals are added, the alias components

are cancelled and the resulting signal ¥(t) shown in Figure 16g is an accurate reconstruction of the
original input signal x(t).
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di storfion. Figures 15a-15d and 16a-16g illustrate this distortion.Signal
y,(t), recovered fromthe inverse DCT, is shown in Figure 15a. Figure 15b
illustrates that the recovered signal is conposed of two conponents: the
original wi ndowed signal (solid Iine), and tinme-domain aliasing distortion
(dotted line). Figures 15c and 15d illustrate simlar information for
signal y,(t) recovered fromthe inversgaDST. To cancel this alias
distortio d aggéﬁately recover the original tinme-domain signal, E-TDAC
requires t gvestap-add sl (ducieg tieaynthésis piscEss mhautssmm fof | as

conponendetation Btsﬁfm:ieni Qe,h '60?:& eversed In tinme

about the an -&uarte poi nEs 0 ‘ﬁghé%n%#wwfﬁg%% B?Hlﬁgﬂef“lﬁ t he

sanpl ed | DI zate,, but the 100% windawo averlap arequired dorgBADAC dpedignéignal synthesis
doubles the required bit rate. Consequeatly, 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 tc;
subbands.) In one embodiment, the nonuniform quantizer is composed of block-floating-point
encoder 105, adaptive bit allocator 106, and uniform quantizer 107 shown in Fsgute 1a.
Quantization is performed for transform block pairs: either two adjacent blocks in a one-channal
System, or one block from each channel of a two-channel system. As depicted in Figure 7, one
embodiment of 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 eoefﬁcient’s frequency, (4) adaptively allocating additional bits to
specific code words, and (5) roundlng 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 numericai 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 ﬂoaung-pomt number is composed of a mantissa and an exponent. Ina
preferred embodiment of an encoder and a decoder according to the present invention, the mantissa
is'a signed integer-valued expression expressed in two’s complement form.

. Theeprrwpondmgexponent:sanunsignedvalueequalmd:epoweroftwoofﬂzenmlﬁplier
- required to convert the mantissa (either normalized or unnormalized) into the true value of the
represented m:meriealquantity This representation can be expressed as
F=M-.28
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° 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 whean its most significant data bit is nonzero.

A negauve-valued mmuissakno_rgx_alized _when its most significant data bit is zero. A normalized
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b ’ | ock. For the DST, the alias conponent is simlar to that
?LrtPﬁes?)g'l gxgegt its anplitude is inverted in sign. See Fi Q%Zfelab and
15d. The phase termrequired for alias cancellation is ][err] her ¢
sanpl e block I'ength. E-TDAC al so requires applicati onI o] adpsi el saml e
careful ly designed anal ysis-synthesis windows to overl appe g

' 50% of a
i gnal sanpl e bl ocks nust .lagvwe a 100% overlap, i.e.,
b: \c;gﬁs'bl ‘(I)'Ee iSI ggverJ‘amSed by the previous block, and 50% of the sane bl ock
igs over ﬂ:ﬁ%ﬂ@ﬁ%@m engatutnumberofslgniﬁuntbitsfonhenumerical quantity is contained within
the mantissa’s limited bit length,

Block-floating-point representation is-also well known in the art and is used to represent a set 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 oo 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-valued mantissa in the group must be
shifted to the right to obtain the true value of the floating-point quantity.

1. Subband Exponents
ock-floating-point encoder comprises sections one and two 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 I. The procedure is comprised of three Ssteps. 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 corresponding subband’s shift value in the second
transform block, selects the smaller of the two,

The bl

and saves it as the exponent for the appropriate

subband in both blocks. The exponents are shaced 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 MEXP( 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 a group are three or greater, the master exponent
for that group is set to one and all subband exponents in that group are reduced by three. Whken a
master exponent is set 10 one, it indicates that all coded coefficieats 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
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the foll owing block. Figures 16a-16g illustrate the overlapping of signal
sanpl e bl ocks and the resulting cancellation of alias distortion. Signals
ylerr](t) and vy, (t) shown in Figure 16a and 16d, recovered fromthe inverse
DCT and DST, are nodul ated by w ndow functions Werr](t) and Werr](t)
respectively, shown in Figures 16b and,l16e, to produce signals flerr](t)
and f[err](t) shown in Figures 16¢c and“T&f. Wen the overl apped bl ocks of

f
these w transformedostfinieat in ditQabbahd) CTHYsE nts are cancelled and
the reswxﬁ@&s%gggﬁ? }"ﬁip‘? 0 gureﬁ%éﬁ%g%mwm&mﬂction
f th i nal | . C range. This step in th i
o Yobduth S 7, = 1 e proces 1 showem b

i An ad:l:tional step can be taken which may reduce the total bits required to represen: the coded
signal. f
mg::la! - all ::ubbands where an exponent represents a single coefficient, . the sign bit of a
" mafmssaissuperﬂuous. As discussed above, the sign bit and the most significant data
: in ::rmallzed mantissa are always of opposite value, The sign bit can therefore be dropped by
¢ encoder and restored by the decoder. The dropped si i
. bit is r .

e gn eferred to herein as a "hidden

Whetheramantissaisnormalizedcanbedeterminedb

y examining the exponent. If the exponent

isl&sthanitsmaximuuvalue(whichislSaﬁeradjustingformemasterexponeutinmeﬁoaﬁng

pointsclfemeused inthepteferredembodiment), the mantissa is normalized. If the exponent is
equalmntsmaximumvalue,noeonclusionmbe

drawn, therefore it is assumed the mantissa is ;
normalized and there is no hidden bit. ‘ ) o

This technique can be used only for those mantissas which have their own unique exponent. In
a preferred embodiment of an encoder and 2 decoder according to the present invention, only DCI‘
subband zero meets this requirement: it is comprised of only one transform coefficient and it does

| not share its eéxponent with a subband in the paired DST block. In coders which do not share
exponents between pairs of transform blocks, the hidden bit technique may be used for all subbands
containing only one coefficient.

The reduction in bit requirements is reflected in the fixed bit length for DCT coefficient zero
As shown in Table I, the “minimum® bit length of coefficient C(0) is 8 bits. If the hidden bi;
technique were not utilized, the fixed length for C(0) would be identical to that for coefficient S(0)
or9 bits._ In situations where coefficient C(0) is unnormalized, the reduced bit length is not likel;
to created audible quantization noise because the frequency component will be of very low amplitude.

The third section of the nonuniform quantizer sets an initial minimum bit length for the
representation of each left-shifted transform coefficient. This length is set according to the
coefficient’s frequency. Box 703 in Figure 7 represents this section of the process and 'l‘abie Ishows
the minimum number of bits fixed for each coefficient’s code word. The minimum bit length was
derived by comparing a representative filter bank response curve to a psychoacoustic masking
threshold curve. Because filter performance is a function only of the difference in frequency between
a signal and the coefficient’s frequency, any frequency coefficient may be used to represent the filter

S response, 'rheresponsemeshowninﬂgum9 isobtainedfromtherootmmsquare
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-22 - Wndow design and overl ap-add used during the synthesis process is
di scussed below in nore detail. It is sufficient at this point to notice
that omtting half the transform bl ocks halves the required bit rate, but
t he 100% wi ndow over | ap 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 Quanti2§ati on

average of the filter’s response to 2 range of frequencis within the filter passband. As discussed

above, filter selectivity is affected by the shape of the analysis window and the number of samples

in each time-domain signal block. It may be noted here that the overall coder characteristic response

is not as good as that shown in Figure 9 because an additional selectivity loss occurs during the

signal synthesis process. This effect is discussed below and is also shown in 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,"
L_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 kiiz 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 relationship is refiected in the minimum 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 psychoacoustic masking curve is always higher. The offset for the filter response is
due to the incrgsed accuracy afforded by additional bits reserved for the lower-frequency
coefficients. 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 2 low-frmency‘ transform coefficieat if no other tones are preseat to contribute
to the masking effect.

The minimum lengths suggested by the masking curves shown in Figures 9, 10, and 11 are
conservative, however, because the curves shown in these figures represent the psychoacoustic
masking effect produced by a slng_le tone or a very narrow band of noise. Figure 12 shows a
composite masking curve derived from a simple overlay of the individual masking curves of three
tones. Empirical evidence indicates that even this composite curve is very conservative, understating
the actual masking effect of multiple tones. Furthermore, music is generally a more complex signal
than a few discrete frequencies, and the resulting increase in masking levels permits a reduction in
the required accuracy of transform coefficient code words. Consequently, the minimum bit lengths
for all but DCT coefficient C(0) and DST coefficient S(1) shown in Table I are obtained by -
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Each transform coefficient derived fromfilter bank 104 is encoded and

grouped i nto subbands by nonuni form quanti zer 108. (Tables | and Il show
t he assignnent of transformcoefficients to subbands.) In one enbodi nent,
t he nonuni form quantizer is conposed of bl ock-floating-point encoder 105,
adaptive bit allocator 106, and uniform quantizer 107 shown in Figure la.
Quantization is performed for transfor@ébl ock pairs: either two adjacent

bl ocks immgq"g@ S r one bl ek fromeach channel of a
t wo- channel % em%wm%ﬁe%?§?M°%W%% CoWiord sugaested by theamaskingor m
quant i zaMFY6H BHrHI ardi 1bi Excepe foroghese w0 owest s 3?}, Q&W ;&%ﬁwg and
I ni S
£ cl

! )
exponentallocdtidh peRidRE didii onent ially s&tting the
bi't I'engt hy.of st%gch coef f%sei%ms&ﬁ“%pmﬁ of specific coefficients.

tm coetficients zero and one were included in the adaptive bit allocation process, tﬁe

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 lacge
- compared to the sample block length. This noise would be created within the channel containing
such low-frequeacy components by the interaction 0f two mechanisms, First, the E-TDAC transform
would convert the low&equmcy componeats into an alternating sequence of nonzero and zero values
for coefficient zero (DCT C() dnd DST S(0)). Coefficient C(0) would be nonzero in the DCT
transform blocks but coefficient S(0) would always be zeco 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 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 / 512). '
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 adaptive bit allocation. This exclusion prevents the adaptive allocation scheme from
geaerating the quantization noise described in the previous paragraph.

4. Adaptive Bit Allocation
a. Overview

The fourth section of the nonuniform quantizer performs the adaptive bit allocation. Box 704 in
Figure 7 provides an overview of this allocation process. In general, for each transform 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 set at 133 bits per transform block to 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.
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code word as a function of the coefficients frequency, (4) adaptively
allocating additional bits to specific code words, and (5) roundi ng and
truncating the code word according to the bit |length conputed fromthe sum
of the adaptive bit allocations and the mninmum bit |ength based on the
coefficient's frequency. Floating-point representation of nunerical
quantities is well known in the art ot2@igital data processing and is used

to represegqt a w der .range, of values with fewer bits than is possible with
i nt eger e‘&’ ?Efﬁng MHIENF3 maximum, of 4cbits; per oopfSicientd This anaxinwirh ssa

and ag aepreseatsta dekignaompﬁhﬁe%dvﬂf’e&ltﬁhg%aln fand Tt VRAGR! 100 6o AABREEY
accor di Nghe sRinfel T Bio G2 ke chid rSatlanan and B 1ol Loimber of adaptively allocable bits may be

altered without changing 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 elements of an array A() to zero. The next step identifies the smallest subband
exponent, which is the exponent for the subband with the lacgest spectral component, and saves the
value as Xyoy. All subband exponents are subtracted from X 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 MEXP1, See Table I. Therefore,
the range of possible values in array M() is negative eighteen to zero. In the next step, four is
added to each element of array M( ) and all elements below zero are set to zero. At the end of phase
zero, array M( ) consists of a set of elements, one for each subband, whose values range from zero
to four. The elements with a value of four tepresent those subbands where at least one of the
coefficients in the subband has one of the largest spectral coefficients in the total signal,

Phase one constructs another array A(), which represents the bits to be allocated to the
coefficients in each subband, using the process shown in Figure 8 box 801. Each element in A()
corresponds to a subband. Recall from Table I that the higher subband exponents represent multiple
transform coefficients, therefore each element of A( ) represents the number of bits assigned to all
transform coefficients in the corresponding subband. For example, referring to Table I, subband 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 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
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s a sfgned I nt eger -val ued expression expressed in tw's conpl enent form
The correspondi ng exponent is an unsigned value equal to the power of two
of the multiplier required to convert the mantissa (either nornalized or
unformalized) into the true value of the represented nunerical quantity.
This representation can be expressed as F = M-2[err] _

(7) where F = the value of the floatin@point nunber, M =the signed

\ ] . — i i nt -val ued exponent.
' Nt eger -ditaH pis) e 8Bent of ALR iikeented, the sumbes of ciocens bhe & doductod
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 coefficieat, 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
fourpassesmmadethmughmayM(), or unatil all allocable bits are allocated. On the first pass,
each element in array A() is incremented by one ifﬂteeompondingelementinarray M()has a
value equal to four. The second pass increments byoneﬁch element in A( ) which corresponds to
auhcﬂmmuninlﬂ()w&khlmsa\mhw1ummlu:ﬂua=0tﬁuu.(lnﬂwthmdpmm,anaylﬂ)
elements are incremented iftheeorrgsponding M()elementhasavaluewiﬂ:inﬁlerangeoftwoto
four. The final pass increments those elemeats in array A( )-corresponding to those M( ) elements
which have a value in the range between one and four, It may be noted that if the elements in array
M() sum to the allocation limit or less, the contents of arrays M( ).and A() at this point will be
identical. If the number of bits assigned has reached the allocation limit, the bit-allocation process
is complete at the end of phase one.

If any allocable bits remain, allocation continues with phase two shown in box 802 of Figure 8.
'ﬂﬁsphmmlmnmsasnumyasﬂnaamm&sihumghanayl«),swpﬁngemdhrifamiwhu:ﬂw
maximum allocable bits are assigned. Each pass mwithmelowest&équency element (A(1) for
Ixrrbhdb,orAcDierSTbkmhﬂamiumﬂsupwmﬂinﬁwmunqn On the first pass through

‘' array A(), ud_nelementwhichhasavaluebetweenoneandthreeisincremmdbyone. On the
mxomlpam,dmmmus“mh\mhmsofNWrarduuaaeimmummmd.(hadwthhdpms,ehmunm
equal to three are mcrementzd 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 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) (element A(39) is the starting element in 20 kHz bandwidth coders) in search of a
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For exanpl e, an exponent of three indicates the true value of the - —-
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-poi nt number is obtained by nultiplying t . ™
];r;ﬁ?f'sgg Ey 2[err]. This is equivalent to shifting a binary r
of the mantissa three places to the right. A positive _nonlzero
said to be normalized when its nost significant data bit Is n

[}

e

il

[ [ [ [ ignificant data bit
negative-val ued mantissa is normalizedqghen its nost significa

is zero. A normalized

group of two adjacent elements which have the values {0,4}. If found, the elemeat whose value is

zero is set to one such that the group values become {1,4}.

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 st 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 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 until all
oftheelememsmodiﬁedinswpsonzandtwoareassignedamulof4bimuch. If the latter
condition is met and anyaﬂomblebitsremainmbeassigned,phasemreerepmstatﬁngwiﬁxstep

one.

b. Adaptive Bit Allocation Logic

The concept of the adaptive bit allocation algorithm is fepresented in Figure 8 and described

above. An understanding of the algorithm’
actual logic of the adaptive bit allocation routine,

8 concept is helpful in gaining an understanding of the

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 X,qy; (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 X,q; (3) if the difference is zero, insert the subband number into tables

Tta Tz' TS.

and T,; (4) if the difference is negative one, insert the subband number into tables
Ty, and Ty; (5) if the difference is negative two, insert the subband number into tables T,, and T;;

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 all subbands have been processed. At the end of this step,
table T, contains the numbers of all subbands that have exponents in the range Xyo-3 to Xy, table
T» contains subbands with exponents from X2 to Xyay, table T, contains subbands with exponents

from leN' 1to XMN’
subband entries in each table are in ascending order according to frequency.

and table T contains subbands with exponents equal to X,q. Of significance,

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

Ts, Ty, and finally table T,.

This process continues until all allocable bits have been assigned or until
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-23 - mantissa insures the greatest nunber of significant bits for the
nunmerical quantity is contained wwthin the mantissa's limted bit |ength.

Bl ock-fl oating point representation is also well known in the art and is
used to represent a set of floating-point nunbers with fewer bits than is
possi ble with conventional floating-point representation. This technique
uses one exponent for a group of nanti.ggas. Sonme mantissas in the group may

not be ngr %zﬁdwThe mentissa for the quantity with the largest magnitude
'n the gith E5 o fif) hrvschopn grdceisell. | As abifistastiPRITA | coefticiBars 1 10
exponent subbaridnementyl it atdy Q¢ %&&b&ﬂliﬁm that subband is incremented by one such that the
clements in A() reflect the total bits allocated to each transform coefficient in cach subband.
As noted earlier, allocation terminates immediately when all of the allocable bi;s 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 a table entry tepresenting a subband witl;
more than one coefficient, it is probable that not ail 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 have  bit deducted from the subband’s allocation amount subsequently stored
in array A(). .
Phase two constructs four new tables, T, through T,,

phase zero: (1) X,q still retains the smallest subband exponent; (2) for the lowest frequeacy subband
(subband 1 for DCT blocks, or subband 2 for DST blocks), subtract the subband exponeﬁt from
Xians (3) if the difference is zero, insert the subband number into table Ty (4) if the difference is
negative one, insert the subband number into table Ty; (5) if the difference is negative two, insert
the subband number into table Ty (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
processed. Atthe end of this.step, table T,

using a procedure similar to that used in

been
contains the numbers of all subbands that have exponents
equal to X,0~3, table T, contains subbands with exponents equal to X,mq2, table T, contains
subbands with exponents equal Xyan-1, and table T, contains subbands with exponents equal t0 X,qy.
The entries in all of the tables are in ascending order according to the frequency of the transform
coefficient.

Phase two assigns bits to all coefficients represented by subbands in tables T; o T, until each
coefficlent has received a total of four additional bits, or until the allocation limit has been reached.
Starting wiﬁ:' the first (lowest frequency) eatry in table T, one bit is assigned to each coefficient
contained within each subband represeated in the table. As each subband is processed, the eatry is
removed from table T, and inserted into table Te. Next, coefficients associated with entries in table
T, are allocated an additional bit, moving each entry from table T, to T, as the additional bit is
assigned. Then entries in table T, are processed, moving the entries from table T; to T,. If any
allocable bits remain, allocation continues by repeating the process for table 'i‘,, and then table T,.
If bits remaln to assign, a final pass is made through the entries in table Ts. :

assign all remaining allocable bits, table T, contains all of the coefficients,
bits, and tables T, through T,

If phase two does not
each having received 4
are empty. “If all allocable bits have been assigned, array A() is

rebuilt from the information contained in tables T, through T, to reflect the total bits allocated to

uchtra@t_‘ormooefﬁcieut._lztch element In array A() corresponding to an entry in table T, is
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mul tiplier required for normalization. Wether the mantissas are normalized
or not, however, the exponent always represents the nunber of tinmes each

i nt eger-val ued nmantissa in the group nust be shifted to the right to obtain
the true value of the floating-point quantity. 1. Subband Exponents The

bl ock-fl oati ng- poi nt encoder conprises sections one and two of the
nonuni f orm quanti zer. The functions peiforned by the first section are
shown in box 701 of Figure 7. This set Y on.cal cul ates the subband exponents

o o Rl el g ) A s ey USR8
the | ar @E8ree; 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 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 insected into table T,. For example, suppose two adjacent

eatriainmble'l‘.repmentsnbbandsléandlz.-'l‘hesetwosubbandsareseparatedbymree

sul;bands. Therefore the number 15, representing the subband below subband 16, would be insected
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 gubbandswhich 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 immediatefy 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,
repmsenung 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 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, nto table T,. If any bits remain after this step, phase three repeats
frothebeginning.ﬁrstdewminingiftheemris in table T, 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 desceibed above for phase two.

After all bits have been allocated, each transform coefficient code word is rounded off to a bit
length equal to the value of the element of array A() representing the subband in which the
coefficient is grouped. Some coefficients in one subband, however, may have one bit deducted from
their length as required to keep the total number of allocated bits equal to the allocation maximum.
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: K i Ci i i t hi transform bl ock and
formcoefficient in each su_bband W|t_h| n one orm bl and .
g;?gfm nes the nunber of left shifts requi req to normaljze fthese !faIg\?ZT o
24-bit coefficients. The second step determ nes correspoaniy S
I

. et ] d
for a second transform bl ock. The third step conpares the s }'& ﬁ%ﬁiﬁge

' i kK with the correspo
each subband in the first transform bl oc ’
shift value in the second trapsforrr? bd 33K, f?;?gtguhggngrrialn Cor pra

aves it as the exponent for_the approp _ _ :
'?'Eg pronents are shared by t he €osterWped Brumeationt i ssas in each transform

bl ock. 2. Thagifthsectiapottheonuniform 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 calcutated by
adding its minimum bit length (see Table D) to the number of adaptively allocated bits assigned to
coefficients in each subband, found in array A(). Each trans

form 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 subl

band. Some coefficients in one subband may have one bit deducted from

E. Formatting

The formatting process prepares 2 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 may be
used to format one transform block 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 word is formed by truncating the
rounded code word to a length equal to the minimum bit length shown in Table L. Any additional _
bits allocated to the code word are formatted separately in an adaptive bit block. The master
exponeats, subband exponents, truncated coefficient code words, and adaptive bit blocks are then
asseinbled according to the grouping shown in Figure 20. Note that one set of master and subband
exponeats 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 number 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 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 transmissfon, error correction codes are intermixed with the data as

shown in Figure 21. Additional overhead bits may be required, such as frame synchronization bits
i the digital signal is intended for transmission, or database pointers or record keys if the frames are
intended for storage. If frame synchronization bits are required, the formatted frame is randomized

using a technique described in Smith, Digital Transmission Systems. New York, NY: Van Nostrand

N o B “ e e, o, AR ex dae g Z,
‘his is the TERECEMSHT sivaa

20 JaN 997



Q [ ction of the nonuniform quantizer determ nes the value of a
Igg-zsfoﬂgsfgr exponent for each of two subband groups. The nas%eglexEon??t
is used to expand the dynam c range of the coder. Referring to Table 1,
may be seen that master exponent MEXPO represents the Iom1frequenﬁy ]
subbands zero-through ei ghteen. Master exponent MEXP1 reprﬁisntsdeig Chree
frequency subbands nineteen through th83ty six. (For a 20f IIco bbénd
addi t i ongds re ired as shown in Table Il.) If all su

exponent's mw;e“gpg%?gp'e fie WﬁmkmMuwwuwwmQt

i i ' oup. are reduced by
TP e e o, i i
coeffici en& W thin gﬁ%&ga @ bitse group

ote that each transform coefficieat 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 represeatation, if present, is of varying !ength
and is composed of the adaptively allocated bits. This two-part representation scheme is chosen over
onewhichreptesentswchmefﬁciemasawriableleng&:wordbmeitismoreimmuneto
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 tie exponcats, code words, or allocated bits directly
affected by the noise. If a noise burst occurs inaframeutiﬁzingvariablqleugtheodewords, the
effects of the noisecanbepropagawdthroughtheremainderofmeﬁ'ame. This propagation may
occur because the noise burst will alter not only the value of the exponeats 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 iength of one code word is in error, the remainder of the frame will be

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 péit length to 1486 bits. (For the 20 kHz
embodiment, the total block-pair length is 1702 bits.) _

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

Whea 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 all

ocations made to each transform
coefficient while the adaptive bit blocks are being received. The formatting structure used in the

preferred embodiment of an encoder according to the 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,
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are shifted to the left three nore times than is indicated by the subband
exponent val ues. Wen a master exponent is zero, each subband exponent in
the group correctly represent the total left - -shifts -24- for each
transformcoefficient in the subband. These master exponents pernit using
shorter subband exponents while allowing for a.sufficient dynam c range.
This step in the process is shown in 48#xes

the adaptive bit blocks for block A are appeaded to the bit stream, followed by the adaptive bit
blocks for block B. )

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. Apreferredschemeprotectsd:emasterandsubbandexponemwithet:or
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 ecror correction codes are employed, 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, Enmﬂggmm, 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 increasingtheoveralldatambytedncmgﬂtenumberofbits available for adaptive
bit allocation. As a result, thetota!alloeablebitsﬁorach 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
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 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 longer than 65 bits in
length.

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

I
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702a and 702b of Figure 7. An additional step can be taken which may reduce
the total bits required to represent the coded signal. |In all subbands
where an exponent represents a single coefficient, the sih rSh&'tHas(B‘eena{eﬂlaced

normal i zed mantissa is superfluous. As discussed above, t [lm“mumu [’d
d

the nost significant data bit in a nornalized mantissa ar
restored by the decoder. The cﬁom&qﬂ%? n bit is referred to herein as a
|

opposite value. The sign bit can there3dre be dropped by e enco
an be determ ned by -

"hi dden biﬁlﬁ"foV\het e[ a mantissa IS
exami ni r:gnst e Me&ﬁm ¥ nowereadyp fonctednsmission or for storage. Figure 1a illustrates
mission means 110. Transmission media include public dissemination such as broadcasting

. t L3 . > *
internal use such as studio monitoring or signal mixing, and interfacility or telephonic use via

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

G. Deformatting

A deformatting process takes place when the digitized and coded signal is received from
transmission means 111 ejther by receipt of a transmitted signal or retrieved from storage. The
process.is represeated by box 112 in Figure 1b. If the formatted frame of code words was
mndommedpriormmsmissiommefommd&ameismedbyanhvmmndomiﬁng
process. Then the frame is split into the component parts of each transform block: the master
m;e::s, subband .exponents. fixed length portion of transform coefficient code ;!vords, and
: lmngv y asslgn;::l l:i::;t: correction codes, if present, may be used to rectify errors introduced

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

value of the master €xponent is assumed to be one. If the correct value

of th i
2o e master exponent is

" this assumption will reduce the amplitude of all transform coefficients within the
:l;;m::i)s_ ﬁped under the errant master exponent. This assumption brodum less objectionable
st n erroneously setting 2 master exponent to zero (when it should be one) which would
increase the amplitude of all affected coefficients.

The exponeat fof DCT coefficieat C(0) is also ehecked to determine if any hiddea bit adjustmets
are necessary.

The adaptive bit allocation routine discussed zbove 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 coefficieats. The portion of each transform coefficient
:oh:e::ih eqsl:::ls the minimum bit length plus any adaptively allocated bits are loaded into a 24-bit

en shifted to the right a number of times equal to the value of the appropriate subband

exponent plus three additional shifts i the associated master exponent is set to one. This process is
represented by box 113 in Figure 1b.

H. Synthesis Filter Bank - Inverse Transform
represents a bank of synthesis filters which transform each set of frequency-
recovered from the deformatting and linearization procedures into 2 block of

Box 114 in Figﬁre 1b
domain coefficients
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is less than its maxi mumvalue (which is is after adjusting for the master
exponent in the floating point schene used in the preferred enbodi nent),
the mantissa is nornmalized. If the exponent is equal to its maxi mum val ue,
no concl usion can be drawn, therefore it is assunmed the mantissa i s not
normal i zed and there is no hidden bit. This techni que can be used only for
t hose manti ssas which have their own u86¢que exponent. In a preferred

enbodi necaoder, an decoder according to the present invention,
only mmiﬁééegd[%ﬁ;@éaw&s%ﬁ?@*%@@ﬁ@:mmmmﬁm& Bdnk Of0k YinONE
transf or & implements edid filtkp BankQlk, ' R0 ' sybpand in
1251 it S Bl o LAl e s AL i

er according to the present invention are alternating applications
of a modified inverse DCT and a modified inverse DST. Because half of the transform biocks are
omitted from transmission or storage (see expression 5), those blocks must be recreated for the |
inverse transforms. ‘The missing DCT blocks may be recreated from the available DCT blocks as
shown in equation 8. ‘The missing DST blocks may be recreated as shown in equation 9. The
inverse DCT is expressed in equation 10, and the inverse DST is expressed in equation 11.

&x) = -6k forN2 <k <N (8)
$&) = S(N-k) forN2 <k <N ©)
1 f < )
£(r) = Tz,,% c(k)wz,,k(y%)] | for0<n<N (10)
1 &t S
) = E,;o $® 2,‘]5('“’7"')] for0<n<N an
where k = ttansfor;ﬁ coefficient number, _ i

R = signal sample number,
K = number of transform coefficients,
N = sample block length,
m = phase term for E-TDAC (sce equation 6),
C¢® = quantized DCT coefficient k,
$() = quantized DST coefficient k, and
_ X(n) = recovered quantized signal x(n).

Calculations are performed using an FFT algorithm. The same techniques as those employed 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 illustrate the transform process of the analysis-synthesis filter
banks. The analysis filter bank transforms the time-domain signal into an alternating sequence of
DCT and DST blocks. The inverse transform applies the inverse DCT to every other block, and
applies the inverse DST to the other half of the blocks. As shown in Figures 15a-15d, the recovered
signal contains aliasing distortion. This distortion is cancelled during a subsequent time-domain

block overlap-add process represented by box 116 in Figure 1b. The overlap-add process is
discussed below.
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exponents between pairs of transform bl ocks, the hidden bit techni que may
be used for all subbands containing only one coefficient. The-reducti-on i-n. .
bit requirements is reflected in the fixed bit Iength for E(T coeff|C|ent
zero. As shown in Table I, the "m ninmum bit |ength of coeffl 1mmd
8 bits. If the hidden bit techni que were not utilized, the fi |

C(0) would be identical to that for cogfficient S(0), or 9 b

situations where coefficient C(0) is unnormalized, the reduced bit |engt h
is not likely to created audi bl e IoSynttiesié Win@gw N0l se because the frequency

component ¥gldes 16x-fbg iiiaard Sclifon oe tife-domiain alissing by the oveslzeadd 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 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 pecformance 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, thecefore, Is accomplished by designing a suitable product-window
represeating 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 17a and
17b. ! ' .

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 window, and a window derived from finite impulse
filter coefficlents using the Parks-McClellan method. See Parks and McClellan, "Chebyshev
Approximation for Noarecursive Dlgital Filters with Linear Phase,” IEEE 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 mentioned above through the choice of a single parametric alpha value.
As a general rule, low alpha values improve transition band rolloff, and high alpha values increase
the depth of stopband rejection. See Harris, cited above.

An aipha value in the range of 4 through 7 is usable in the preferred embodiment of an encoder
and a decoder according to the present invention. This range provides a good compromise between
steepness of transition band rolloff at mid-frequencies (1-2 kHz), and depth of stopband rejection for
low frequencies (below S00 Hz) and high fréquenci&s (above 7 kHz). The range of acceptable alpha
values was determined using computer simulations by identifying the lowest alpha values which have
sufficient stopband rejection to keep quantizing noise below the psychoacoustic masking threshold.

The Kaiser-Bessel window function is
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The third section of the nonuniform guantizer sets an initial. mninmm bit
| ength for the representation of each left-shifted transform coefficient.

This length is set according to the coeffici errrmsSShédtH pla@8dx 703 in
Figure 7 represents this section of the process ﬂ hows t he

m ni mum nunber of bits fixed for each coeffici e ! The m ni num
bit length was derived by conparing a {gep resenta |ve |Iter ank response
curve to a psychoacoustic masking thresanol d curve. Because filter
performance is a fupction only of the difference in frequency between a
signal and the coeffic f requency, any frequency coefficient my be
used to represent ﬂ(rﬁ):)ank for®kspors ™ The response curve shgen in
Figure 9 is (2 dees ||6T*| Y oot nean square

where o = Kaiser-Bessel alpha factor,
n = window sample number,
N = window length in number of samples, and

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.

N-1

3 5() Wn-k)
WP(n) = *_'° - for0<n< N (13)

3 WE

£e0

2 W(u-k)
WP(n) = 20 for0<r<N - (14)

E W)
k0

where n = product-window sample number,
v = number of samples within window overlap interval,
N = desired length of the product-window,
W(n) = beginning window function of length v+-1,
WP(n) = derived product-window of length N, and
1 for0 < k < Nwv
sto = [0 otherwise.

The analysis and synthesis windows shown in equations 15 and 16 are obtained by taking the
derived product-window WP(n) to the A and S powers respectively.
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-25 - caverage of the filter's response to a range of frequéncies wWithin the

filter passband. As discussed above, filter selectivity istgi§ReiRdBdy Réghed
shape of the analysis w ndow and the nunber

of sanples in e
signal block. It may be noted here that the overall coder c
response is not as good as that shown in Figure 9 because a

selectivity loss occurs during the

-39.
WA®Mm) = WB@n)* for0<a<N (15)
WS(n) = WP(n)* for0 <n< 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=1. ‘

In the preferred embodiment of an encoder and a decoder according to the present invention, the

analysis and synthesis windows have a length of 512 samples with a 100% window overlap, or an
oveclap interval of 256 samples. The values of A and S are each set to one-half which produces a

pair of ideatical analysis and synthesis windows as required by the E-TDAC transform. Substituting
these values into equation 14, the resulting analysis window is seea to be '

255
Y WMn-k)
k=0

WA() = for0<n < N an

256
Y WK
£=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 piaced 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 162-16g. Signals y.(f)
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 signal block is modulated by the synthesis-
window functions shown in Figures 16b and 16e. The resulting blocks of signals §,(t) and §,(t) are
shown in Figures 16¢ and 16. The two signals, overlapped by one-haif 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 nt within the overlap interval between
block k and 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 blocks k and k+1, which may be expressed as
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signal synthesis process. This effect is discussed below and Is al so shown
in Figures 17a and 17b. Two psychoacounsti ¢ maski ng curves are shown in
Figure 9. These curves were derived fromFi el der, "Evaluation of the

Audi bl e Distortion and Noi se Produced by Digital - Audi o Converters," J.

Audi o Eng. Soc. vol. 35, 1988, pp. 517-534. Auditory selectivity of the
human ear varies greatly with frequenagg,.- however, the 1 kHz curve is
representatiye of r characteristics for frequenci es between 500 and 2
kHz, and t he"INFVEGRDXER + WheddxénOve of the ear’'s response t oty gher

f r equenwhers. WPl(at) &t WAQR L) th;_qwgwgrol | of f and depth of stopband

rejection f tyansf orm coder, nust 's great as that for the
psych.oacousWé%ﬁgm ?‘ngy(s, rjudowdn blogk kattimeat) owest -
WSi(nt) = synthesis window in block k at time nt, and
WA o) = WS,(nt) 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 interval equals unity. Therefore, signal x(nt) may be accurately
recovered if ' '
WP, (nt) + WP,,,(nt) = 1 for0<n< N

(19)
for all time samples nt within the overlap interval between block k and block k-+1.

ltisdiffiwlttowo‘rkwithﬂwpmduct-windowasaﬁmcﬁonofﬁme, 80 it is desirable to translate
the requirement as expressed in equation 19 into a function of window sample number n. Equations
20 through 23 express this requirement for a product-window created from the product of a pair of
512 sample analysis and synthesis windows with 100% overlap. Equation 20 represents the overlap
f the first half of window WP, and the last half of the previous window WP,,. Equation 21
represents the overlap of the last half of window WP, and the first half of the following window

WP,..;. Equations 22 and 23 show the equivalent expressions in terms of the analysis window.
WP, ,(n+256) + WP,(m) = [ for0 < n < 256 (20)
WP (@) + WP,.,(n-256) = 1 for 256 < n < 512 1)
{W.l\k_.,(n-i-zss)}2 + {(WAMP =1 for0 < n <256 ' (22)
WA ()} + {WA,.(a-256)} = 1 for 256 < n' < 512 (23)

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

K. Signal Output
| Box 117 in Figure 1b represents a conventional digital-to-analog converter which generates a
varying voltage analog signal in response to a digital input. The digital input is obtained from the
16 most significant bits of the 24-bit integer words produced by the overlap-add process. The analog
output should be filtered by a low-pass filter with a passband bandwidth of 15 kHz (20 kHz for the

20 kHz coder) to remove spurious high-frequency components. This filter is not shown in
Figure 1b.
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bit rates. In particular, note that ear selectivity for frequencies bel ow a
1 kHz masking tone is very high. Inadequate filter selectivity is
conpensated in part by reserving additional bits for |ower frequency
coefficients. Figure 10 conpares the filter response against the 4 kHz
psychoacousti c maski ng curve. Because coder bandw dth and sel ectivity

I nprove relative to the psychoacousti94p§sking curve as frequency

i ncreases, fewer bits are required to represent higher frequency transform

coefficients. ThySALPERNATIVEOPTDAC IMPEEMENTATIONCOFIINVENTIONt | engt h
val ues as shown in Table |I. Fi

[ ure 11 conpareg the 1 kHz nmasking curve
agai nst t Hanqther embodiment of 2 eg and,p decpder @ {o the preseat i“"“‘é‘mgnpioysm
alternate transform rveferred to herein as Oddiy-Stacked Time-Domain Aliasing Canceliation

(O-TDAC). The following description discusses the differences in implementation between the
E-TDAC and O-TDAC transforms.

A. Forward Transform
O-TDAC utilizes a transform function which is a modified Discrete Cosine Transform (DCT),

shown in equation 24.
-3 1, 4m for0 sk <N @4
c® = ¥ 50 -eos[zz(h-z-) ‘T’]

where k = frequency coefficient number,
n = input signal samplé number,
N = sample block length, |
m = phase term for O-TDAC {see equation 6),
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
€oh = [ o iomn | @
where 1 = signal sample block number, and
C() = DCT coefficient (see equation 24).

The computation algorithm used is the Fast Fourier Transform (FFT). 'Unlike the E-TDAC
version, the O-TDAC implementation does not use a single FFT to concurrently transform two signal
sample blocks. The computational complexity of the transform is reduced, however, by employing
a technique similar to the premultiply-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(-iﬁ%) - | (26)
where j = /-1,

n = input signal sample number, and
N = sample block length,
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such that the 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 | ower-frequency coefficients. Each additional bit
i mproves 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 “#2l-ow-frequency transform coefficient

i f no ot harpik&as q A contrihute to the masking effect. The
m ni mum f\re?} thsggﬁ‘régesﬁ egﬁlg?/m @’E‘B‘%mﬁﬁ’fmmmmmgﬁmmwwo,
and 113 5¢& T &@aflieents: o Resause, thd BERiss cdnkiftexCeddn ®m S (e ot by G

f1 gur es parjof fediiddified 3ignadsampd §Q Wil teSransformed concurrently. Finally, a postmultiply step

obtains the true DCT coefficients. This process is représented below in equations 27 and 28.

X'® = m[x(n) exp(-fs%)] | @7

C® = R(E)-cos zu(h-%x_-g)] + Q) sin zu(k»«%x%)] (28)
where j = /-1,

n = input signal sample number,

N = sample block length,

k = frequency coefficient number,

m = phase term for O-TDAC (see equation 6),

R(k) = real part of coefficient X®),

Q) = imaginary part of cosfficient X°(k), and

C() = DCT coefficient k. |

In one embodimegt of a one-channel encoder according to the present invention, two consecutive
overlapped signal sample blocks are stored in buffers and transformed together using two FFT

* processes into 2 DCT,/DCT, block pair. In two-channel systems, signal sample blocks from each
of the two channgls are transformed by two FFT processes into a DCT,/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 signal
from analtetnaﬁngsequenqeofeosinetransformblocksofthefom

{Cl®)}e {C2M®)}, {C10), {20}, . . .
where C1(k), = DCT, coefficient k of signal 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 channel in a two-channel System, or every other transform block from each of both
DCT used in a single channel system.

The O-TDAC transformation and alias cancellatio:i process is very similar to that for the E-TDAC
transform, and is illustrated in Figures 22a-22¢, 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

s 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

@9
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maski ng effect produced by a single tone or a very nafrow. band of noise.
Figure 12 shows a conposite maski ng curve dem.v d_t. rsom a sinple overlay of

the individual masking curves of three tones.’ n SEPatfence i ndi cates
that even this conposite curve is very conser* ating the

actual masking effect of nultiple tones. Furt Is generally a
nore conplex signal than a few di scre;gsirequenci es, and the resulting

increase in masking levels permts a reduction in the required accuracy of
t r ansf osignaldidoki the alissingdisitdmasevdrsed ks vies-dutsterigotot BF th SMPIObock GRELES  Or
al | but J_ﬁe@@ay‘j §éeeﬁkurg£§bﬁﬂ%ﬁ)s-r coefficient S(1) shown in Table I are

obt ai ne

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

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 hidden bit and
the “minimum” bit length for coefficient C(0) is fixed at nine bits (as opposed to 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.

C. Formatting and Deformatting :

Each encoded DCT block includes 183 coefficient mantissas comprising 538 bits (see Tables I and
III) and 130 adaptively allocated bits, for a total of 668 bits each. The two master exponents and
37 subband exponents of 148 bits shared by both DCT blocks brings the DCT,/DCT, block pair
length 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 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.

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.
Ck) = -C(N-k) for N2 <k <N (30)
K-1
2 = L3 €0 -cos 2n(k+l)(m)] for0<a<N @D
=0 2 K _

where k = transform coefficient number,
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-26 - deducting three bits fromthe bit length of each coefficient code

wor d suggested by the masking curves in Figures 10 and 11. Except for these
two | owest-frequency coefficients, adaptive bit allocation provides
additional bits where needed for increased accuracy of specific
coefficents. If transformcoefficients zero and one were included in the
adaptive bit allocation process, the E-TDAC coder woul d generate

quanti zation noise at a frequency equaMto the sanple block rate

n = signal sample number,

K = number of transform coefficients,

N = sample block length,

m = phase term for E-TDAC (see equation 6),
C() = quantized DCT coefficient k, and

x(n) = recovered quantized signal x(n).

The O-TDAC implementation of the inverse transform reduces computational complexity by
employing 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) = lFFT[C(k) -exp('-jZRk-%)] for0<n<N 32)

() = r(n)-cos u-’%] ) ﬁn{u
where j = /-1,

m = phase term for O-TDAC (see equation 6),

N = sample block length,

k = frequency coefficient number,

n = input signal sample number,

t(n) = real part of sample x°(n),

q(n) = imaginary part of sample x"(n), and

X(n) = recovered quantized signal x(n).

Subsequent windowing, overiap-adding, and signal output processing is identical to that described
above for the E-TDAC implementation.

";"] for0’sn< N (33)
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whenever an input signal channel contains | ow frequency spectral conponents
whose period is |large conpared to the sanple .J.engt l‘I'his noi se woul d
be created within the channel containing such a‘f?gnponents by
the interaction of two nmechanisns. First, the Hrmwould
convert the | owfrequency conponents into an a uence of
nonzero and zero val ues for coefficient.zero (DCT C(O and DST S(0)).
Coefficient C(0) woul d be nonzero in tfe DCT transform bl ocks but
coefficient S(0) would al ways be zer opduipet e DST transform bl ocks.
Coefficient one (DCT C(1) and DST ( woul d be affected to a | esser
extent due to theghdidet €r bank'sppgdnde! obe | eqRARIentSECONOMig¥uh NC! Udi Ng the
two | owest frequengyy coeffiggd ent s gxp Liahe adapfuimp@sbit al | agatyd on

MEXPO EXPO 4 bits®

0 8 bits® -
EXP1 1 S bits*
EXP2 2
EXP3 3
EXP4 4.
EXP5 S
EXP6 6
EXP7 7
EXP8 8
EXP9 9
EXP10 10
EXP11 11
EXP12 12
EXP13 ‘ 13-14 4 bits
EXP14 15-16
EXP15 17-18
EXP16 19-20
EXP17 2122
EXP18 23-24
MEXP1 EXP19 25-27
: EXP20 28-30
EXP21 31-33
EXP22 34-37
EXP23 3841
EXP24 : 42-46 -
EXP25 47-53 - 3bits
EXP26 54-60
EXP27 61-67
EXP28 68-77
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 length for DCT coefficient C(1) is 5 bits
as shown in the table.

Table 1
Frequency Coefficients for 15 kHz E-TDAC Coder
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process, the allocation algorithmfor the channel woul d toggle between two
bit-assignment patterns, one for DCT bl ocks and the other for DST bl ocks.
Because the nunber of adaptively assigned bits is fixed, bits assigned to
coefficient C(0) in the DCT bl ocks woul d not be available for allocation to
ot her transformcoefficients as they would be in the DST bl ocks. (Because
the value of coefficient S(0) is almayﬁ%zero, It would not be assigned any
adaptively allocated bits.) This alteffating all ocation pattern would

mani fest itself as audi ble quantizing noise at a frequency equal to the
sanple block rate of 86.1 Hz (or 44.1 kHz / 512). The preferred enbodi nent

of an encoder accMading to theypgmgent |nver&deﬂm&§5| gnsyg.t flxed bi t
Exp Exp Exp Ln Numbers Bith

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

MEXP1
EXP37 4 bits 183-199 2 bits
EXP38 200-216
EXP39 217-233
Table I

Frequency Coefficients for 20 kHz E—TDAC Coder

Master Subband Coefficient Minimum
Exp Exp Exp Ln Numbers BitLa
MEXP0 EXP) 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 II
Frequency Coefficients for the O-TDAC Coder
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Iength' of 8 bits to DCT coefficient C(0) and 9 bits to DST coefficient S(1)

(see Table 1) and excludes them from adaptive bit allocation.

Al l ocation a. Overvi.ew The fourth section of the nonuni foriﬁhiﬁtmﬂﬁasz&aenR

perfornms the adaptive bit allocation. Box 704 in Figure 7 pr
overview of this allocation process. - 148 “general, for each t

bit allocation assigns a fixed nunb dditional bits to sp
coefficients in four phases. The W

Thi s
excl usion prevents the adaptive allocation schene fromgenerating the _
guanti zati on noi se described in the previous paragraph. 4. Adaptive Bit

|

ec

i

1. An encoder for the high-quality digital encoding of wideband audio information, comprising
subband means for receiving said wideband audio information and for generating subband
blocks in response thereof, each of said subband blocks comprising respective subband

information for a plurality of subbands,

nonuniform quantizing means for forming digital words representing said subband information
and for generating code words by adaptively allocating bits to and quantizing said digital words,
wherein bits are adaptively allocated to digital words in a respective subband and one or two

adjacent subbands on the basis of the energy level in said respective subband, and

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

output having a format suitable for transmission or storage.

2. An encoder according to claim 1 wherein said subband means comprises means for forming
time-domain signal sample blocks in response to said wideband audio information, and means for

generating analysis-window weighted time-domain signal sample blocks by weighting each of said

time-domain signal sampie blocks with an analysis window, and wherein each of said subband blocks
comprises frequency-_domain transform coefficients grouped into subbands, said transform coefficients
generated by applying a discrete transform to said analysis-window weighted time-domain signal

sample blocks.

3. An eacoder according to claim 1 or 2 wherein said subband means comprises means for
sampling and quantizing wideband analog audio h}formaﬁoninmﬁme-domainsignalsample blocks.

4. An encoder according to any one of claims 1 through 3 wherein said nonuniform quantizing

- means further comprises

means for estimating the relative energy level of each subband represented in a respective
subband block, |

means for allocating at most a maximum number of bits to digital words in a first group of
subbands possessing the greatest relative energy levels and stopping when a certain number of bits
has been allocated to each of the digital words in said first group of subbands, and

means for allocating bits to digital words in subbands adjacent to subbands in which each of
the digital words have been allocated said certain number of bits,

5.Aneneoderaeeordingtoclaim4whereinsaideeminnumberofbitsisequalmsaidmaximum

* [ L M S *

number of bits.
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nunber of bits may be chosen to bal ance signal coding quality and _
transmi ssion bit rate. In a preferred enbodiment, the allocation limt is ~
set at 133 bits per transformblock to achieve a total blt-rmxesmétHls'Z&en Replaced

kBits per second. In an application using error correction co Immm] m"
below) the Iimt nust be reduced to 124 bits per transform bl ,
mai ntain the sane bit rate. This |imt is referred to herein as
al | ocation maxi mum or as the number of%&rlocable bits.
6. A decoder for the high-quality reproduction of wideband audio information from a coded signal
comptising digital information, said'decoder comprising
deformatting ‘means for receiving said coded signal and for deriving code words from said
digital information,
linearization means for adaptively allocating bits to and dequantizing said code words into
digital words representing subband information, and for forming subband blocks comprising
respective subband information for a plurality of subbands, wherein bits are adaptively allocated
to code words corresponding to digital words in a respective subband and one or two adjacent
subbands on the basis of the energy level in said respective subband, and

inverse subband means for generating a representation of said wideband audio information
in response to said subband blocks.

7. A decoder according to claim 6 wherein said inverse subband means genei'at&s said

representation of wideband audio information by applying an inverse discrete transform to said
subband blocks.

8. A decoder according to claim 6 wherein said inverse subband means comprises

means for ggnerating time-domain signal sample blocks by applying an inverse discrete
transform to said subband blocks, :

means for weighting the time-domain signal sample blocks by a synthesis window, and

means for cancelling window wexghtmg effects to generate said representation of wxdeband
audio information.

9. A decoder according to any one of claims 6 through 8 whetein said inverse subband means

comprises means for converting said representation of wideband audio information into an analog
form.

10. A decoder according to any one of claims 6 through 9 wherein said linearization means
comprises

means for estimating the relative energy level of each subband represented in a respective
subband block,

means for allocating at most a maximum number of bits to code words corresponding to
digital words in a first group of subbands possessing the greatest relative energy levels and
stopping when a certain number of bits has been allocated to each of the code words
corresponding to digital words in said first group of subbands, and

means for allocating bits to eode words corresponding to digital words in subbands adjacent

IIIIIIII T
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-27 The current inplenentation assigns a maxinmumof 4 bits per
coefficient. This maxi mum represents a desi gn conprom se, between coding
accuracy and total bit rate. It will be realized by one skilled in the art
that this maxi mum and the total nunber of adaptively allocable bits may be
altered wi thout changing the concept or basic purpose of the invention.
Phase zero is an initialzation process éor t he remai ni ng phases. Phase one
assigns bits, up to a maxi mum of four” ﬁ I transformcoefficient, to the

wih ﬁ'eeg‘“““at"’h""est ear Sonct SR ER s s RRhahe B okl Flkgiet e Hial ©

during er of bits.

11. A decoder according to claim 10 wherein said certain number of bits is equal to said
maximum number of bits.

12. A system for the high quality processing of wideband audio information comprising an
encoder according to any one of claims ! to § and a decoder according to any one of claims 6 to 11.
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phase 'one, the allocation process stops. |If not, phase two allocates
additional bits to the transformcoefficients 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 adkécent to coefficients that were

al l ocated bits during phase one and two?YA nore detail ed concept ual
description of this procedursg 3..\”..h"“" ow ng paragraphs. The
actual |ogic inplenmentation St the-procedu ussed later. Figure 8
is a diagramof the conceptual'process used to adaptively allocate bits to

specificC  Ap encoder, decoder and encoder/decoder system utilizes quantization and adaptive bit allocation
to encode and decode spectral information within frequency subbands. In accordance with spectral
levels within a respective subband, bits are adaptively allocated to representations of the information
in the respective subband and in adjacent subbands.

DISC -?Jl-

Figure la
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transform coefficients. The initialization steps of phase zero are shown in
box 800. The first step initializes the elenents of an array A( ) to zero.
The next step identifies the snallest subband exponent, which is the
exponent for the subband with the | argest spectral conmponent, and saves the
value as X[err]. Al subband exponents are subtracted from X[err] and the
difference is stored in array M). Note that the small est possible subband
exponent is zero and the | argest pos%(%?e subband exponent is eighteen,
which is the sumof a maxi numvalue of fifteen for a 4-bit high frequency
subband exponent plus the value of three for the master exponent MEXPl. See
Table L Therefore, the range of possible values in array M) is negative
eighteen to zero. In the next step, four is
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added to each elenent of array M ) and all elenents bel ow zero are set to
zero. At the end of phase zero, array M) consists of a set of elenents,
one for each subband, whose values range fromzero to four. The el enents
with a value 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 construct& igother array A(), which represents
the bits to be allocated to the coefflél nts in each subband, using the
process shown in Figure 8 box 801. Each elenent in A() corresponds to a
subband. Recall from Table | that the higher subband exponents represent

mul tiple transformcoefficients, therefore each el enent of A() represents

t he nunber of bits assigned to al
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transform coefficients in the correspondi ng subband. For exanple, referring
to Table |, subband 13 represents coefficients 13-14. |If elenment A(13) has
a value of one, this indicates that 2 bits are allocated, one each to
transformcoefficients 13 and 14. Continuing the exanple, if elenment A(36)
has a value of two, then 30 bits are allocated, 2 bits each to coefficients
168-182. during the . -28 -
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al l ocation process, as each elenent of A() is increnented, the nunber of
allocated bits is deducted fromthe nunber of bits remaining for

al l ocation. Wen all of the allocable bits are assigned during this or any
foll owi ng phase, that phase inmmedi ately term nates and all of the
subsequent phases are skipped. During the final step in which the
allocation Iimt is reached, the nuanzgﬁf bits assigned to a subband
during that step will not exceed the nuiiber of bits remaining for
allocation. If the last of the allocable bits are assigned while processing
a subband with nore than one coefficient, it is likely that not all of the

coefficients in that subband wi'll be allocated the same nunber of bits.
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Starting with the M) array el enent representing the | owest-frequency
coefficient (M) for DCT bl ocks, or element M2) for DST bl ocks), each

el enent of M) is examned 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 equa/25% four. The second pass increnents
by one each elenent in A( ) which corresponds to each elenment in MO which
has a value equal to three or four. On the third pass, array A() elenents
are increnented if the corresponding M) element has a value within the
range of two to four. The final pass increnents those elenments in array A()

corresponding to those M ) elenents
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whi ch have a value in the range between one and four. It may be noted that
If the elenments in array MC ) sumto the allocation limt or less, the
contents of arrays M).and A() at this point will be identical. If the
nunber of bits assigned has reached the allocation limt, the
bit-allocation process is conplete at the end of phase one. If any

al l ocable bits remain, allocation cofifdues 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 maxi mum al | ocabl e 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
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array A(), each elenent which has a val ue between one and three is
incremented by one. On the second pass, elenments wth values of two or
three are increnented. On the third pass, elenents equal to three are
increnented. If this phase conpletes w thout exceeding the allocation
limt, every elenent in array A() wll have a value of either four or zero.
| f any allocable bits remain, allocatypscontinues with phase three shown
in box 803 of Figure 8. Like the previous phases, phase three allocation
will termnate as soon as the allocation Iimt has been reached. This final
phase assigns additional bits to transformcoefficients with | ower spectral
energy which are adjacent to subbands of coefficients wth higher energy.

Thi s assignnment is
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acconplished in three steps. The first step scans array A() starting with
t he hi ghest frequency el enent A(36) (elenment A(39) is the starting el enent
in 20 kHz bandwi dth coders) in search of a -29 - group of two adjacent
el enents which have the values {0,4{. If found, the el ement whose value is
zero is set to one such that the group val ues becone {1, 4}. :
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If the' allocation limt has not been reached, step two of phase three
begi ns by scanning array A() downward starting with the highest frequency
subband in search of a group of two adjacent el enents which have the val ues
{4,0}. If found, the zero-valued elenent is set to one to produce val ues
{4,1}. The third and final step of phase three allocates additional bits to
the coefficients in subbands assi gned M2% in steps one and two of this
phase. Starting at the highest frequency elenment of array A(), each el enent
nodified in step one is increnented. Finally, elenents nodified in step two
are increnented, startlng with the hlghest frequency subbands. This third

step reiteraivel) . —e4-8 \ne order discussed
above until all hl . e QN Eﬁmgfoghﬁmxam
A ——-%LEFT SHIETS T n’"&mum Cuax

IF NA;
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of the elenents nodified in
bits each.

be assigned, phase three repeats starting with step one.
Al'l ocation Logic The concept of the adaptive

represented in Figure 8 and
al gorithm s concept

initializing all

I s hel pful
| ogic of the adaptive bit allocation routine.
el ements of array A() equal

steps one and two are assigned a total

descri bed above.
I n gaiX0/2p an

An under standi ng of the

Phase zero begi ns by
to zero,

FIND SMALLES

IF M)
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tables T[err] through T[err]. The construction of the tables is

acconpl i shed through the follow ng steps: (I)

exponent and save this value as Xerr];
frequency subband (subband 1 for DCT bl ocks, or subband 2 for

subtract the subband exponent (see Table 1) from X err] (3)
difference is zero, insert the subbandlg gger

i dentify the small est subband

(2) starting with the | onest
DST bl ocks),

i f the
into tables T[err] T[err],

Tlerr], and T[err] (4) if the difference I's negative one, insert the

subband nunber

I S negative two,
(6) if the difference is negative three,

table T[err];

into tables T[err], T[err] and T[err]; (5) If the difference

I nsert the subband nunber into tables T[err], and T[err];
I nsert the subband nunber into

(7) continue steps three through six for each subband until

al | subbands have been processed. At the end of this step,
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table T[err] contains the nunbers of all subbands that have exponents in
the range X/err] to Xerr], table T[err] contains subbands with exponents
fromXerr] to Xerr], table T[err] contains subbands with exponents from
Xerr] to Xerr], and table T[err] contains subbands with exponents equal
to X[err]. O significance. subband enblyihgs in each table are in ascending
order according to frequency. Phase one aI | ocates bits to transform
coefficients in subbands with the | argest subband exponents. Starting with
the first (I owest frequency) entry in table T[err], one bit is allocated to

each transf or micpetHetrprt—yi—tht .Le-a-e bagre+epfeseri-ed—— he tabl e.
The al l ocation i efeal ed ijn {t'ufnifdealt e ]l iTTerg].i apd finally
table T[err]. Thysipripckss$ qonti nueg/ ujl.'l i 1| alrdsat i tis pave been
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-30 - all entries in tables T[err] to T[err] have been processed. As a bit

Is assigned to all coefficidents in a subband, an entry in array A()
correspondi ng to that subband is increnented by one such that the
elenments in A() reflect the total bits allocated to each transform

coefficient in each subband. As noted earlier, allocation termnates
I mredi ately when all of the allocable bits are assigned.
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Each table entry represents a subband which, in general, contains nultiple
transformcoefficients. Therefore, if the last of the allocable bits are
assigned to a table entry representing a subband with nore than one
coefficient, it is probable that not all of the coefficients in that
subband can be allocated the sanme nunber of bits. In such situations, the
al | ocation process notes which coeffi c®% in the subband nust have a bit
deducted fromthe subband's allocation anmobunt subsequently stored in array
A(). Phase two constructs four new tables, T[err] through T[err], using a
procedure simlar to that used in phase zero: (1) Xlerr], still retains the
smal | est subband exponent (2) for the | owest frequency subband
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(subband 1 for DCT bl ocks, or subband 2 for DST bl ocks), subtract the
subband exponent from X err]; (3) if the difference is zero, insert 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 T2; (6) if the
difference is negative three, insert fggagubband nunber into table T[err];
(7) continue steps three through six for each subband until all subbands
have been processed. At the end of this step, table T[err] contains the
nunbers of all subbands that have exponents equal to Xerr], table T[err]
cont ai ns subbands with exponents equal to X[ err], table T[err]. contains
subbands with exponents equal X[ err], and table T[err] contains subbands
wi th exponents equal to Xerr].
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The entries in all of the tables are in ascending order according to the
frequency of the transform coefficient. Phase two assigns bits to al
coefficients represented by subbands In tables T[err] to T[err] until
coefficient has received a total 'of four additional bits, or until the

allocation limt has been reached. Starting'mﬁth the first (Il owest
5l s assigned to each coefficient

frequency) entry in table T[err], one
cont ai ned within each subband representé& in the table. As each subband is
processed, the entry is renoved from table T[err]. and inserted into table

T[err]. Next, coefficients associated with entries in table T2 are
allocated an additional bit, noving each entry fromtable T[err] to T[err]

as the additional bit is
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assigned. Then entries in table T[err] are processed, noving the entries
fromtable T[err] to T[err]. If any allocable bits remain, allocation
continues by repeating the process for table T[err], and then table T[err].
If bits remain to assign, a final pass is made through the entries in table
T[err]. If phase two does not assign all remaining allocable bits, table
Tlerr] contains all of the coefficients, each having received 4 bits, and
tables T[err] through T[err] are enpt¥7/25 -all allocable bits have been
assigned, array A( ) is rebuilt fromthe information contained in tables
T[err] through T[err] to reflect the total bits allocated to each transform
coefficient. Each elenent in array A() corresponding to an entry in table
Tl[err] is
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-31 - assigned a value of four. Each A() elenent corresponding to an entry
in table T[err] is assigned a value of three; for table T[err] a val ue of

two; and for table T[err] a value of one. Al other elenents of A(), i.e.,
t hose subbands which are not represented by entries in tables T[erf]
through T[err], are zero. If any allocable bits remain, piidsnerithIen Repiac

continues with phase three. Table T[ed8)/25s sorted, orderi cfd
nunbers i nto descending frequency. The first step adds SUHIHNHIW H’”ﬁ ﬂe

T[err] which are '
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not intable T[err] that are lower in frequency and adjacent to subbands
which are in table T[err]. Starting with the first (highest frequency)
entry in table T[err], adjacent entries in the table are examned to
determne. if they are separated by one or nore subbands. If they are, the
nunber of the subbhand i medi ately bel ow the hi gher subband is inserted into
table T[err]. For exanple, suppose two adjacent entries in table T[err]
represent subbands 16 and 12. These tywy3sbbands are separated by three
subbands. Therefore the nunber 15, representing the subband bel ow subband
16, would be inserted into table T[err]. The second step adds subbands to
table T[err] which are not in table T[err] that aﬁe-higher in frequency
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o

and adj acent to subbands which are in table T[err]. Starting with the first
(hi ghest frequency) entry in table T4, adjacent entries in the table are
exanmned to determne if they are separated by one or nore subbands. If
they are, the nunmber of the subband i medi ately above the | ower subband is
inserted into table T[err]. For exanple, suppose two adjacent entries in
table T[err] represent subbands 16 and 12. As di scussed above, these two
subbands are separated by 3 subbands. 20@5ef ore t he nunber 13, representing
t he subband above subband 12, would be inserted into table T[err]. Starting
with the first entry in table T[err], an additional bit is assigned to each
transform coefficient associated with each subband represented by an entry
in table T[err]. As each subband entry is
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N el

processed, it is noved fromtable T[err]
allocable bits remain at the end of processing table T[err],

process repeats for the entries in table T[err],

table T[err] into table T[err].
entries if any bits remain to allocate, noving entries

into table T[err]

fromthe beginning, first determning,if
if not, sorting tab%&/ §

still sorted and
frequency order.
built fromthe

into table T[err]. If any

a simlar

novi ng each entry from
Processing contines with table T[err]

fromtable T[err]

If any bits remain after this step, phase three repeats
he entries in table T[err] are

err] entries into descendi ng

Wien all allocable bits have been assigned, array A() is

have been al |l ocat
a bit
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P

| ength equal to the value of the elenent of array A() representing the
subband in which the coefficient is grouped. Sone coefficients in one
subband, however, may have one bit deducted fromtheir length as required

to keep the total nunber of allocated bits equal to the allocation maxi num
-32 - 5. Code Wrd Truncation
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The fifth section of the nonuni f or m quanti zer,
7, follows the adaptive bit allocation routine.

mast er exponents determined in previous sections,

coeffici ent

equal

in a transformblock is shifted to the I eft a nunber of tines
to the value of the exponent for the subband in which the coefficient

each transform

shown in box 705 of Figure
Usi ng t he subband and

i's grouped, plus three nore shifts ifBhgsassociated master exponent is set

to one.
its m nimum bit
bits assigned to coefficients in each subband,
transform coefficient code word is rounded off to this bit
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found in array A().
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As descri bed above, each el enent of array A() represents the nunber of bits
assigned to all coefficients within a subband. Sone coefficients in one
subband may have one bit deducted fromtheir length as required to keep the
total nunber of bits allocated to the transform bl ock equal to the

al l ocation maximum E. Fornmatting The formatting process prepares a pair of
encoded transform bl ocks for transm s4/f2%r storage. This process is
represented by box 109 in Figure la. The follow ng description discusses
the formatting of two adjacent transform blocks in a one-channel system
The sane techni que may be
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used to format one transform bl ock fromeach channel of a two-channel
system processi ng signals such as that used in stereophonic applications. A
fixed length representati on of each transform coefficient code word is
formed by truncating the rounded code word to a |l ength equal to the m ni num

bit length shown in Table L. Any addijfd | bits allocated to the code word
are formatted separately in an adaptiv It block. The master exponents.
subband exponents, truncat ee-geefii-c ~0ode words, and adaptive bit
bl ocks are then assenbl ed accqrding to the groupi ng shown in Figure 20.
Not e that one set of master afjdksubbfnH exponents applies to both transform
bl ocks in the block pair. (%89 t"ﬂé}d sctuss$i on of the nonuniform
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quantizer above.) By sharing exponents between each pair of bl ocks e

t ot &~ number of bits required to represent the £exponent.s. for. both transform
bl ocks is reduced by 50% The formatted frane @f t ransAOE MEDIOCKS 1N Fisgur e
20 _.-"-,Q{s a{ FrUcture- wheret ransform bl ock A |3’ a DCI dot oa:k angd bl ock. (B
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Technical Field
The invention relates in general to high-quality low bit-rate digital signal processing of audio
signals such as music.
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 areinvetselypropomonalm 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 especiaily 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
a bank of digital bandpass filters. Although transforms are easier to implement and require less
computational power and hardware than digital filters, they have less design flexibility in the sense
that each bandpass filter frequency bin" represented by a transform coefficient has a uniform
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using a technique described in Smth, D gllgg|5 Tlrognsrzn'zg_sizgn ggrs]fjgm the}/vopl(oirlg,
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appended to the frame synchronization bits.

-2-

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 is defined
by a set of one or more adjacent transform coefficients or frequency bins. The bandwidth of a
transform coder frequency bin depends upon the coder’s sampling rate and the number of samples
in each signal sample block (the transform length).

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 second is the attenuation level in the
stopbands. As used herein, the measure of filter “selectivity" is the steepness of the filter response
curve within the transition bands (steepness of transition band rolloff),
in the stopbands (depth of stopband rejection).

These two filter characteristics are critical because the human 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
S00 Hz, but widening as the frequency progresses upward to the limits of audibility. The effective
bandwidth of such an auditory filter is referred to as a critical band. An important quality of the
critical band is that psychoacoustic-masking effects 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 bandwidth throughout the audible spectrum is about half the critical bandwidth of the human
ear in the same portions of the spectruxﬁ. This is because the critical bands of the human ear have
variable center frequencies that adapt to auditory stimuli, whereas subband and transform coders
typically have fixed subband center frequencies. To optimize the opportunity to utilize
psychoacoustic-masking effects, any distortion artifacts resulting from the presence of a dominant
signal should be limited to the subband containing the dominant signal. If the subband bandwidth
is about half or less than half of the critical band (and if the transition band rolloff is sufficiently
Steep and the stopband rejection is sufficiently deep), the most effective masking of the undesired
distortion products is likely to occur even for signals whose frequency is near the edge of the

and the level of atteruation
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Not e. that each transform coefficient nmay be represented in as many as two
di stinct parts or segnents. The first part represents the coefficient's
m nimum | ength and is conposed of a fixed nunber of bits. See Table 1. The
second part of the representation, if present, is of varying length and is
conposed of the adaptively allocated bits. This two-part. representation
schene is chosen over one which represeéhts each coefficient as a variable

| engt h L] i ne to corruption by noise. If a noise

bur st mgwwaﬁ%mwm Fckaore Shao:Ral a drecat b el 1 e

noi se withe ity thattheidaminasio signad Wilbcatiée thé QurS eRAGE Bind: or
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frame utilizing variable e % 0f) Brogucts qutside 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 Fourier Transform. The process chooses an initial quantizer step-size,
applies entropy coding, and reiterates quanﬁzaﬁonwithdiffmntswp-sizsunﬁ!meMspectra!
coefficients can be coded with a predetermined number of bits. Unused bits are available for
allocation in subsequent blocks. In order to maks use of psycho-acoustic masking effects, the .
spectral coefficients of each blockaredividedinﬁo&equencygroups, these frequency groups being
selected such that, according to psycho-acoustic masking, noise is not perceivable if the signal energy
within each individual frequency group is substantially higher than the noise energy within the same
group. After coding, the coefficients are reconstructed and the signal energy within each frequency
grgup of the reconstructed values is compared with a respective minimum reference value. If the
signal energy within one or more of the frequency groups is below the respective reference value,
the spectral coefficients are multiplied by a predetermined factor and quantization and coding is
pecformed again in a reiterative manner. ‘The number of reiterations in the inner and the outer
iteration loop have to be transmitted as side information,

Trami:t‘ormeodingpetformancedependst'tponsevetal factors, including the signal sample block
leagth, 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 wideaing of the frequeacy bins, but also by degradation of the
response charagteristiw of the bandpass filter frequency bins: (1) decreased rate of transition band
nﬂkm&andcn|zmumdlewﬂofﬂmmnmdnqaxhn.'ﬂﬁsdqnmhﬁoninfﬂurpudbﬂnmmztumﬂw
in the undesired creation of or contribution to transform coefficients in nearby t‘requenéy 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 all frequencies, particularly low
frequencies. Even if the nominal sibband bandwidth is narrower than the ear’s critical bandwidth,
degraded filter characteristics manifested as a broad transition band and/or poor stopband rejection
may result in significant signal components outside the ear’s critical bandwidth. In such cases,
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effects of the noise can be propagated through the renainder of the frane.
Thi s_ propagati on nay occur because the noise burst will alter not only the
val ue of the exponents and code words hit directly by the noise, but also
the informati on needed to determne the |length of each variable |ength code
word. If the length-.of one code word is in error, the remai nder of the
frame will be msinterpreted. An encodgd DCT transform bl ock ‘i ncl udes 183
coefficient nantissas conprising 537 bits (see Table 1) and 133 adaptively

al | ocat 8RS fagstrainfs age erdinarilyqplacsd onisithes aspBets ofi sie HSEm paridul diyeqantBaldn | S
al ways zeufcy.see Table | and expression 4), it need not be transmtted or

st or ed. TRnotﬁeroJ!saﬂ t he DST

vantage resulting from short sample block lengths is the exacerbation of transform
coding errors, described in the next section.
Transform Coding Errors

Dkuuaummmuuudomupuﬂmzapuﬂxuymwmmzuuof&umumyunﬁkkm&bﬂnmwﬂuw
workwiﬂxonlya finite segment of the signal. Strictly speaking, discrete transforms produce a time-
ﬁumuwytqnuunuﬁm:ofdm=humtﬁmbdmmﬁn:mgulnmurdmnaxuwaﬁmmmmwwbnmhx
representation which would require infinite transform lengths. For convenieace of discussion here,
howewn,&wouqmuoﬁﬁmxuntamﬁunmvﬁubeumuﬂﬂtnasaﬁmqwumydomﬁmnqxawnmmon
lneﬁumlheﬁhnunuwmmnnuuammswwsuqﬁalﬁ@mnodyhas&umumyemmmmunswmmm
periods are a submultiple of the finite sample interval. This is equivalent to an assumption that the
finite-length signal is periodic. The assumption in general is not true. The assumed periodicity
creates discontinuities at the edges of the finite time interval which cause the transform to create
phmmmnhumdhnwuwyemnmxmnm

One technique which minimizes this effect is to reduce the discontinuity prior to the
‘transformation by we:ghtmg the signal samples such that samples near the edges of the interval are
close to zero. Samples at the center of the interval are generally passed unchanged, i.e., weighted
by a factor of one. This weighting function is called an “analysis window" and may be of any shape,
bmtuuuﬁnvﬁmkwwsunuﬁhnenmnefhnwﬂnyu:mﬂﬁmndtﬂuxpedbnnmwe

As used herein, the term “analysis window" refers merely to the windowing function performed
pdm%oqmwmuhmofmwﬁnwudumm&mn.Asvﬁubedbuuﬂnbdow;mcmwmnofmnmmhmh
~wmmmkudincmsemhﬁhmmtofduthwunmmisemnuﬁmnlurqmﬂwﬁswﬁﬁbwckﬁgn
considerations. Thﬂ:ﬂwm¢hﬁgnandpuﬁunumwapnmnﬂusofu:ﬁmﬂ&ﬁhw&ﬁow as that term
is commonly used in the art may differ from such analysis whﬂnwsau umMammnuﬂ ﬁxan
embodimeant of this invention.

While there is no single criteria which may be used to assess a window"s quality, general criteria
hwhdesuxpmusofumm&hmhmmiuﬂbﬁamddqnhqfﬂnmnndnqqxhn.Insomeamﬂkmdmu,
the ability to trade steeper mlloff_ for deeper rejection level is a useful quality.

The analysis window is a time-domain function. If no other compensation is provided, the
trecovered or “synthesized" signal will be distorted according to the shape of the analysis window
There are several compensation methods. For example:

(2) The recovered signal interval or block may be multiplied by an inverse window, one
whose weighting factors are the reciprocal of those for the analysis window. A disadvantage
ofuusuxmmkwwisﬂuuueknﬁytumﬂﬂsﬂuuﬂuuunhmkvﬁnmwvuxgp&oauoanmwemgs

This is the replacement shedt

pate: | 3 AR 1097



A

bl ock mantissas and allocated bits conprise only 666 bits. The two master
exponent bits and 37 subband exponents of 148 bits brings the DCI/DST bl ock
pairlength to 1486 bits. (For the 20 kHz enbodi nment, the total bl ock-pair
|l ength is 1702 bits.) No side-iformation is required to indicate the _
coefficients to which additional bits have been allocated. The deformatting
process is able to determne the prope_allocation fromthe transmtted
subband exponents by performng the sane allocation algorithmas that used

in the enco@)r@nmﬁmiaputm mm@p??r’:glorm hgped. isoltﬁfeﬁm We gig;red
the- exponiaiw pith Bk bud i o iR a0 G e B g e e of o wiidow

wiil be exactly eompens,ated (But see the following paragraph.) When used with certain types

of transforms such as the Discrete Fourier Transform (DFT), this technique increases the number

of bits required to represent the signal since the portion of the signal in the overlap interval must

be transformed and transmitted twice. For thess types of transforms, it is desirable to design the

. window with an overlap interval as small as possible. -

(¢) The synthesized output from the inverse transform may also need to be windowed. Some
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
overiap 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 windows. Therefore, both windows must be
designed such that the product of the two will sumtounity'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 sample blocks become shorter there is more sidelobe leakage
through the filter’s transition band and stopband. A well shaped analysis window reduces this
leakage.

Sidelobe leakage is undesirable because it causes the transform to create spectral coefficients
which misrepresent the frequency of signal components outside the filter’s passband. ‘This
misrepresentation is a distortion called aliasing.

Aliasing Cancellation .

The Nyquist theorem 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
misrepresented as lower-frequency eomponents 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 stopband 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.
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adaptively allocated bits. This reduces processing del ays because, after
all subband exponents have been received, the deformatting process is able
to determine bit allocations nade to each transform coefficient while the
adaptive bit blocks are being received. The formatting structure used in
the preferred enbodi nent of an encoder according to the present invention
I's shown in Figure 20. The bit stream-i6s formatted with the master and

2orton ont M ESkbi o 32850 e ok b i o s g gk ) ¢
T Bk el et s i 5
Sqmmsﬁm;mnamﬂmeemmumﬂwucfa&mhgdkwmhnhlumm&mnomhmlnq;usnmn:
difficult as the sample block length is made shorter. As explained above, shorter sample blocks
dquublﬂwrpuﬁuuumw:&w;m&huﬂlmmhﬁmhimmums.dm:mshm@ﬁmﬂmmlummhhn
becomes less sharp, and the stopband rejection deteriorates. As a result, aliasing becomes more
mnmmmxd.deamacmmmmmmmmemhduﬁdu»mnumhhsMﬁﬂQMﬂunmqn&wuundhg
amxspnwuuﬂmimnmeumm&nnﬁnmcnmmguyummmmgammmgdkmnhm The residual
aliasing distortion will be audible unless the distortion is psychoacoustically masked. With short
smnmelmxhalwmmwugsmnetnnﬂhnnthnmunybkm|mwrhnmatw&ktpmw&uﬂlhmxdm
aﬂhmycﬁﬁqﬂhuﬂ&JMnkmhﬂyammw&umumkswhueﬁwan%cdﬁmﬂbaﬂshwedwgnnma
resolution. Cmmawwmn;ﬂksdhwubnumynmhemm*uLtxwwmywumﬁmhzﬂwdkwnhn
is to increase quantization accuracy in the problem subbands, but that increases the required bit rate.
. Bit-rate Reduction Techniques
The two factors listed above (Nyquist sample rate and quantizing errors) should dictate the bit-rate
requirements 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 componeat is redundant if it can be predicted or
otherwise provided by the receiver. A signal component is irrelevant if it is not needed to achieve
a specified quality of representation. Several techniques used in the art include:
a)PuﬂkﬁmuaJnﬁmncormwﬁqqnecmuumukﬁcofaskmupqmﬁmannnﬁtho
uu@hmumomcemnmnumtbmwdupmaunnunorpuwkmsdgmnchnumkam.
GDanmwemﬁm;cmmmmmsumhah@mpnmﬂmkymhnummmznnybenwm&mmd
by abbreviated codes. Both the transmitter and receiver must have tie same code book.
anmycuﬁm;amlpnﬂhﬁmthmlhsdkahmﬂmnslh&thw'hmwuccnmmnahmn
complexity and processing delay. Akm,ﬂmwiﬂmﬂmﬂymmMMeavuﬁbhmmzoumugﬂmw
namﬁﬂngbuﬂhﬂngifumﬂinaxmmnmnbhfuzsﬂmmm
(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 erross.
(4) Floating point: floating-point representation may reduce bit requirements at the expense
of lost precision. Block-floating-point representation ises one scale factor or exponent for a

block of floating-point mantissas, and is commonly used in coding time-domain signals.
Floatingpointisaspecialmeofnonuniformeoding.
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-34 the adaptive bit blocks for block A are appended to the bit stream

foll owed by the adaptive bit blocks for block B. In applications where
potential data corruption is of concern, an error correction schene is
necessary. Errors in subband exponents, and to the | esser extent, errors in
t he | ower-requency coefficient code words generally produce the greatest
audi bl e distortion. This information ig_the nost

(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.

(®) Component value: more bits are allocated to transform coefficients which
represent frequency bands with the greatest amplitude or energy. )

(c) Psychoacoustic masking: fewer bits are allocated to signal components whose
quantizing errors are masked (rendered inaudible) by other signal components. This
method is unique to those applications where audible signals are intended for human
perception. Masking is understood best with respect to single-tone signals rather than
multiple-tone signals and complex waveforms such as music signals.

An example of a transform-based encoder and decoder usinig 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.

_ 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 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.

 Itis yet a further object of the inveation 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 coder processing music signals.

It is still another object of the invention to prbvide techniques for psychoacoustically compensating
for otherwise audible distortion artifacts in a transform coder.
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critical data to protect A preferred schene protects the master and subband:
exponents with error detection and correction codes, and separates these
val ues as nuch as possible to inprove their imunity to noise burst errors.
Such a schene is shown in Figure 21. It will be obvious to one skilled in
the art that other frame formats and cqrrection codes may be utilized

w t hout departing fromthe basic invei®ifon. When error correction codes are

EZEL"?S;&‘:‘W@-{ ;‘W“@%WMW@%Waﬁ FRomaTanfoch rcughve! N
a

came 10 wgmmmofﬁmmod’mw, 150 bits are

subband ammwmmmhmﬁonpmﬂd&mﬁedigweneodingofwidebandaudio
information, mmembpdmmeﬁdebmdmdiosigmhmmdmdmmm
domain sample blocks. Each sample block is then modulated by an analysis window, Frequency-
domﬁnspmﬂmmpommmmgmmmmpomwﬂxemdysm“ighwdw
domain sample block. A transform coder having adaptive bit allocation nonuniformly quantizes each
mﬁomeoefﬁclent.andﬂtoseeoefﬁciem areassembledimoadigitalomputhavingaformat
.suinbleﬂorswngeoruusmision. Ecror correction codes may be used in applications where the
mmmdsigndkmbjeummisemomawuupﬁngeﬁm.of&ewmmnﬁaﬁonm

spectral componeats. 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
ofmeandysis-whdwmmeemodupmdumammposkempomwhichsummmhyform
adjacent overlapped sample blocks. Adjacent sample blocks are overlapped and added to cancel the -
weighﬁngeﬁecsﬂ&eaﬂyskmdsynﬁsk%muﬂmvuadigiﬁudrepmmofme
Mmsigmlwmakmmﬁam-quﬂkylnﬂogm
amgm«mmmmmManmmmmwmm
andhigh-qualxtyrepmdueﬁonofwi&bandmdioinfomaﬁon. In the encoder portion of one
mbodimemofmewmmemﬂogwﬁebamm:igndsmump!dmdquanﬁmmm
| domafnsgmpleblocks. Eachsampleblock!sthenmodulmdhyananalysis window. Frequency-
domain spectral mmponenmmd:engenmtedhmponsewtheanalysiswhdowmightedﬁme-

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. In one
embodiment, the decoder portion of the system receives the digital output of the encoder via a
storage device or transmission path. It decfves the nonuniformly coded spectral components from
the formatted digital signal and reconstructs the frequency-domain spectral components therefrom
Time-domain signal samp!el;tocharegeuemedinmpomtomqumy-dommnsfom;
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One (21,19) Reed-Sol onmon error correction code is added to the bit stream
The code, sixteen bits in length, provides single-synbol error
detection/correction for- as many as nineteen 8-bit synmbols (bytes), or 152
bits. See, for exanple, Peterson and Wl don, Error-Correcting Codes

Canbri dge, Mass: The-M1.T. Press, 1986, pp. 269-309, 361-362. O the 152
bits which may be protected by the codeg,. 150 constitute the nmaster and
subband exponent bits (15 kHz version). The remaining error correction
capaci t)P"F@“&'F?WM% Qhaqusﬁcedlmdam thuseo of thtei means &1 thie eicddel whRA! €T
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f or mat t émgawlngo 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 overlapped andaddedtocancelﬂ:eweighﬁngeffectsofﬂzeanalysisandsynthesiswindowsand
recover a digitized representation of the time-domain signal which is then converted toa high-quality.
analog output. .

In an embodiment of an encoder according to the present invention, adiscrete 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 a2 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-domam
transform can be used. : _

Inaprefenedeinbodimemofanencoderandadecoderaceordingtomepmem invention, a
single FFT is utilized to simultaneously 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 a decoder, a single FFT is utilized to simultaneously
calculate the inverse transform for two transform blocks.

In preferred- embodiments of an encoder and a decoder according to the present invention, the
sampling rate is 44.1 kHz, Whﬂethesamplingrmisnotcriﬁm! 44.1 kHz is a suitable sampling
raemditisconveniembemseitkdsomesamplhgrmusedﬁor&mpactbms An alternative
embodiment employs a 48 kHz sampling rate. In the preferred embodiment employing the 44.1 kHz
sampling rate, the nominal frequenéy response extends to 15 kHz and the time-domain sample blocks
have a length of 512 samples. In the preferred embodiment, music coding at subjective quality levels
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 codes). Other bit
rates yielding varying levels of signal quality may be used without departing from the basic spirit of
the invention.

In a preferred embodiment of an encoder, the nonuniform transform coder computes a variable
bit-length code word for each transform coefficient, which code-word bit length is the sum of a fixed
aumber 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
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stream wi thout increasing the overall data rate by reducing the nunber of
bits_ available for adaptive bit allocation. As a result, the total

al l ocabl e bits for each block in the transform block pair is 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 8-bit
bytes for ease of processing. The rati¥of protected data to unpr ot ect ed

o of BB o B 0 o e s st

of prot &@ na Jbpassigwend ofofixedt bitsy takes mwmm&% sttbjEctlve UT ©

21. Wt M&nﬁu&@ﬁf‘meqéﬁmmaasfo@g*rgqu L5853 Laus "th Yhe OF assaanmy 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. 'l‘hesysmisnotaggmsiveinthesememat
mostofﬂ:ebitsareﬁxedbltsandareladvelyfewbitsmadapﬁvelyassigned. This approach has
several advantages. First, the fixed bit assignment inherently compensates for the undesired
mmnmgmwmmmmmmmmmmm
established the required fixed bit assignments included the inverse transform process. Second, the
adaptive bit-allocation algorithm can be kept relatively simple. In addition, sdaptively-assigned bits
mmmsemiﬁvemsigmlmmionmombmmGemd«mddmdusMw
sucherrorscanmultinineorrectassignmentaswellasincorrectvalwforﬂxesebitsinme'deeoder

Theempiriealtechniqueforauocaﬁngbiwmay bebettetundmﬁoodbyreferencetol?igure 13
whichshowscntiealbandspectraoftheoutputmiseanddistorﬁon(e.g lhenoiseanddismﬁon
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 rather than any particular data.

Allocation A (the solid line) is a veference, showing the noise and distortion products produced
b)gtheSOOstinewavewhenaharbitrarynumberofbiwarealloemdtoeachofthetransﬁorm
_coefficlents.  Allocation B (the short dashed line) shows the noise and distortion products for the
sametelativebitallocationasalloeationAbutwi&Zféwerbitspermnsfomco&fﬁcient.
Alloationc(ﬂxehngdashedlhxe)isﬂ!esahxeumomimAﬁor&equmin&elmpmof
the audio band up to about 1500 Hz. Allocation C is then the same as allocation B for frequencies
inmeupperpattofmemdiobandaboveaboutlsoom. ‘The dotted line shows the auditory
masking curve for a 500 Hz tone.

ltwillbcobsuvedthatmdiblenoiseispresentatt‘tequenciesbelowmest)onzwneforallthree
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 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 audio spectrum the noise and distortion products created by the 500 Hz tone
are relatively low.
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65 bits may occur anywhere in the frame without corrupting more than one
protected data byte. Therefore, protected data can be recovered from any
singl e noise burst no |l onger than 65 bits in length. Subject to the
constrai nts di scussed above, exponents and transform coefficient code words
are assenbled in ascending frequency order, and are followed by the
adaptive bit bl ocks. -1l

By observing the noise and distortion created in response to tones at various frequencies for
various bit atlocations, 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 0 lower the level of the noise and
c_iismnion products below the masking threshold in the region from about 100 Hz to 300 or 400 Hz,
additional bits eouldbeaddedwthereferme-allocaﬁon for the transform coefficient containing the
500 Hz tone and narbyeoefﬁcientsumﬂthenotseanddisw!ﬁondmppedbdowﬂ:emasking
threshold. Simflar steps would be taken for other tones throughout the audio spectrum until the
overall transform-coefficieat bit-length allocation resuited in acceptably low audible noise in the
prmofwm,mkenouea_atime,ﬂmughouttheaudiospmm. Thisismoaeesilydoneby
way of computer simulations, MﬁMbkmommignmemkMMMwmmlessby
tmvingoneor'mmbits&omachumfomeoeﬁiciemmssdmspecuum(mdxsallocation
B). Adsptively 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
inmaseanddecreaseofaudiblenoisewiﬂ:mpeetw 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.

In a preferred embodiment of an encoder, the nonuniformly quantized transform coefficients are.
expressed by a block-floating-point representation comprised of block exponents and variable-length
code words. Asd&scribedabove,ﬂ:evaﬁablﬂeng&mdewordsmﬁnd:erwmpﬁsedofaﬁxed
bit-length portion and a variable length portion of adaptively assigned bits. The encoded signal for
apﬁrofﬂm&mblochkassemmedm&ammmpmdofexpommmeﬁxmm
portion of the code words followed by a string of all adaptively allocated bits. The exponeats and
fixed-length portion of code words are assembled separately from adaptively allocated bits to reduce
vulnerability to noise burst errors, ' ' -

Unlike-manyeodetsindxepﬁoratt,aneneoderaeoordingwﬂxeprmntinvenﬁonneednot
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 encoder.

In applications where frame synchronization is required, an embodiment of an encoder according
to the present invention may append the formatted data to frame synchronization bits. The formatted
data bits are first randomized to reduce the probability of long sequences of bits with values of all
ones or zeroes. This is necessary in many eavironments suck as T-1 carrier which will not tolerate
such sequences beyond specified lengths. In asynchronous applications, randomization also reduces
thepmbabﬂitymatvﬂiddmwhhlnm&amewmbemkunuformehlocksynchmmaon



- 35 - F. Transmission or Storage The formatte frame is now ready for
transm ssion or for storage. Figure la illustrates transm ssion neans 110.
Transm ssi on nedi a i ncl ude public dissemnation such as broadcasting,
i nternal use such as studio nonitoring or signal mxing, and interfacility
or telephonic use via terrestrial or satellite |inks. Storage nmedia include
magnetic tape and magnetic or optical-ggisks. G Deformatting A deformatting
process takes qnace when t he dlgltlzed and coded signal is received from
Sequence decoder according to the preseat invention, the formatted data bits are recovered by

removing the frame synchronization bits and applying an inverse randomization process.
In applications where the encoded signal is subject to corruption, ecror correction codes may be
utilized to 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.,

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.

to increase the length

Briel Description of Drawings ~
Figures 1a and 1b are functional block diagrams iltustrating the basic structure of one embodiment
of an encoder and a decoder according to the present invention.

Figures 2a through 2e are block diagrams showing the hardware architecture for one embodiment
of an eacoder 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.

Figure 5 is a further hypothetical graphical representation of a time-domain signal sample block

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 provide the resulting function Y(@).

Figures 6b through 6d are further hypothetical graphical representations showing the modulation
of a time-domain signal sample block by an analysis window. .

Figure 7 is a flow chart showing high level logic for one embodiment of a nonuniform quantizer.

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

Figure 9 is a graphical representation showmg 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.

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




m ssion means 111 either by receipt of a transmtted signal or
ﬁé?p?ede fromstorage. The progess Is represented by box 112 in Figure |Db.
If the formatted frame of code words was randonized prior to transm ssion,
the formatted frane is recovered by an inverse random ng process. Then the
frame is split into the conponent parts of each transform bl ock: the master
exponents, subband exponents, fixed I~d@gth portion of transform

orrection
codes, -1 1 FlpnfsCt Vigbicalfeoredtyaion {isstainy s epmoseles mankiogoucdedved fgn the
transm W@Woﬂswémnbmrmst er exponent bits are checked with
I'ts corregpgndiyg, rg?a?:ﬂﬂ?ﬁ%m% tno.f.hX\S'rmlg thie spectral levels of coding noise and distortion
of an encoded 500 Hz tone for three different bit allocation schemes with respect to the
psychoacoustic masking curve for a 500 Hz tone.
Figures 14a through 14e are liypothetical graphical representations illustrating a time-domain
signal grouped into a series of overlapped and windowed time-domain signal sample blocks.
Figures 15a through 15d are hypothetical graphical representations illustrating the time-domain
aliasing distortion created by the E-TDAC transform.
Figures 16a through 16g are hypothetical graphical representations illustrating the cancellation of
time-domain aliasing by overlap-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 of an analysls-synthws window pair designed for an encoder according to the
present invention.

Figure 18 is a hypothetical graphlcal representation showmg 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 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 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.

Figures 24a through 24g are hypothetical graphical representations illustrating the cancellation of
time-domain aliasing by overlap-add during O-TDAC transform signal synthesis.
Figure 25 is a schematic representation illustrating the format of a frame of two encoded

transform blocks, without error correction, for an O-TDAC transform embodiment of an encoder
according to the present invention.
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accuracy. If this check fails, i.e., a master exponent and its redundant
counterpart are not equal, the value of the master exponent is assuned to
be one. If the correct value of the naster exponent is actually zero, this
assunption wll reduce the anplitude of all transformcoefficients within

t he subbands grouped under the errant master exponent. This assunption
produces | ess objectionable distortionighen arroneously setting a master
exponent to zero (when it should be one) which would increase the anplitude

of all af fTabled shewemaster expoaeatsT isebbendhgroaping,famd coeficlemctif lesgey for B(fY kizs al SO
checked E-PDAC! éitBlifeat bf A bhed¥er SR Alobdef YHRAERD e frbsent Ioestiag V'
Table I shows subband grouping and coefficient bit lengths for the additional transform

coefficients required in a 20 kHz E-TDAC embodiment of an encoder and a decoder according to
the present invention. : '

Table Il shows the difference in subband zero required for the O-TDAC embodiment of an
encoder and'a decoder according to the present invention.

r i nventi
L. PREFERRED IMPLEMENTATION OF INVENTION

Figures 1a and 1b show the basic structure of one embodiment of an encoder and a decoder,
respectively, according to the present invention. The encoder shown in Figurs fa 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 s.ignal into frequeacy 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, it should be understood that the encoded signal may be stored for later use.

‘The decoder shown in Figure' 1b eompris'%.eneoded bit-stream signal input 111, deformatter 112
which extracts each encoded frequency coefficient from the assembled bit stream, linearizer 113
which converts each eacoded coefficient into an integer-valued transform coefficient, inverse digital
filter bank 1}4 which transforms the transform coefficients into a time-domain signal block,
synthesis-window multiplier 115 which modulates the time-domain signal block, signal block overlap-

adder 116 which recovers a digitized representation of the time-domain signal, analog signal
generator 117, and analog signal output 118.

A. Processing Hardware
The basic hardware architecture of one embodiment of an encoder and a decoder according to the
present invention is illustrated in Figures 2a-2e and 3a-3b. Empirical studies have shown that

conventional integer transform computations must be performed to an accuracy of at least 20
significant bits to achieve stated performance objectives.

i o B ey ten oy g b oy L
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The adaptive bit allocation routine discussed above is used to process the
exponents extracted fromthe received signal, and the results of this
process are used to determ ne the proper allocation of the adaptive bit

bl ocks to the transformcoefficients. The portion of each transform
coefficient whose length equals the mninumbit |ength plus any adaptively
allocated bits are |loaded into a 24-bits-word and then shifted to the right’

a nunber qQf ti o the value of the appropriate subband exponent
pl us threg %ﬁ@s'&?%me@%%f%m@ﬁeda@ bastiment ofi2 singie-chanasl pacuded, enfp cfyﬁig to
one. Thblﬂlephd&ﬂﬂd{zaﬁ 1) esl s
2 Fior s Wgﬁ» athYurltis ol f63bit dhafol Wiicd %ouvener%?;é} with

e fimé GFl ove tiad 33 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 waitstatesisusedmperformtherequiredcompmaﬁonsandmcontroltheencode
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) 200A, ADC 201, DSP 202, static RAM 203, erasable programmable read-only
memory (EPROM) 204, and encoded serial-signal output 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 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 tmnsmm 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 implemented more cheaply in RAM
than it can be in programmable ROM. Consequently, EPROM 204 stores programming and static
dm:nacompwssedforma:whwhtheDSPunpachintoausableformianAMZOS whenthe
encoder is first powered on.

Figures 2b and 2¢ 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
scnckmksa&uﬁ&bksnamnof&&hhmdhqmtﬁgmﬂmqusakmgﬁneSRthxnAEX:ZOIhuo
DSP 202. Line SC1 provides the frame-synchronization signal to the ADC and the DSP which
marks the beginning of each 16-bit word. Line SCK clocks a serial-bit stream of the encoded signal
along line STD from the DSP to serial data path 206.

Figure 2¢ shows the memory addressing interface. 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
‘Ydmanummxybwtakhm1hw)€fhum4n1nhEMlemﬂn{kmutumanhdy.)(dmaandi(dmn
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Box 114 in Figure 1b represents a bank of synthesis filters which transform
each set of frequency- domain coefficients recovered fromthe deformattl ng
and linearization procedures into a block of -36- tine-donain signal
sanples. An inverse transformfromthat used i'n analysis filter bank 104 in
Figure la inplements synthesis filter bank 114. The inverse transforns for
the E-TDAC techni que .16 -

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,,-1FFF,q. |

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

The decoder hardware ardntecmre, shown in Figure 2d, is comprised of encoded serial-signal
input path 207, DSP 208, static RAM 209, EPROM 210, DAC 212, LPF 213A, and analog signal
output 213. DSP 208 receives and buffers the encoded signal, deformats the signal into the encoded
transform coefficients, performs the calculauons required to transform the coefficients into the time
domain, groups the qoeﬁﬁcients 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., LPF 213A (a low-pass filter which is not shown in Figure 1b) -
insures signal output 213 is free of any spurious high-frequ

ercodallonnde poims eucy components created by the
Figure 2e shows the serial-communication interface for DSP 208, serial-signal input path 207
and DAC 212, Timing generator 208A, using a phase-locked loop circuit to exn-act a timing’
reference from the encoded serial-bit inputsignal, generates the recaive clock, frame-synchronization
and transmit clock signals for the decoder. Line SCO clocks the encoded serial-bit signal along lin;
SRD into DSP 208. Line SCK clocks a serial-bit stream of the decoded digitized signal samples
along_ line STD from DSP 208 to DAC 212. Line SC2 provides a frame-synchronization signal to
the DAC and to the DSP which marks the beginning of each 16-bit word. The interface between
DSP 208 and the memory-address bus is implemented in the same manner as that described above
for the encoder. See Figure 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 componeats operates in & manner
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used in one enbodi nent of a decoder according to the present invention are
alternating applications of a nodified inverse DCT and a nodified inverse
DST. Because half of the transform bl ocks are omtted fromtransm ssion or
storage (see expression 5), those bl ocks must be recreated for the inverse
transforns. The m ssing DCT bl ocks may be recreated fromthe avail abl e DCT
bl ocks as shown in equation 8. The nisghgg DST bl ocks may be recreated as
shown in i nverse DCT is expressed in equation 10, and the

ation 9. The
nver se RIS s desoribad bove docss ionsctaha e, VG Sencalok 303K Uides 20
coeffi ci emiditionaliaignal to line SC2 of the DSP at one-half the rate of the fram

y g

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 onc-channel decoder. Timing generator 208A provides an
additional signal to line SC1 of the DSP at one-haif the rate of the frame-synchronization signal to
control demuitiplexer 208B and indicate to the DSP which currently receiv

of the two DAC is
digital data. ’ -
The basic hardware architecture may be modified. For example, one Motoroia DSP56001

oper?ngatﬂ%ﬁ&nowaitstamoanimplemematwo-chamd encoder or decoder.
Additional RAM may be required.

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

modulation or the Fast Fourier Transform (FFT). The entire encoder/decoder may be implemented

in a custom-designed integrated circuit. Many other possible implementations will be obvious to one
skilled in the art.

B. Input Signal Sampling and Windowing

In one embodiment of an encoder according to the present 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 signal
should be limited in bandwidth to at most lsuizmkﬂzforazoknzbandwiddwodet). This may
be accomplished by a low-pass filter not shown in Figure 1a. |

A music signal with at least 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 bandwic;th
signal must be sampled at no less than 30 Khz. A sample rate of 44.1 Khz is chosen for one
embodiment of an encoder according to the present invention because this rate is used in CD
applications and such a choice simplifies the means necessary to use an encoder according to the
present invention in such applications. (This sample rate also supports an alternative 20 kHz
bandwidth embodiment of an encoder according to the present invention.)

Other sampling rates, such as 48 kHz which is 2 rate common to many professional audio

applications, may be utilized. If an alternate rate is chosen, the frequency separation between
adjacent transform coefficients will be altered and the number of coefficients required to represent



n = signal sanple nunber,

bl ock -l engt h,
= quanti zed DST coefficient k,

quantized signal x(n).
The sane techni ques as those enployed in

to reject any aliasing passed in the highest coefficients
Unless the sample block is modifi

K = nunber of transform coefficients,
m = phase term for E-TDAC (see equation 6), C(k)

and x(n)

N = sanpl e
= quanti zed
= recovered

DCT coefficient k, S(k)
Cal cul ations are perfornmed using an FFT al gorithm

Figure 6d. This

an analysis thosvr?:si:;p?: et o 03 I Fgurs 11 Ths welghing function, called
the subject of considerable smdy'sample multiplication of the signat sample block, and has beep
erformance. See, for example ny vechise i, shape has profound atfocts pon digial fie
Discrete Fourler Transtors, » Sarris, "On the Use of Windows for Harmonic Analysis with the
. " Proe, IREE, vol. 66, 1978, pp. 51.83, Briefly, a good window

C. Analysis Filter Bank - Forwarg Transform
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the forward transformare used in the inverse transformto permt
concur.rent cal culation of both the DCT and DST using a single FFT. Figures
l4a- 14a and 16a-16g illustrate the transform process of the

anal ysi s-synhesis filter banks. The analysis filter bank transformnms the
time-domain signal into an alternating sequence of DCT and DST bl ocks. The
I nverse transform applies the inverse pﬁ; to every other block, and applies
the inverse DST to the other half of the blocks. As shown in Figures

Eaciﬁgélma%ebm&g%m?ﬁ e b
PTG, 5, . 115111, i i s G o o
P-34, » DP- 1161. This technique is the time-domain equivalent of an evenly-stacked
critically sampled single-sideband analysis-synthesis system. This transform is referred to herein as
Evenly-Stacked Time-Domain Aliasing Cancéllation (E-TDAC). An alternative form of the TDAC
transform may be used in another embodiment of an encoder and a decoder according to the present
invention. The technique is described in Princen, Johnson, and Bradley, "Subband/Transform
Coding Using Filter Bank Designs Based on Time Domain Aliasing Cancellation," [CASSP 1987
Conf, Proc,, May 1987, pp. 2161-64. This alternate transform is the time-domain equivalent of an
oddly-stackeg critically sampled single-sideband analysis-synthesis system. It is referred to herein
as Oddly-Stacked Time-Domain Aliasing Cancellation (O-TDAC). An embodiinent of an eacoder
and a decoder according to the present 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

N=-1

Ch = Ex(n) -cos 21:k(n+m)] for0 <k <N ¢
x=0 . N
N-1 nem

S® = § x(n) - 2,“7)] for0 <k < N @

where k = frequency coefficient number, |
n = input signal sample number,
N = sample block length,
m = phase term for E-TDAC,
x(n) = quantized value of input signal x(t) at sample n,
C() = DCT coefficient k, and
S(k) = DST coefficient k.
The E-TDAC transform alternately produces one of two sets of spectral coefficients or transform
blocks for each signal sample block. These transform blocks are of the form

_ CHM for0 Sk < NP2

con = [ e O
Sk) forl sk < N2

oo = [ @

where 1 = signal sample block number,
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d

di scussed bel ow. -37 - 1. Synthesis Wndow Figures 16a-16g illustrate
cancel.l ation of tinme-domain aliasing by the overl ap-add of adjacent
ti me-domai n signal sanple bl ocks. As derived by Princen, to cancel

ti me-donain aliasing distortion,
-20-
C(k) = DCT coefficient (see equation 1), and
S(k) = DST coefficient (see equation 2).
The eomputa;ion algorithm used is the Fast Fo

in Lookabaugh, *Variable Rate

and Adapti i
aptive Frequency Domain Vector Quantization of Speech,” Stanford, CA-: Stanford

::lgnal sample blocks are stored in buffers and transformed together into a DCT/DST block pai Th
ock pair is subsequently quantized and formatted for transmiss'ion or storage. o

pair of analysis-synthesis windows,

from an alternating sequence of cosine and sine transform blocks of the fo

{C®}, {S®},, {CR},, {S®)}s, . "
where each transform block represents one time-d
in Figures 14a-14e, 15a-15d, and 16a-16g.

Referrin i
g to Figure 14a, it may be seen that quantized input signal x(¢) is grouped into blocks

One
set of blocks, modulated by the window function W, shown in Figure 14b produces signal x (t)

sh
own in Figure 14d. Signal x,(¢) is input to the DCT. Another set of blocks of the sampled input

. 6)
omain signal sample block. This process is shown

g ig the roniag 123 2 POy
PO S Ne rgpiacement shogt
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the E-TDAC transformrequires the application of a synthesis w ndow

I denti.cal to the anal ysis w ndow and an overl ap-add of adjacent bl ocks.
Each bl ock is overl apped 100% 50% by the previous bl ock and 50% by t he
foll owi ng bl ock. Synthesis-w ndow nodul ation is represented by box 115 in
Figure | b. Anal ysis-synthesis w ndow design nust consider filter bank
performance. Because both wi ndows are uged to nodul ate the tine-domain

si gnal , L@&é&i’al g{l\;ect upon filter performance is simlar to the effect

caused byoa gt Wﬁ/\ﬁhﬁmb&m&ﬂh%&m&%&%&?me&m i ndgus.

Design o .BMMiMSWMiQP%oMQ&%Q% herefore, | %&Wﬂed by

desi gni NBlodk I%Hé&"abnlog anrgOiIUCt -W ndow cal to W, but shifted in time by one-half
ProUE 18 slgnal %) shown in Figure 14e and subsequently passed to,the DST

Using only the alternate DCT and DST transform blocks results in a loss of the informati
contained in the discarded half of the transform blocks. This I produces a time-domain aj o
component, but the distortion may be cancelled by choosing the appropriate phasem::n .
zxafons 1 and 2, applying the forward transform to overlapped time-domain signal sample b::c:':
- ; lf:;r.erlappmg and adding adjacent time-domain signal sample blocks recovered by the inverse
) The phase term m in equations 1 and 2 controls the phase shift of the time-domain aliasi
distortion. Figures 153-15d and 162-163 illustrate this distortion, Signal y.(t), recovered fro:s e
inverse DCT, is shown in Figure 15a. Figure 15b iuustratesthatmereéovete:!signal iscompo::
2:‘02 ::ompo::nts the original Windowed signal (solid line), and time-domain aliasing distortion

ine). Figures 15¢ and 154 illustrate similar information for signal y,(t) recovered from the

similar to that for the DCT ex
cept its
amplitude is inverted in sign. See Figures 15b and 15d. The phase term required fo:
cancellation is P
m e Q021 :
> (©)

_ where N = sample block length,

E-TDAC also requires application of a pair of carefully designed analysis-synthesis windows to
overlapped signal sample blocks. The signal sample blocks must have a 100% overlap, i.e., 50%
of a givex_x block is overlapped by the previous block, and 50% of the same block is ove’rl .'ed b
ijm following block. Figures 162-16g illustrate the overlapping of signal sample blocl:p:ld mi
- ::l:zd caﬁx:::ﬂ:?::n :f alla;_ distqttion. Signals y.(t) and y,(¢) shown in Figure 16a and 164,
o e.rse CT and DST, are modulated by window functions W) and W,()

¥ shown in Figures 16b and 16, to produce signals ¢,(t) and 9.() shown in Fi 16¢c
and 16f. When the overlapped blocks of these windowed signals are add.ed the ali oo
are cancelled and the resulting signal y(t) shown in Fi e
original input signal x(t).

as components
gure 16g is an accurate reconstruction of the



representing a point-by-point multiplication of the analysis and synthesis
w ndows. 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 anal ysis-only w ndow designed without this constraint. For
exanpl e, see Figures 17a and 17b. Wil e,gnal ysis wi ndows have recei ved nmuch
attention, ééﬁbprior art teaches little about synthesis w ndows. The

t echni que d WiAesign and ovatiapadd ased dﬁﬂﬁ@uﬁl}#ﬁ s routib gl s Wi,ndow. pai r

from a kndeedil. OROW s@ftiiel heSmiy &?n?‘% desi gi. )i I%kz’ny an‘gﬁgﬁﬂﬂ%w mate be

used as a start i.ng poi nt, fiotice"that omitting half the transform blocks halves the
requ 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 I show the assignment of transform coefficients tc;
subbands.) In one embodiment, the nonuniform quantizer is composed of block-floating-point
enooder 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-chaﬁne;
system: or one block from each channel of a two-channel system. As depicted in Figure 7, one
embodiment of nonuniform quantization is comprised of five major sections: (1) calculating sub'band
expoaeats, (2) determining the master exponents, (3) initially setting the bit length of each coefficient
code word as a function of the coeﬁiicient’s frequency, (4) adaptively allocating additional -bits to
specific code words, and (5) rounding and truncating the code word according to the bit length
computed from the sum of the 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
?roc&ssing 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 and a decoder according to the présent invention, the mantissa
is'a signed integer-valued expression expressed in two’s complement form.

. 'I:he 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 valus of the
represented numerical quantity. This represeatation can be expressed as
F=M-2%
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% 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 whea its most significant data bit is nonzero

A negative-valued mantissa is normalized when its most significant data bit is zero. A ncrmalize(;

Q)
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several w ndows permt design of a filter bank wth good selectivity, and
they offer a nmeans to trade off steepness of transition band roll off

agai nst depth of stopband rejection. Three exanples are the Kai ser-Bessel

wi ndow, the Dol ph-Chebyshev wi ndow, and a wi ndow derived fromfinite

I mpul se filter coefficients using the Parks-MC ellan nethod. See Parks and

Mcd el | an, " Chebyshev Approxi mation for nrecsive Digital Filters with
“vol. CT-19, March 1972, pp.

Li near Phase, " HlﬁsEEE Trans. Circuit Theors.
189- 94. dﬁ"@"ﬂ %i%emsmﬂb%(@ﬁw' Lscussed here. This w ndow al | ows
the tradahofbntEep iiﬁ’lﬂ&f’biﬂ%ﬁéﬁ throug ﬁ‘é’%ﬁ’& SuBrrical guantitly és coname® Withip

a genera e, | ow al pha values inprove transition band

al pha val ue,, As
rol | of f, a%.!"?h %ﬁ&mmummﬁra&awl known in the art and is used ¢o represent £
aseto

T hrhon S Bhe A
ik s the replacement shost
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the depth of stopband rejection. See Harris, cited above. An al pha value in
the range of 4 through 7 is usable in the preferred enbodi nent of an
encoder and a decoder according to the present invention. This range

provi des a good conpromn se between steepness of transition band rolloff at
m d-frequencies (1-2 kHz), and depth of stopband rejection for |ow
frequenci es (bel ow 500 Hz) and hi gh fre¥uenci es (above 7 kHz). The range of

accept abfog eadhtiasforh bass L negd.usi ng conputer sinulations by
i denti fyj nén%e JBP St | aﬁﬁéﬁy@gmﬁhﬁmm&pmtm Sibband
rejection‘to A e%QWﬂ'r@umﬁmmw.emgw%oustic maski ng
t hr eshol #12anhé 7024 ceFigBeysel Wi ndow function 1S © process is shown in boxes

represents a single coefficient, . th
s, & . : t, the sign bit of a
.mantissa is superfluous. As discussed above, the sign bit and the most significant data

bit i i i
them :x:rm::dzed mantissa are always of opposite value. The sign bit can therefore be dropped b
eacoder
restored by the decoder. The dropped sign bit is referred to herein as 3 'hiddez

int sch i
po .eme used in the preferred embodiment), the mantissa is normalized. If the
equal to its maximum value, 5o conclusion can be I

; drawn, therefore it i mantissa is ¢
normalized and there is no hidden bit, o e the o

. coefficient’s frequency. Box 703 in Figure 7 represents
the minimum numbper of bits fixed for each coefficient’

Date: 13 MAR 1957



- 38 - [err] where a = Kai ser-Bessel alpha factor, n = w ndow sanpl e
nunbet, N = wi ndow | ength in nunber of sanples, and

high.

The minimum i
lengths suggested by the masking curves shown in Figures 9, 10, and 11 are

in these figures represent the psycho:
ychoacoustic
masking effect produced by a single tone or a very natrow band of noise, Figure 12 shows a
composite i om a si .
mposite masking curve deriveq from 2 simple overlay of the individual masking curves of three

tones, - . .
Empirical evidence indicates that even this composite curve is very conservative, understating

:e actual mztsking effect of multiple tones, Furthermore, music is generally a more complex si

th:n a f:.:v °(;ixscn',te frequencies, and the resuiting increase in masking levels permits a teductioin::

. required accuracy of transform coefficient code words. Consequently, the minimum bit lengths
¢ all but DCT coefficlent C(0) and DST coefficient S(1) shown in TableI are obtained by

Thig ig *he roni
PGS e replacement shoet

3 - Aaoa %
Y ota Ty MAR
LEIG Goar TR i‘E}?J‘

e



[err] To satisfy the overlap-add criteria, an anal ysis-synthesis

produet - wi ndow WP(n) of length Nis derived by convol ving wi ndow Wn) of
length v+ 1 with a rectangul ar wi ndow of Iength NNv. The value v is the

wi ndow over | apadd interval. The overl ap-add process cancels alias

di stortion and the nodul ation effects of the analysis and synthesis

wi ndows. The convol uti on which derives_jhe product w ndow is shown in
equati ong denom nator of the expression scales the w ndow such

| B {40 | _

that its maxi mumva eﬁ%‘ﬁﬁkbh%mmmﬁeadpm B0 RShd WPkl Y sy TN S
expr essi §HVesin Figusssrifl ankdl pid EchbJ"ﬂﬁ- ‘Eggv\“n}oikr,\wgggat i On'ﬂf@a&eﬂ by the masking
allocation provides additional bits where needed for increa eacy coefficieats, adaptive bit

rm

would convert the low-frequ equence of nonzero and zero values
eucy componeats into an alternating s £
. _
for coefficient zero (DCT C(0) and DST S(0)). Coefficient C©)



| = nber - of sanples within
re n = product-w ndow sanpl e nunber, v nu : |
\[Me:urj]owmg\?erl ap igterval , N = desired I ength of the product-w ng}[N, y\agz)w of
begi nni ng wi ndow function of length v+ 1, "WP(n) = derived produc -\lljmations
length N, and [err] The analysis and synthesis w ndpvvs shown in eq
15 and 16 are obtained by taking the

-27-

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 changing 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 aflocable 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 thres 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 elements of an array A() to zero. The next step identifies the smallest subband
exponeat, which is the exponent for the subband with the largest spectral component, and saves the
value as X\qn. All subband exponents are subtracted from X,qy 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 exponeat MEXP1. See Table L. Therefore,
the range of possible values in array M( ) is negative eighteen to zero. In the next step, four is
added to each element of array M( ) and all elements below zero are set to zero. At the end of phase
zero, array M( ) consists of a set of elements, one for each subbazid. whose values range from zero
to four. The elements with a value of four represent those subbands where at least one of the
coefficients in the subband has one of the largest spectral coefficients in the total signal,

Phase one constructs another array A(), which represents the bits to be allocated to the
coefficients in each subband, using the process shown in Figure 8 box 801. Each element in A()
corresponds to a subband. Recall from Table I that the higher subband exponents represent multiple
transform coefficients, therefore each element of A() represents the number of bits assigned to all
transform coefficients in the corresponding subband. For example, referring to Table I, subband 13
represeats 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 the example, if element A(36)
has a value of two, then 30 bits are allocated, 2 bits each to coefficients 163-182. During the

This is the replacement she@t
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: 39 -
derived product-w ndow WP(n) to the A and S powers respectively. 3
V\A(n):\/\P(n)[e\rNrD] Yerr] ror 1(‘)or< 8<En<N

E%gg V\V\ﬁ(ep)e \_/\P( n§ n: derived product-w ndow (see equations 13 and 14),

-28-
allocation process, as. each element of A() is incremented, the
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 wiil 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 al} allocable bits are allocated. On the first pass,

each element in array A() is incremented byoueifthecorrespondingelememiuarrayM()hasa

value equal to four. The second pass inctementsbyoneéachelememinA()which corresponds to

each element in M( ) which has a value

number of allocated bits is deducted

four. The final pass increments thos-e elements in array A( ) corresponding to those M() elements

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

If any allocable bits remain, allocation continues with phase two shown in box 802 of Figure 8.

This phase makes as many as three passes through array A(), stopping earlier if and when the
maximum allocable bits are assigned. Each pass starts with the lowest frequency element (A(1) 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 between one and thres is incremented by one. On the
secomf pass, eléments 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 ailocation limit has
been reached. This final phase assigns additional bits to transform coefficients with lower spectral
energy which are adjacent to subbands of coefficients with higher energy. This assignment is
accomplished in three steps. The first Step scans array A() starting with the highest frequency
element A(36) (element A(39) is the starting element in 20 kHz bandwidth coders) in search of a

_— e e ot
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= is wndow, W5(n) = synthesis window,_N:Iength of the
\é\rp\(()ghct-\?mnﬁldg\?vl, Sand A+S= 1. (IZ] theyprefgrred enbodi ment of an enccﬁder and a
decoder according to the present invention, the analysis andlsynt es;ﬁ
wi ndows have a |l ength of 512 sanples with a 100% w ndow over aﬁ, 0{ an
overlap interval of 256 sanples. The values of A and S are eﬁc se L0
onehal f which produces a pair of identical analysis and synthesis wi
as required by the E-TDAC transform Slﬁ?s‘tltutlng

group of two adjacent elemeats 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}.

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 o the coefficieats in subbands
assigned bits in steps one and two of this phase. Starting at the highest frequency element of array
A(), cach element 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 until all
of the elements modiﬁedinstepsoneandtwoareassignedamtalof4bim each. If the latter

condition is met and any aflocable bits remain to 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 X,qy; (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 Xaas (3) if the difference is zero, insert the subband aumber into tables
Ty Ty T and Tg (4) if the difeceace s negative one, insert the subband number into tables T,,
Ta, and Ty; (5) if the difference is negative two, insert the subband number into tables Ty, and T,;
(6) if the difference is negative three, insert the subband number into table Ty (7) continue steps
three through six for each subband until all subbands have been processed. At the end of this step,
table T, contains the numbers of all subbands that have exponents in the range X,q3 to Xy, table
T, contains subbands with exponents from X,qy-2 to Xy, table T, contains subbands with exponents
from X,g\-1 t0 X, gy, and table T, contains subbands with exponents equal to X,,y. 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 (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
Ts, Ty, and finally table T,. This process continues until all allocable bits have been assigned or until

s . RIS Y R e s
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t hese val ues into equation 14,

[err]. where W n) = Kaiser-Bessel function of length 257, and the al pha

f act or

is in the range 4 to 7. J. Overl ap-Add An additional requirenent

pl aced upon w ndow design: the apalysis and synthesis w ndows nust be
desi gned such that the anal ysis-syntesis product-w ndow al ways suns to
unity when two adj acent product-w ndows are overapped. This requirenent

i nposed because an overl ap-add process-B8-used to cancel the tine-domain

ef ects ofdlk ertriesninl ghlessT, ¢, RAVRLRES ol ndoxvs rr%?m ation.
. a

b t is assigned to alf coefficlents in a

the coefficients in that subband can be
the allocation process notes which coefficients
subband’s allomtiqn amount subsequently stored

allocated the same number of bits. In such situations,

in the subband must have a bit deducted from the
in array A().

Phase two
coastructs four new tables, T, thrqugh T, using a procedure similar to that used in

hase zero: i i
paase zero: (1) X, 4, still retains the smallest subband €xponeat; (2) for the lowest frequency subband

(subband
%o oo ilf Zr DCT blocks, or subband 2 for DST blocks), subtract the subband exponent from
MINS e difference is zero, insert the subband number into table T,; (4) if the difference is

negative one, i
gative one, insert the subband number into table Ty; (5) if the difference is negative two, insert

three through six for each i
processed. At the end of this step Fubband undl al subbands bave been

» table T, contains the numbers of all subbands that have exponents

equal to 3 tab e I CO i
XMIN“ ’ l 2 ntalns subbands With exponents equal to XMN'Z table T mntains
* 3

> .

contained within each subband represented in the table
removed from table T, and inserted into table Te.
T, are allocated an additional bit, moving each

Aseachsubbandispmewsed.ﬁxeenuyis
Next, coefficients associated with entries in table

eatry from table T, to T, as th
B e 2 s as the additional bit is
en entries in table T, are processed, moving the eatries from table T, to T,. If any

allocable bits i i
remain, allocation continyes by repeating the process for table T,, and then table T,.

If bits remain to assj
g0, a final pass is made throy \
; gh the entries in table T,
assign all remaining allocable bits, table T, e T,. If phase two does not

o, s contains all of the coefficlents, each having received 4
ot s roug.;h T, are empty. “If all allocable bits have been assigned array A() is
- tfn ¢ information contained in tables T, through T, to reflect the total b;ts aliocated to

transform
cocfficient. Each element in array A() corresponding to an entry in table T, is

the resulting analysis window is seen to be

is

'S
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This process is represented by box 116 in Figure 1b and illustrated in

Fi gures 16a-16g. Signals y[err](t) and y[err](t), recovered fromthe

i nverse DCT and DST respectively, are shown in Figures 16a and 16d. Each
signal is grouped into a series of blocks. Each signal block is nodul ated
by the synthesis- wi ndow functions shown in Figures 16b and 16e. The
resulting bl ocks of signals y[err](t) and y[err](t) are shown in Figures
16¢c.and 16f. The two signals, overlappdd-by one-half block | ength, are

Secoa coremarenseetRt, My it B e e
15, a i YOS ER 0l Tea vabrcoR oo and for tbie Talvaius of 6. KRR eleibfl 4
bet ween 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 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
eatries in table T, represent subbands 16 and 12, These two subbands are separated by three

subb;ds Thecefore 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,
and adjacent to _subbands which are in table T,. Starting with the first
table T,, adjacent entries in the table are examined to determine if they

subbands. If they are, the number of the subband immediately above
into table T,. For example,

that are higher in frequency
(highest frequency) entry in
are separated by one or more
the lower subband is inserted
. 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 fnto table T,, '

Starting with the first entry in table T,, an additional bit is assigned to each transform coefficient
associated with each subband represented by an entry in table T,. As each subband entry is
processed, it is moved from table T, into table T,. If any allocable bits remain at the end of
processing table T,, asimﬂarproémrepwsﬁorﬂxeeutries!nuble'l’,, moving each entry from
table T, into table T,. Pmemhg&nﬁmw&hmble?,mifanybitsremainwallom
moving eatries from table T, into table T,. If any bits remain after this step, phasethteerepea;
from the beginning, first determining if the entries in table T, 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

len_gth equal to the value of the element of array A() representing the subband in which the

coefficient is grouped. Some coefficients in one subband, however, may have one bit deducted from

their length as required to keep the total number of allocated bits equal to the allocation maximum
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bl ock k and block k+ 1 is represented by a sanple in each of the two
Fol | omw ng an overlap- add of the two wi ndowed bl ocks, the recovered

bl ocks.
signal sanple at tinme is seen to be the sumof the sanples from w ndowed
bl ocks k and k+ 1, which nay be expressed as -40 - X(n[err]t) =
WP[err](n[err]t).x(n[err]t) + WP[err](n[err]t).x(n[err]t)
(18) - =32

S.Code\an!Thuu:ﬁon

plus three more shifts if the

total bit length is then calculated by
f adaptively allocated bits assigned to
transform coefficient code word is rounded

associated master exponent is set to one. Each coefficient’s
adding its minimum bjt length (see Table D to the number o
coefficlents in each subband, found in array A(). Each
Off to this bit length.

: » CITOr correction codes are intermixed with
.s:::hwn in Figure 21. Additional overhead bits may be required, such as frame a:ynchlroni;data s
I . . ’ .
. te:d digital signal is intended for transmission, or database pointers or record keys if th ﬁ'an::blts
e
ed for storage. If frame synchronization bits are required, the formatted frame is randomiza:

using a technique described in Smith, Q&MI@M% New York, NY
’ , (v; : Van Nostrand
Thie 8 tha repiosnent shoe
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- ) _ O -
errJ(nferr]t) = WAk(n[err]t)-W5[err](n[err]t) _ t
\{mV\z{gr\r/\?En[e]rg]'E)[e]rr], WA[err](n[err]t) = analysis \MblndO\Iiv Ikna'?l ;)ﬂ(mk a
Lot ]t and VALorrT (ol o r] 1) LSt et ] (nEerr]t) a6 requl red by the B TDAC
A S P AR A ol at i ffects are cancelled if the sum
Th roduct-w ndow nodul ati on effec _ _
t1[a?f]]:ao'[vn\1) adjea(F:)ent product - w ndows acgpss the w ndow overlap |3t ga][val
gquals u signal x(nt) may be accurately recovered i

T ar v ( rReidtioldhe.c 1985, op) 226236, Raadoniizationis pestbrmed to reduce the probability that valid °)
data within the frame will be mistaken for the synchronization pattern. The randomized frame is
thea appended to the frame synchronization 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 tie 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 €xpo

nents 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 inciudes 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
embodiment, the total block-pair length is 17(?2 bits.)

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

When data corruption is not a problem, a preferred structure for formatting a frame of transform
blocks is one which places the exponents first, 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 encoder according to the 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,
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i sanples at within the overlap interval between block k and
Llocr)cﬁl Ik+t1.mglt |m; difficult to work with the product-w ndow as a function
of tinme, so it is desirable to translate the requirenent as expressed in ]
equation 19 into a function of w ndow sanple nunber n. Equations 20 throug
23 express this requirement for a product-w ndow creat ed_fromtgle pr oduct
of a pair of 512 sanple analysis and syﬂéhesl s windows with 100% overl ap. 4
Equation 20 represents the overlap of t first half of wi ndow WP[err] an

the last dipbdapie BibBloBEsOH B16ek W B UHAMELEL he bR SHRI CBdwed BPESSSILS, Lhe

over | apv\%aqc;ﬁpwbgﬁg hal f of w ndo Wan@h%'%g EF% eﬁ?@f{ﬁﬁ:ﬁr gm ng

W ndow Brions 22 and 23 show the eq p

terms of tHa applivaticiis Swieré P6htial 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 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 cotrection codes may be
utilized without departing from the basic invention.

Whea error correction codes are employed, 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 leagth, provides single-symbol error detection/correction for as many as nineteen 8-bit symbols
(bytes), or 152 bits. See, for example, Peterson and Weldon, Exror-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 exponeats. A total of eighteen bits are required to represent
the 16-bit error code and redundantmasterexponents 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. Asamult,themmla!locablebimforeachblockinmetransﬁormblockpmis
reduoed from 133 to 124.

The Reed-Solomon codes process dam 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
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 elght
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, and are followed by the adaptive bit blocks.
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WP[err] (n+256) + WP[err](n) =1 for 0 < n < 256

(20) WP[err](n) + WP[err](n-256) =1 for 256 < n < 512
(21) {WAJerr](n+256)}[err] + {WAJerr](n))[err] =1 for 0 < n < 256
(22) {WAJerr](n))[err] + {WA[err](n-256)}[err] =1 for 256 < n < 512

(23) where WP[err](n) = WA[err](n)W5[err](n) = {WAerr](n)}[err],
WAlerr](n) = analysis wi ndow value for-3aple n in block k, WSk(n)
synt hesi s wi ndow val ue for sami%hern in block k, and WA[err](n) = Wsk(n) as
required byt he B TDAC transf or ransmission or Storage

exponents, subban i
ot assign:x::!b.t:::p:l:-;:ts, fixed length portion of transform coefficient code words, and
its. € correction codes, if present, may be i ;
during transmission or storage. el e et
Each of th its ar
€ master exponent bits are checked with its Corresponding redundant bit to verify

accuracy. If thi ils, i ;
97 is check fails, i.e., 2 master exponent and its redundant counterpart are not equal, the

actually zero, th i i
y 1S assumption will reduce the amplitude of all transform coefficients within the

Box 1 H. Synthesis Filter Bank - lnv;erse Transform
. X 114 in Figure 1b represents a bank of synthesis filters which transform each set of freq
- uency-
main coefficients recovered from the deformartting and linearization procedures into a blockc:f

e o .
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K. Signal Qutput Box 117 in Figure |b represents a conventional

digital -to-anal og converter which generates a varying voltage anal og si gnal
in response to a digital input. The digital input is obtained fromthe 16
nost significant bits of the 24-bit integer words produced by the

over| ap-add process. The anal og out put should be filtered by a | ow pass

filter wwth a passband bandw dth of 15_ (20 kHz for the 20 kHz coder) to
renove s i pus, hi gh-frequency conponents. This filter is not shown in
Figure | gﬂ&&m signal sam;ﬂ

s(?:(1:) = -0(N-k) for N2 <k < N 8
® = S(N-k) for N2 <k <N X
v ©
n) = 1 g:o &) ~cos 2“"(MTM)] for0<n<N (10)
2n) = if:l k) sinf2rk¢22M|  for 0
£33 T)] Sn<N | (1

where k = transforni coefficient number;
= signal sample number,

K = number of transform coefficients,
N = sample block length,
m = phase term for E-TDAC (see equation 6),

€ = quantized DCT coefficient k,
S&) = quantized DST coefficient k, and

_ i(n). = recovered quantized signal x(n).
culations are performed using an FFT algorithm. The same techniques as those employed in

the forward transform are used in the i ermit concurrent caleulatio
in the inverse transform to i
DCT and DST using a single FFT. ’ - = ot e

Figures 14a-14¢ and 16a-
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-41 - I'l. ALTERNATIVE O TDAC | MPLEMENTI ON OF | NVENTI ON Anot her enblodl geg;
of an, encoder and a decoder according to the present |nve.nt|or50errp oy
alternate transformreferred to herein as Qddl y- St acked Ti me- Domai n he
Aliasing Cancellation (O TDAC). The foll ow ng description di scussfezrm3
differences in inplenentation between the E-TDAC and O TDAC trans :

-37.

1. Synthesis Window

Figures 16a-16g illustrate cancellation of time-domain aliasing by the overlap-add of adjacent
time-domain signal sample blocks. As derived by Princen, to cancel time-domain aliasing distortion,
the 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 overlapped 100%; S0% 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, 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 rolioff 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.

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 window, and a window derived from finite impulse
filter coefficients using the Parks-McClellan method. See Parks and McClellan, "Chebyshev
Approximation for Nonrecursive Digital Filters with Linear Phase,” IEEE 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 mentioned above through the choice of a single parametric alpha value.
As a general rule, low alpha values improve transition band rolloff, and high alpha 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 prefecred embodiment of an encoder

and a decoder according to the present invention. This range provides a good compromise between

steepness of transition band rolloff at mid-frequencies (1-2 kHz), and depth of stopband rejection for

low frequencies (below 500 Hz) and high frequencies (above 7 kHz). The range of acceptable alpha
values was determined using computer simulations by identifying the lowest alpha values which have

sufficient stopband rejection to keep quantizing noise below the psychoacoustic masking threshold.
The Kaiser-Bessel window function is

This i3 the raplacement sheet



A. Forward Transform O TDAC utilizes a transformfunction which is a
nodi fj ed D screte Cosine Transform (DCT), shown in equation 24. [err] where
k = frequency coefficient nunber, n = input signal sanple nunber, N =

sanpl e block length, m'= phase termfor O TDAC (see equation 6),

-38-

Wy = I,,[m:,\ 1'(%)1 for0<n<N (12)
Lnal

where « = Kaiser-Bessel alpha factor,
n = window sample number,
N = window length in number of samples, and

LI = Y 92
o Kl

To satisty 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, wh?re the denominator of the expression scales the window such

that its maximum value approaches but does not exceed unity. This expression may be simplified
to that shown in equation 14.

N=1
3 s(R) -W(n=k)
WP(n) = =0 - for0 <sn< N 13

> WE

[ )

Ney=]

_ Y Wa-k)
WPn) = 22 for0<a<N (14)

Y WR)

k=0

where n = product-window sample number,
v = number of samples within window overlap interval,
N = desired length of the product-window,
W(n) = beginning window function of length v+1,
WP(n) = derived product-window of length N, and
s(k) = [1 for0 £ k < Nwv
0 otherwise.

The analysis and synthesis windows shown in equations 15 and 16 are obtained by taking the
derived product-window WP(n) to the A and S powers respectively.
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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 bl ocks of the form[err] where i = signal sanple bl ock nunber,
and C(k) = DCT coefficient (see equation 24). The conputation algorithm
used is the Fast Fouri.er Transform (FFT). Unlike the E-TDAC version, the

O TDAC i npl enent ati on does not use a single FFT to concurrently transform

two signal "39-
WA(m) = WP for0<sn<N (15)
WS(n) = WP(n)® for0<n<N (16)

where WP(n) = derived product-window (see equations 13 and 14),

WA() = analysis window,

WS(n) = synthesis window, -

N = length of the product-window, and

A+S=1,

In t.he preferred embodiment of an encoder and a decoder according to the present invention, tile

analysls.and synthesis windows have a length of 512 samples with a 100% window overlap, 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 to be

255
Y M-k
WA(n) = |%=0

5 for0<n<N an
Y Wk
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 additfonal requirement is placed upon window design: the analysis and synthesis windows
mlfst be designed such that the analysis-synthesis product-window always sums to unity when two
adjacentproduct-windowsareovedapped. mﬁqu&memisimposedbecm:seanovedap-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
Fach signal is grouped into a series of blocks. Each signal block is modulated by the synth&sis:
windowf functions shown in Figures 16b and 16e. The resulting blocks of signals ¥.(t) and ¢,(t) are
sl::dwn in .Figuws 16¢c and 16f. The two signals, overlapped by one-half block length, are ac;ded to
:; . tu: g:lalgnal y(t), shown in Figure 16g. Signal y(t) is an accurate reconstruction of the original

As shown in Figure 18, a signal sample at some time net within the overlap interval between
block k and 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 blocks k and k+ 1, which may be expressed as
This is the replacement sheet
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sanpl e bl ocks. The conputational conplexity of the transformis reduced,

however, by enploying a technique simlar to the
premul tiply-transformpostmnultiply process used in the E-TDAC version. The

prenmultiply step converts the real val ued sequence of signal sanples x(n)
into a conpl ex val ued sequence by nodul ati ng the signal sanples by the
conplex function [err] where j = -1, n | nput signal sanple nunber, and N
sanpl e bl ock | ength. -40 -

X(0t) = WPYnt)x(n) + WP, (nt)x(n,0)

where WP (ngt) = WA (n) WS,(nt) = {(WA (o0},
WA nt) = analysis window in block k at time ngt,
WS, (nt) = synthesis window in block k at time ngt, and
WA (nt) = WS,(n,t) as required by the E-TDAC transform.
The product-window modulation effects are cancelled if the sum of the two adjacent product-

WP(nf) + WP,,,(ut) = 1 for0 <n<N
for all time samples nt within the overlap interval between block k and block k-1
I . g - )
t is difficult to work with the product-window as a function of time, 50 it is desirable to translate

the requirement as expressed in equation 19 into a function of window sample number n Equations
20 through 23 express this tequirement for a product-window created

(18)

(19)

from the product of a pair of
. Equation 20 represents the overlap

WP, ... i i
k+1- Equations 22 and 23 show the equivalent expressions in terms of the analysis window

WP,.,(n+256) + WP () =1 for0 <n<256

WP, (n) + WP,,,(n-256) = | for 256 < a < 512 o
{\"VA_,“,,(1|+256)}2 + {(WAM)): = 1 for0 < n < 256 o
{WAL ()} + {WA.,(0-256))* = 1 for 256 < n < 512 ((:32;

Where WPy(n) = WA,@) 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
WA (n) = WS,(n) as required by the E-TDAC transform.

. K. Signal Output
Box 117 in Figure 1b represents a conventional digital-to-anal

\llarying voltage analog signal in response to a digital input. The
6 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 kiz (20 kHz for the

20 kHz coder) to remove spuri
purious high-fr :
Figure 1b. gh-frequency components. This filter is not shown in

Og converter which generates a
digital input is obtained from the
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-42- A Discrete Fourier Transforminpl emencea by a FFT transforns the

nodi fi ed signal sanples into a set of transform coefficients. Because the
FFT is a conplex transform the read and i maginary parts of the nodified
signal sanple set can be transfornmed concurrently. Finally, a postrmultiply
step obtains the true DCT coefficients. This process is represented bel ow
I n equations 27 and 28. o

II. ALTERNATIVE O-TDAC IMPLEMENTATION OF INVENTION
Another 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.
A. Forward Transform
O-TDAC utilizes a transform function which is a modified Discrete Cosine Transform DCT)
shown in equation 24. ’
“ l. n+m
Clk) = n) ‘cos|2 =)Rim for0 <k <N
3 () cosf2nked) (22 )] @4

where k = frequency coefficient number,
n = input signal sampfe number,
N = sample block length,
m = phase term for O-TDAC (see équation 6),
x(n) = quantxzed 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
cwn = [ 7 " N eh)
where i = signal sample block aumber, and |
C(k) = DCT coefficient (see equation 24).

The computation algorithm used is the Fast Fourier Traasform (FFT). Unlike the E-TDAC
version, the O-TDAC implementation does not use a single FFT to concurrently transform two signal
sample blocks. The computational complexity of the transform is reduced, however, by employing
a technique similar to the premultiply-transform-postmultiply process used in the E-TDAC verssion.

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
. n
oxp(~jn-2) @6)
where j = /-1,
n = input signa! sample number, and
N = sample block length.

WHIo e b e
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' [ [ | ock | ength,
=-1, n = input signal sanple nunber, N sanple b _
Lerzr% r\é\gﬁ;ﬁc; coefficient IOnunt)er, m = phase term for O TDAC (see equat :c on
6), R(k) = real part of coefficient X err](k)- Q(k)' = imagi nary part o
coefficient Xerr](k), and

-42 .

A Discrete Fourier Transform implemented by a FFT transforms 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 concurrently. Finally, a postmultiply step
obtains the true DCT coefficients. This process is représented below in equations 27 and 28.

X® = FFT[Ju(n) -exp(-jtc-:-r)] | @7

C®H) = R(k)-cos 2""“%?‘%’] + QW zu(k%xT”;)] (28)
where j = /-1,

n = input signal sample number,

N = sample block length,

'k = frequency coefficient number,

m = phase term for O-TDAC (see equation 6),
R(k) = real part of coefficient X&), _
Q(k) = imaginary part of coefficient X°(k), and
C(k) = DCT coefficient k. .

In one embodiment of a one-channei encoder according to the present invention, two consecutive
overlapped signal sample blocks are stored in buffers and transformed together using two FFT

* processes into a DCT,/DCT, block pair. In two-channel systems, signal sample blocks from each
of the two channels are transformed by two FFT processes into 2 DCT,/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 signal
from an alternating sequence of cosine transform blocks of the form

{C1W}e {C2M)},, {C1KY,, {C20)0s, . . .
where C1(k); = DCT, coefficient k of signal sample block i, and
C2(x); = DCT, coefiicient 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 channel in a two-channel syéwm, or every other transform block from each of both
DCT used in a single channel 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-22¢, 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

29
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C(k) = DCT coefficient k. In one enbodi nent of a one-channel encoder
according to the present invention, two consecutive overl apped signal

sanpl e bl ocks are stored in buffers and transformed together using two FFT
processes into a DCT[err]/DCT[err] block pair. In two-channel systens,
signal sanple bl ocks fromeach of the two channels are transformed by two
FFT processes into a DCt[err]/DCT[err] block pair. Princen showed that with
t he proper phase conponent m (see equatd3en 6) and a carefully designed pair

of anal ysipfat block, MESdifisi q?ms h TDAC techni que can accurately recover
an i nput sigenigl fromﬁg?\kg errr?‘é%feﬁ W thecthres-quartes paintof the sampledicek wigches Of
the f or nfiange insign. 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. ‘

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 present. In each block pair, both transform blocks include coefficient C(0), therefore
all subband exponents are shared by the two blocks. Consequently, :
the “minimum” bit length for coefficient C©)
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.

there can be no hidden bit and
is fixed at nine bits (as opposed to eight bits for

C. Formatting and Deformatting :

Each encoded DCT block includes 183 coefficient mantissas comprising 538 bits (see Tables I and
11)) and 130 adaptively allocated bits, for a total of 668 bits each. The two master exponents and
37 subband exponents of 148 bits shared by both DCT blocks brings the DCT/DCT, block pair
length to 1486 bits, the same as that for the E-TDAC implementation.

Thg 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.

D. Inverse Transform
f-lalf 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.
¢ = -C(N-K for N2 sk < N (30)
_1 &-3 ] 1. n+
(n) T:g (03] cos2::(k+5)("—$)] for0 <n<N G1)

where k = transform coefficient number,
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{CL(k)}[err], {Q(k)}[err], {1(k)}[err] {C2(k)}[err]... _
(29) where Cl(k)[err] = DCT[err] coefficient k of signal sanple block i and
C2(k)[err] = DCT[err] coefficient k of signal sanple block i. Note that
this sequence of transform blocks is formed by discarding, in effect, every
ot her transform bl ock fromeach channel in a two-channel system or every
ot her transform bl ock fromeach of both DCT used in a single channel

system The O0-TDAC transformation and ajj as cancel |l ati on process is very
simlar to that for the E-TDAC transform and is illustrated in Figures
22a- 22e, 23a-B5usignat gample n@mber, The principal difference is .

K = number of transform coefficients,

N = sample block length,

m = phase term for E-TDAC (see equation 6),
C(k) = quantized DCT coefficient k, and

X(n) = recovered quantized signal x(n).

employing 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 invecse FFT ((FFT), and obtains the time-domain signal

fo emultinlication :
shown in the following equations. e rpion,
x*(n) = IFFT|CQ®) 'exp(-quk—;;"-)] for0<n<N (32)
£(n) = r(n)-cos u%} - g(n) 'sin 1:-"-;7"' for0<n<N (33)
where j = /-1,

m = phase term for O-TDAC (see equation 6),

N = sample block length,

k = frequency coefficient number,

n = input signal sample number,

r(@) = real part of sample x°(n),

q(n) = 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 descri
above for the E-TDAC implementation. .

i - s
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[ [ he sanpl ed signa
the formof the alias component. For the first half of t : _
bl ock, the alias conmponent is a time reversed image of the input signal
about t he one-quarter point of the sanple block, but the sign of its oo
anplitude is inverted fromthat of the input signal. For the second half o
t he sanpl ed -43 - signal block, the allasing is tine reversed about the
three-quarter point of the sanple b|0€§5W'th no

Tables
Master Subband Coefficient Minimum
Exp Exp Exp Ln Numbers BitLn
MEXP0 EXP0O 4 bits* 0 8 bits® -
: EXP1 1 5 bits*
EXP2 2
EXP3 3
EXP4 4.
EXP5 5
EXP6 6
EXP7 7
EXP8 8
EXP9 9
EXP10 10
EXP11 11
EXP12 12
EXP13 ' 13-14 4 bits
EXPi4 15-16
EXP15 17-18
EXP16 19-20
EXP17 2122
EXP18 23-24
MEXP1 EXP19 25-27
: EXP20 28-30
EXP21 31-33
EXP22 34-37
EXP23 38441
EXP24 42-46
EXP25 , 47-53 3 bits
EXP26 54-60
EXP27 61-67
EXP28 68-77
EXP29 78-87
EXP30 8897
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 length for DCT coefficient C(1) is S bits
as shown in the table.

Table I
Frequency Coefficients for 15 kHz E-TDAC Coder
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5

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 Fi gures 24a-24g. B.
Nonuni f orm Quanti zer The nonuni form quanti zer for the O TDAC i npl enent ati on
is identical to that used with the E-TDAC transform i npl ementation 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(O,
therefore, all subband exponents are shgged by the two bl ocks.

Consequently, there can be no hidden bit and

Master Subband Coefficient Minimum
Exp Exp Exp Ln Numbers BitLn

Subbands 0-36 same as for 15 kHz coder. See Table 1.

MEXP1
EXP37 4 bits 183-199 2 bits
EXP38 200216
EXP39 : 217-233
Table I

Frequency Coefficients for 20 kHz E-TDAC Coder

Master Subband Coefficient Minimum
Exp Exp Exp Ln Numbers BitLn
MEXPO EXP0 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 HI
Frequency Coefficients for the O-TDAC Coder
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the "m nnunt bit length for coefficient C(0) is fixed at nine bits (as _
opposed to eight bits for E-TDAC). See Table Ill. Dynamc 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 | ength of each transform block pair, discussed below, the
allocation Iimt is only 130 bits. C Formatting and Deformatting Each
encoded DCT bl ock includes 183 coef fi"d%ent nmanti ssas conprising 538 hits

(see Tables | and I11) and 130 adapmal | ocated bits, for a total of
668 bits each. The two naster expone d
1. An encoder for the high-quality digital encoding of wideband audio information, comprising
subband means for receiving said wideband audio information and for generating subband
blocks in response thereof, each of said subband blocks comprising respective subband
information for a plurali_ty of subbands,
nonuniform quantizing means for forming digital words representing said subband information
and for generating code words by adaptively allocating bits to and quantizing said digital words,
wherein bits are adaptively allocated to digital words in a respective subband and one or two
adjacent subbands on the basis of the energy level in said respective subband, and
formatting means for assembling digital information including said code words into a digital
output having a format suitable for transmission or storage.

2. An encoder according to claim 1 wherein saxd subband means comprises means for forming
time-domain signal sample blocks in response to said wideband audio information, and means for
generating analysis-window weighted time-domain signal sample blocks by weighting each of said
time-domain signal sample blocks with an analysis window, and wherein each of said subband blocks
comprises frequency-domain transform coefficients grouped into subbands, said transform coefficients

generated by applying a discrete transform to said analysis-window weighted time-domain signal
sample blocks.

3. An encoder according to claim 1 or 2 wherein said subband means comprises means for
sampling and quantizing wideband analog audio information into time-domain signal sample blocks.

4.Anenwderacwrdhgmmyomofdaim§lmmugh3whueinsaidmnuniformquanﬁzing
- means further comprises

means for estimating the relative energy level of each subband represented in a respective
subband block, |

means for allocating at most a maximum number of bits to digital words in a first group of
subbands possessing the greatest relative energy levels and stopping when a certain number of bits
has been allocated to each of the digital words in said first group of subbands, and

means for allocating bits to digital words in subbands adjacent to subbands in which each of
the digital words have been allocated said certain number of bits.

5. An encoder according to claim 4 wherein said certain number of bits is equal to said maximum
aumber of bits.
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BCTL o] /DT orr] bi ock pait | engih o 1456 bits, the Sane a6 that for the
ﬁ%)ircr%ﬁrpﬁhgmgt |bl)ﬁc TEZ? sftruc?ure of the fo_rmat':]edEf 'rl'?)AnE Y\Alrr:)lhglrjr;nte;'[ ?(r)n,
g(r)]&riegt Es(rjlgvvr?\oidﬁsF: ;u\r/gr)ZIStSI 'rphlaa;r;(r)ret gﬂ ugi\;ﬁe: V:VI E:P:ﬁ;;oglco_rr[]gct I on codes
ijZf g?ﬁgufﬁg E?ozzgzg }‘gri Ee;ll-?ﬁ(c::al a?g !tls;gés_ descri bed above except no checks

are nmade fgrA%Q%dhi dden bhits. D. Inverse Transform

er for the high-quality reproduction of wideband audio information from a coded signal

comprising digital information, said decoder comprising

deformatting ‘means for receiving said coded signal and for deriving code words from said
digital information, .

linearization means for adaptively allocating bits to and dequantizing said code words into
digital words representing subband information, and for forming subband blocks comprising
respective subband information for a plurality of subbands, wherein bits are adaptively allocated
to code words corresponding to digital words in a respective subband and one or two adjacent
subbands on the basis of the energy level in said respective subband, and

inverse subband means for generating a representation of said wideband audio information
in response to said subband blocks.

7. A decoder according to claim 6 wherein said inverse subband means genm said

representation of wideband audio information by applying an inverse discrete

transform to said
subband blocks.

8. A decoder according to claim 6 wherein said inverse subband means comprises

means for generating time-domain signal sample blocks by applying an inverse discrete
transform to said subband blocks,

means for weighting the time-domain signal sample blocks by a synthesis window, and

means for cancelling window weighting effects to generate said representation of wideband
audio information. '

9. A decoder according to any one of claims 6 through 8 wherein said inverse subband means

comprises means for converting said representation of wideband audio information into an analog
form.

10. A decoder according to any one of claims 6 through 9 wherein said linearization means
comprises

means for estimating the relative energy level of each subband represented in a respective
subband block,

means for allocating at most a maximum number of bits to code words corresponding to
digital words in a first group of subbands possessing the greatest relative energy levels and
stopping when a certain number of bits has been allocated to each of the code words
corresponding to digital words in said first group of subbands, and

means for allocating bits to code words corresponding to digital words in subbands adjacent
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Hal f of the DCT bl ocks are omtted fromtransm ssion or storage, and are
recreated fromthe avail able DCT bl ocks using the relationship shown in

equation 30. The inverse DCT is shown in equation 31. C(k) = C(N-Kk)
for V2 < k < N (30) [err] (31) where k = transform
coefficient nunber,
-49 -
to subbands in which each of the code words corresponding to digital words has been allocated

said certain number of bits.

11. A decoder according to claim 10 wherein said certain number of bits ls equal to said
maximum number of bits.

12. A system for the high quality processing of wideband audio information _comprising an
encoder according to any one of claims 1 to 5 and a decoder according to any one of claims 6 to 11.
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[ = fficients, N =
-44 - n = signal sanple number, K = nunber of transform coe . N
sanpl e bl ockgl ength, m= phase termfor E-TDAC (see equation 6), C(k) =
gquanti zed DCT coefficient k, and

- 50 -

ABSTRACT

ADAPTIVE BIT ALLOCATION FOR AUDIO ENCODER AND DECODER
s|==assts Sas SNMVMLALIUN J0K AUDLO ENCODER AND DECODER

An encoder, decoder and encoder/decoder system utilizes
quantization and adaptive bit allocation to encode and decode
spectral information within frequency subbands. In accordance
with spectral levels within a respective subband, bits are
adaptively allocated to representations of the information in the
respective subband and in adjacent subbands.

Figure 1a
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x(n) = recovered quantized signal x(n). The O TDAC i npl enentati on of the
I nverse transformreduces conputational conplexity by enploying a simlar
premtiply-transformpost multiply process as that used in the forward
transform This process converts the real-valued DCT coefficients into a
set of nodified conplex valued coefficients, concurrently transforns the
real and imaginary parts of the nodified coefficients using a single
inverse FFT (1 EFT), and obtains the tjpgs donain signal from

postnul tiplication, as shown in the follow ng equations. [err]
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O TDAC (see equation 6), N = sanple
n = input signal sanple

[err] where]j =-i, m= phase termfor
i magi nary part of

bl ock-length, k = frequency coefficient nunber,
nunber, r(n).= real part of sanple x[err](n), q(n)=
sanple x[err](n), and
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x(n)=recovered quantized signal x(n). Subsequent w ndow ng, overl ap-addi ng,
and signal output processing is identical to that described above for the

E- TDAC i npl enent ati on. -45 - Tabl es
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Mast er
Exp Ln

EXP2
4 EXPS

Subband Coeffi ci ent M ni mum EXp Exp

Nunber s Bit Ln MEXPO EXPO 4 bits
8 bits[err] EXPI 1 5 bits+
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6 EXP7 7 EXPS

EXP6
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EXP22
42- 46- EXP25
54- 60 EXP27
78-87

34-37 EXP23
47-53
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7/25
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98- 107 EXP32

EXP30 88-97 EXP31
123- 137 EXP34

108-122 2 bits EXP33

138- 152 EXP35 153- 167 EXP36
The DST al ways produces a zero value for coefficient S(O0).

priori by the decoder,

168- 182
This is known a
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therefore the exponent and mantissa for S(0) need not be transmtted or

st or ed.

DCT coefficient C(1) is 5 bits as shown in the table.
Coefficients for 15 kHz E- TDAC Coder

9/25

+ The bit length for DST coefficient S(1) is 9 bits.

The length for

Tabl e | Frequency
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-46 - Master Subband Coeffi ci ent M ni mum Exp
Exp - Exp Ln Nunber s Bit Ln Subbands 0-36 sane as for
15 kHz coder. See Table 1. MEXP1 EXP37 4 bits 183-199
2 bits EXP38 200- 216 EXP39 217- 233
10/25
JET ALL ELEMENTS OF A() —-
FIND SMALLEST l;utivbﬁm 9
REFEATFOR ALL SUBBANOS g DT MM
ET MG — Xy - EXP,
9ET M() —- M +4 800
IF M) < O THEN ST M () =0

STOP WHEN ALL ALIA?-CABLE. BITS

REPEAT fOR ALL ZUBBANDS opr ALLOCATED

IF MG) = 4 THEN ) —— Al
REPEAT FOR ALL sUbpaNpzrog () — AG)+]

F MG) > ) = AG
REPEAT DR AL, ZupnGnps E;},A(') AGhl e
IF MG 2 7 THEN %7 AG) — AG)+1
REPEAT FOR ALL SUBBANDS 5p;
IF M@ 2 1 THEN %ET AG) — AG)+I
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Table I'l Frequency Coefficients for 20 kHz E- TDAC Coder Master

Subband Coefficient M ni mum Exp Exp Exp Ln

Nunber s Bit Ln MEXPO EXPO 4 bits 0
Subbands 37-39 sanme as

9 bits Subbands 1-36 sane as for E-TDAC (Table 1).

for E-TDAC (Table I1). Table Il
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Frequency Coefficients for the O TDAC Coder -47 -

CLAIMS 1. An encoder

for the high-quality digital encoding of w deband audi o i nformati on,

conpri si ng subband neans for

for generati

REJECTION (dB)

REJECTION (dB)

recei ving said wi deband audi o i nfornmati on and

ng subband
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bl ocks in response thereof, each of said subband bl ocks conpri sing
respective subband information for a plurality of subbands, nonuniform
gquanti zing means for formng digital words representing said subband
information and for generating code words by adaptively allocating bits to
and quantizing said digital words, wherein bits are adaptively allocated to
digital words in a respective subband and one or two adjacent subbands on
the basis of the energy level in said respective subband, and fornmatting
means for assenbling digital informati thel uding said code words into a
digital output having a format suitable for transm ssion or storage.
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2. An encoder according to claim1l wherein said subband neans conpri ses

means for formng tinme-domain signal sanple blocks in response to said

wi deband audi o i nformati on, and nmeans for generating anal ysi s-w ndow

wei ghted ti ne-domai n signal sanple bl ocks by weighting each of said

ti me-domai n signal sanple blocks with an anal ysis w ndow, and wherein each
of said subband bl ocks conprises frequeggysdonain transform coefficients
grouped into subbands, said transform coefficients generated by applying a
di screte transformto said anal ysi s-w ndow wei ghted ti nme-domai n signal

sanpl e bl ocks. 3. An encoder according to claim1 or 2 wherein said subband

means conprises neans for
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sanpling and quanti zi ng wi deband anal og audi o information into tinme-domain
si gnat sanpl e bl ocks. 4. An encoder according to any one of clains 1

t hrough 3 wherein said nonuni form quantizing neans further conprises neans
for estimating the relative energy |evel of each subband represented in a
respecti ve subband bl ock, nmeans for allocating at nost a maxi num nunber of
bits to digital words in a first group of subbands possessing the greatest
relative energy |levels and stopping 2% certain nunber of bits has been
all ocated to each of the digital words in said first group of subbands, and
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means for allocating bits to digital words in subbands adjacent to subbands
I n whikch each of the digital words have been all ocated said certain nunber
of bits. 5. An encoder according to claim4 wherein said certain nunber of
bits is equal to said maxi mum nunber of bits. -48 -
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6. A decoder for the high-quality reproduction of w deband audi o

I nformation froma coded signal conprising digital information, said
decoder conprising deformatting neans for receiving said coded signal and
for deriving code words fromsaid digital information, |inearization neans
for adaptively allocating bits to and dequanti zing said code words into
digital words representing subband information, and for form ng subband

bl ocks conpri sing respective subband hqyggnation for a plurality of
subbands, wherein bits are adaptively allocated to code words correspondi ng
to digital words in a respective subband and one or two adjacent
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subbands on the basis of th

e energy | evel

In said respective subband, and

i nver Se subband neans for generating a representation of said w deband
audio information in response to said subband bl ocks. 7. A decoder
according to claim6 wherein said inverse subband neans generates said
representation of wi deband audi o i nformati on by applying an inverse

discrete transformto said subband bl agkms 8. A decoder according to claim
6 wherein said inverse subband neans conprises neans for generating

ti me-donmai n si-gna

sanpl e bl ocks by applying an inverse discrete
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transformto said subband bl ocks, neans for weighting the tinme-domain

si gnal sanpl e bl ocks by a synthesis wi ndow, and neans for cancelling w ndow
wei ghting effects to generate said representati on of w deband audi o
information. 9. A decoder according to any one of clainms 6 through 8
wherein said i nverse subband neans conpri ses neans for converting said
representation of wi deband audio information into an analog form 10. A
decoder according to any one of clainﬁ 6_t hrough 9 wherein said

| i nearizati on neans /25
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conprises neans for estimating the relative energy |evel of each subband
represented in a respective subband bl ock, neans for allocating at nost a
maxi nrum nunber of bits to code words corresponding to digital words in a
first group of subbands possessing the greatest relative energy |evels and
stoppi ng when a certain nunber of bits has been allocated to each of the
code words corresponding to digital words in said first group of subbands,

and neans for allocating bits to code éw}zqis corresponding to digital words
i n subbands adj acent .
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-49- to subbands in which each of the code words corresponding to digital
wor ds~has been allocated said certain nunber of bits. 11. A decoder
according to claim 10 wherein said certain nunber of bits is equal to said

maxi num nunber of bits.
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12. A_systemfor the high quality processing of w deband audi o information
conprtsing an encoder according to any one of clains 1 to 5 and a decoder
according to any one of clains 6to 11.
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