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LOW BIT RATE TRANSFORM CODER, DECODER,
AND ENCODER/DECODER FOR HIGH-QUALITY
AUDIO

CROSS-REFERENCE TO RELATED
APPLICATION

This application is a division of copending application
Ser. No. 07/458,894 filed Dec. 29, 1989, now U.S. Pat.
No. 5,109,417 issued Apr. 28, 1992 which is a continua-
tion-in-part of application Ser. No. 07/303,714 filed Jan.
27, 1989, abandoned, and of application Ser. No.
07/439,868 filed Nov. 20, 1989, abandoned.

BACKGROUND OF THE INVENTION

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

There is considerable interest among those in the field
of signal processing to discover methods which mini-
mize the amount of information required to represent
adequately a given signal. By reducing required infor-
mation, signals may be transmitted over communication
channels with lower bandwidth, or stored in less space.
With respect to digital techniques, minimal informa-
tional requirements are synonymous with minimal bi-
nary bit requirements.

Two factors limit the reduction of bit requirements:

(1) A signal of bandwidth W may be accurately rep-
resented 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 quanti-
zation errors. These errors are inversely propor-
tional to the number of bits available to represent
the signal sample quantization.

If coding techniques are applied to the full band-
width, all quantizing errors, which manifest themselves
as noise, are spread uniformly across the bandwidth.
Technigues which may be applied to selected portions
of the spectrum can limit the spectral spread of quantiz-
ing 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 im-
plemented by any of several time-domain to frequency-
domain transforms which simulate a bank of digital
bandpass filters. Although transforms are easier to im-
plement and require less computational power and
hardware than digital filters, they have less design flexi-
bility in the sense that each bandpass filter “frequency
bin” represented by a transform coefficient has a uni-
form bandwidth. By contrast, a bank of digital bandpass
filters can be designed to have different subband band-
widths. Transform coefficients can, however, be
grouped together to define *“subbands™ having band-
widths which are multiples of a single transform coeffi-
cient bandwidth. The term “subband” is used hereinaf-
ter to refer to selected portions of the total signal band-
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width, whether implemented by a subband coder or a
transform coder. A subband as implemented by trans-
form coder is defined by a set of one or more adjacent
transform coefficients or frequency bins. The band-
width 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 band-
width of the regions between the filter passband and
stopbands (the transition bands). The second is the at-
tenuation Jevel in the stopbands. As used herein, the
measure of filter “selectivity” is the steepness of the
filter response curve within the transition bands (steep-
ness of transition band rolloff), and the level of attenua-
tion 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 fre-
quencies below about 500 Hz, but widening as the fre-
quency 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 band-
width throughout the audible spectrum is about half the
critical bandwidth of the human ear in the same por-
tions 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 trans-
form coders typically have fixed subband center fre-
quencies. To optimize the opportunity to utilize psy-
choacoustic-masking effects, any distortion artifacts
resulting from the presence of a dominant signal should
be limited to the subband containing the dominant sig-
nal. If the subband bandwidth is about half or less than
half of the critical band (and if the transition band roll-
off is sufficiently steep and the stopband rejection is
sufficiently deep), the most effective masking of the
undesired distortion products is likely to occur even for
signals whose frequency is near the edge of the subband
passband bandwidth. If the subband bandwidth is more
than half a critical band, there is the possibility that the
dominant signal will cause the ear’s critical band to be
offset from the coder’s subband so that some of the
undesired distortion products outside the ear’s critical
bandwidth are not masked. These effects are most ob-
jectionable at low frequencies where the ear’s critical
band is narrower.

Transform coding performance depends upon several
factors, including the signal sample block length, trans-
form coding errors, and aliasing cancellation.
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Block Length

As block lengths become shorter, transform encoder
and decoder performance is adversely affected not only
by the consequential widening of the frequency bins,
but 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 stop-
band rejection. This degradation in filter performance
results in the undesired creation of or contribution to
transform coefficients in nearby frequency bins in re-
sponse to a desired signal. These undesired contribu-
tions are called sidelobe leakage.

Thus, depending on the sampling rate, a short block
length may result in 2 nominal filter bandwidth exceed-
ing the ear’s critical bandwidth at some or all frequen-
cies, 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
may result in significant signal components outside the
ear’s critical bandwidth. In such cases, greater con-
straints are ordinarily placed on other aspects of the
system, particularly quantization accuracy.

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

Transform Coding Errors

Discrete transforms do not produce a perfectly accu-
rate set of frequency coefficients because they work
only a finite segment of the signal. Strictly speaking,
discrete transforms produce a time-frequency represen-
tation of the input time-domain signal rather than a true
frequency-domain representation which would require

\infinite transform lengths. For convenience of discus-
sion here, however, the output of discrete transforms
will be referred to as a frequency-domain representa-
tion. In effect, the discrete transform assumes the sam-
pled signal only has frequency components whose peri-
ods 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 trans-
form to create phantom high-frequency components.

One technique which minimizes this effect is to re-
duce 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 func-
tion is called an “analysis window” and may be of any
shape, but certain windows contribute more favorably
to subband filter performance.

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

While there is no single criteria which may be used to
assess a window’s quality, general criteria include steep-
ness of transition band rolloff and depth of stopband
rejection. In some applications, the ability to trade
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4
steeper rolloff for deeper rejection level is a useful qual-
ity.

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

(a) The recovered signal interval or block may be
multiplied by an inverse window, one whose
weighting factors are the reciprocal of those for the
analysis window. A disadvantage of this technique
is that it clearly requires that the analysis window
not go to zero at the edges.

(b) Consecutive input signal blocks may be over-
lapped. By carefully designing the analysis window
such that two adjacent windows add to unity
across the overlap, the effects of the window will
be exactly compensated. (But see the following
paragraph.) When used with certain types of trans-
forms 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 trans-
formed 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 trans-
form may also need to be windowed. Some trans-
forms, including one used in the current invention,
require it. Further, quantizing errors may cause the
inverse transform to produce a time-domain signal
which does not go to zero at the edges of the finite
time interval. Left alone, these errors may distort
the recovered time-domain signal most strongly
within the window overlap interval. A synthesis
window can be used to shape each synthesized
signal block at its edges. In this case, the signal will
be subjected to an analysis and a synthesis window,
i.e,, the signal will be weighted by the product of
the two 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 compen-
sation requirements on the analysis and synthesis win-
dows. As the transform sample blocks become shorter -
there is more sidelobe leakage through the filter’s transi-
tion 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 misrep-
resent 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 accu-

rately recovered from discrete samples when the inter-

'val between samples is no larger than one-half the per-

iod of the signal’s highest frequency component. When
the sampling rate is below this Nyquist rate, higher-fre-
quency components are misrepresented as lower-fre-
quency 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
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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 repre-
sented.

It is possible to design the analysis and synthesis fil-
ters such that aliasing distortion is automatically can-
celled by the inverse transform. Quadrature Mirror
Filters in the time domain possess this characteristic.
Some transform coder techniques, including one used in
the present invention, also cancel alias distortion.

Suppressing the audible consequences of aliasing
distortion in transform coders becomes more difficult as
the sample block length is made shorter. As explained
above, shorter sample blocks degrade filter perfor-
mance: the passband bandwidth increases, the passband-
stopband transition becomes less sharp, and the stop-
band rejection deteriorates. As a result, aliasing be-
comes more pronounced. If the alias components are
coded and decoded with insufficient accuracy, these
coding errors prevent the inverse transform from com-
pletely cancelling aliasing distortion. The residual alias-
ing distortion will be audible unless the distortion is
psychoacoustically masked. With short sample blocks,
however, some transform frequency bins may have a
wider passband than the auditory critical bands, partic-
ularly at low frequencies where the ear’s critical bands
have the greatest resolution. Consequently, alias distor-
tion may not be masked. One way to minimize the dis-
tortion is to increase quantization accuracy in the prob-
lem 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 re-
quirements for a specified quality of signal transmission
or storage. Techniques may be employed, however, to
reduce the bit rate required for a given signal quality.
These techniques exploit a signal’s redundancy and
irrelevancy. A signal component is 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:

(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 proba-
bility of occurrence may be represented by abbre-
viated 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 con-
stant bit-rate system.

(3) Nonuniform coding: representations by loga-
rithms or nonuniform quantizing steps allow cod-
ing 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 preci-
sion. Block-floating-point representation uses one
scale factor or exponent for a block of floating-
point mantissas, and is commonly used in coding
time-domain signals. Floating point is a special case
of nonuniform coding.
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(5) Bit allocation: the receiver’s demand for accuracy
may vary with time, signal content, strength, or
frequency. For example, lower frequency compo-
nents of speech are usually more important for
comprehension and speaker recognition, and there-
fore should be transmitted with greater accuracy
than higher frequency components. Different crite-
ria apply with respect to music signals. Some gen-
eral bit-allocation criteria are:

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

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

(c) Psychoacoustic masking: fewer bits are allo-
cated 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 in-
tended for human perception. Masking is under-
stood best with respect to single-tone signals
rather than multiple-tone signals and complex
waveforms such as music signals.

SUMMARY OF THE INVENTION

It is an object of this invention to provide for the
digital processing of wideband audio information, par-
ticularly 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 reproduc-
tion of music, wherein the quality of reproduction is
suitable, for example, for broadcast audio links.

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

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

It is yet a further object of the invention to provide
such an encode/decode apparatus and method embod-
ied in a digital processing system requiring a small
amount of space to store the encoded signal.

Another object of the invention is to provide im-
proved psychoacoustic-masking techniques in a trans-
form coder processing music signals.

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

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

In accordance with the teachings of the present in-
vention, an encoder provides for the digital encoding of
wideband audio information. The wideband audio sig-
nals are sampled and quantized into time-domain sample
blocks. Each sample block is then modulated by an
analysis window. Frequency-domain spectral compo-
nents are then generated in response to the analysis-win-
dow weighted time-domain sample block. A transform
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coder having adaptive bit allocation nonuniformly
quantizes each transform coefficient, and those coeffici-
ents are assembled into a digital output having a format
suitable for storage or transmission. Error correction
codes may be used in applications where the transmitted
signal is subject to noise or other corrupting effects of
the communication path. ‘

Also in accordance with the teachings of the present
invention, a decoder provides for the high-quality re-
production of digitally encoded wideband audio signals
encoded by the encoder of the invention. The decoder
receives the digital output of the encoder via a storage
device or transmission path. It derives the nonuniformly
coded spectral components from the formatted digital
signal and 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 win-
dow. The synthesis window has characteristics such
that the product of the synthesis-window response and
the response of the analysis-window in the encoder
produces a composite response which sums to unity for
two adjacent overlapped sample blocks. Adjacent sam-
ple 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. '

Further in accordance with the teachings of the pres-
ent invention, an encoder/decoder system provides for
the digital encoding and high-quality reproduction of
wideband audio information. In the encoder portion of
the system, the analog wideband audio signals are sam-
pled 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 spec-
tral coding, including adaptive bit allocation, quantizes
each spectral component, and those components are
assembled into a digital format suitable for storage or
transmission over communication paths susceptible to
signal corrupting noise. The decoder portion of the
system receives the digital output of the encoder via a
storage device or transmission path. It derives the nonu-
niformly coded spectral components from the format-
ted digital signal and reconstructs the frequency-
domain spectral components therefrom. Time-domain
signal sample blocks are generated in response to fre-
quency-domain transform coefficients by means having
characteristics inverse to those of the means in the en-
coder which generated the frequency-domain trans-
form coefficients. The sample blocks are modulated by
a synthesis window. The synthesis window has charac-
teristics 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. Adja-
cent sample blocks are overlapped and added to cancel
the weighting effects of the analysis and synthesis win-
dows and recover a digitized representation of the time-
domain signal which is then converted to a high-quality
analog output.

In an embodiment of the encoder of the present in-
vention, a discrete transform generates frequency-
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domain spectral components in response to the analysis-
window weighted time-domain sample blocks. Prefera-
bly, the discrete transform has a function equivalent to
the alternate application of a modified Discrete Cosine
Transform (DCT) and a modified Discrete Sine Trans-
form (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-dornain transform can be used.

In a preferred embodiment of the 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-channe] system. In a preferred
embodiment of the invention for the decoder, a single
FFT is utilized to simultaneously calculate the inverse
transform for two transform blocks.

In the preferred embodiments of the encoder and
decoder, the sampling rate is 44.1 kHz. While the sam-
pling 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 embodi-
ment employs a 48 kHz sampling rate. In the preferred
embodiment employing the 44.1 kHz sampling rate, the
nominal frequency response extends to 15 kHz and the
time-domain sample blocks have a length of 512 sam-
ples. In the preferred embodiment of the invention,
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 correc-
tion 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 the encoder, the nonu-
niform transform coder computes a variable bit-length
code word for each transform coefficient, which code-
word bit length is the sum of a fixed number of bits and
a variable number of bits determined by adaptive bit
allocation based on whether, because of current signal
content, noise in the subband is less subject to psycho-
acoustic masking than noise in other subbands. The
fixed number of bits are assigned to each subband based
on empirical observations regarding psychoacoustic-
masking effects of a single-tone signal in the subband
under consideration. The assignment of fixed bits takes
into consideration the poorer subjective performance of
the system at low frequencies due to the greater selec-
tivity of the ear at low frequencies. Although masking
performance in the presence of complex signals ordinar-
ily is better than in the presence of single tone signals,
masking effects in the presence of complex signals are
not as well understood nor are they as predictable. The
system is not aggressive in the sense that most of the bits
are fixed bits and a relatively few bits are adaptively
assigned. This approach has several advantages. First,
the fixed bit assignment inherently compensates for the:
undesired distortion products generated by the inverse
transform because the empirical procedure which estab-
lished 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 occuring between the en-
coder and decoder since such errors can result in incor-
rect assignment as well as incorrect values for these bits
in the decoder.
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The empirical technique for allocating bits in accor-
dance with the invention may be better understood by
reference to FIG. 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) 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 by the 500
Hz sine wave when an arbitrary number of bits are
allocated to each of the transform coefficients. Alloca-
tion B (the short dashed line) shows the noise and dis-
tortion products for the same relative bit allocation as
allocation A but with 2 fewer bits per transform coeffi-
cient. Allocation C (the long dashed line) is the same as
allocation A for frequencies in the lower part of the
audio band up to about 1500 Hz. Allocation C is then
the same as allocation B for frequencies in the upper
part of the audio band above about 1500 Hz. The dotted
line shows the auditory masking curve for a 500 Hz
tone.

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

By observing the noise and distortion created in re-
sponse to tones at various frequencies for various bit
allocations, bit lengths for the various transform coeffi-
cients can be allocated that result in acceptabie levels of
noise and distortion with respect to auditory masking
throughout the audio spectrum. With respect to the
example in FIG. 13, in order to lower the level of the
noise and distortion products below the masking thresh-
old in the region from about 100 Hz to 300 to 400 Hz,
additional bits could be added to the reference alloca-
tion for the transform coefficient containing the 500 Hz
tone and nearby coefficients until the noise and distor-
tion 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 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 alloca-
tion assignment is then taken as somewhat less by re-
moving one or more bits from each transform coeffici-
ent across the spectrum (such as allocation B). Adap-
tively allocated bits are added to reduce the audible
noise to acceptable levels in the problem regions as
required (such as allocation C). Thus, empirical obser-
vations regarding the increase and decrease of audible
noise ‘with respect to bit allocation such as in the exam-
ple of FIG. 13 form the basis of the fixed and adaptive
bit allocation scheme of the present invention.
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In a preferred embodiment of the encoder, the nonu-
niformly quantized transform coefficients are expressed
by a block-floating-point representation comprised of
block exponents and variable-length code words. As
described above, the variable-length code words are
further comprised of a fixed bit-length portion and a
variable length portion of adaptively assigned bits. The
encoded signal for a pair of transform blocks is assem-
bled into frames composed of exponents and the fixed-
length portion of the code words followed by a string of
all adaptively allocated bits. The exponents and fixed-
length portion of code words are assembled separately
from adaptively allocated bits to reduce vulnerability to
noise burst errors.

Unlike many coders in the prior art, an encoder con-
forming to this invention need not transmit side infor-
mation 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 re-
quired, the encoder portion of the invention appends
the formatted data to frame synchronization bits. The
formatted data bits are first randomized to reduce the
probability of long sequences of bits with values of all
ones or zeroes. This is necessary in many environments
such as T-1 carrier which will not tolerate such sequen-
ces beyond specified lengths. In asynchronous applica-
tions, randomization also reduces the probability that
valid data within the frame will be mistaken for the
block synchronization sequence. In the decoder portion
of the invention, the formatted data bits are recovered
by removing the frame synchronization bits and apply-
ing an inverse randomization process.

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

The various features of the invention and its preferred
embodiments are set forth in greater detail in the fol-
lowing Detailed Description of the Invention and in the
accompanying drawings.

BRIEF DESCRIPTION OF DRAWINGS

FIGS. 1a and 1) are functional block diagrams illus-
trating the basic structure of the invention.

FIGS. 24 through 2e are block diagrams showing the
hardware architecture for one embodiment of the in-
vention.

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

FIG. 4 is a hypothetical graphical representation
showing a time-domain signal samplé¢ block.

FIG. 5 is a further hypothetical graphical representa-
tion of a time-domain signal sample block showing dis-
continuites at the edges of the sample block caused by a
discrete transform assuming the signal within the block
is periodic.

FIG. 6a is a functional block diagram showing the
modulation of a function X(t) by a function W(t) to
provide the resulting function Y(t).
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FIGS. 6b through 6d are further hypothetical graphi-
cal representations showing the modulation of a time-
domain signal sample block by an analysis window.

FIG. 7is a flow chart showing the high level logic for
the nonuniform quantizer utilized in the invention.

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

FIG. 9 is a graphical representation showing a repre-
sentative filter characteristic response curve and two
psychoacoustic masking curves. 4

FIG. 10 is a graphical representation showing a filter
characteristic response with respect to a 4 kHz psycho-
acoustic masking curve.

FIG. 11is a graphical representation showing a filter
characteristic response with respect to a 1 kHz psycho-
acoustic masking curve.

FIG. 12 is a graphical representation illustrating a
composite masking curve derived from the psycho-
acoustic masking curves of several tones.

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

FIGS. 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.

FIGS. 18a through 154 are hypothetical graphical
representations illustrating the time-domain aliasing
distortion created by the E-TDAC transform.

FIGS. 16a through 16g are hypothetical graphical
representations illustrating the cancellation of time-
domain aliasing by overlap-add during E-TDAC trans-
form signal synthesis.

FIGS. 17a-17b are a graphical representation com-
paring filter transition band rolloff and stopband rejec-
tion 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 the inven-
tion.

FIG. 18 is a hypothetical graphical representation
showing the overlap-add property of adjacent win-
dowed blocks.

FIG. 19 is a hypothetical graphical representation
comparing the shape of several convolved Kaiser-Bes-
sel analysis windows for a range of alpha values 4 to 7
with a sine-tapered window.

FIG. 20 is a schematic representation illustrating the
format of a frame of two encoded transform blocks
without error correction.

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

FIGS. 22a through 22¢ are hypothetical graphical
representations illustrating a time-domain signal
grouped into a series of overlapped and windowed
time-domain signal sample blocks, particularly as imple-
mented for the O-TDAC transform. -

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

FIGS. 24a through 24g are hypothetical graphical
representations illustrating the cancellation of time-
domain aliasing by overlap-add during O-TDAC trans-
form signal synthesis.
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FIG. 25 is a schematic representation illustrating the
format of a frame of two encoded transform blocks,
without error correction, for the O-TDAC transform
embodiment of the invention.

Table 1 shows master exponents, subband grouping,
and coefficient bit lengths for the 15 kHz E-TDAC
embodiment of the invention.

Table II shows subband grouping and coefficient bit
lengths for the additional transform coefficients re-
quired in a 20 kHz E-TDAC embodiment of the inven-
tion. .

Table III shows the difference in subband zero re-
quired for the O-TDAC embodiment of the invention.

DETAILED DESCRIPTION OF THE
INVENTION

1. Preferred Implementation of Invention

FIGS. 1 and 1b show the basic structure of the in-
vention. The coder portion of the invention shown in
FIG. 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 fre-
quency coefficients, block-floating-point encoder 105
which converts each integer-valued transform coeffici-
ent into a floating-point representation, adaptive bit
allocator 106 which assigns bits to the representation of
each transform coefficient according to the total sig-
nal’s spectral composition, uniform quantizer 107 which
rounds each transform coefficient 1o an assigned bit
length, and formatter 109 which assembles the coded
frequency coefficients into a bit stream for transmission
or storage. FIG. 1a depicts a transmission path 110,
however, it should be understood that the encoded
signal may be stored immediately for later use.

The decoder portion of the invention shown in FIG.
15 comprises encoded bit-stream signal input 111, defor-
matter 112 which extracts each encoded frequency
coefficient from the assembled bit stream, linearizer 113
which converts each encoded coefficient into an inte-
ger-valued transform coefficient, inverse digital filter
bank 114 which transforms the transform coefficients
into a time-domain signal biock, synthesis-window mul-
tiplier 115 which modulates the time-domain signal
block, signal block overlap-adder 116 which recovers a
digitized representation of the time-domain signal, ana-
log signal generator 117, and analog signal output 118.

A. Processing Hardware

The basic hardware architecture of the invention is
illustrated in FIGS. 2a-2¢ and 3a-3b. Empirical studies
have shown that conventional integer transform com-
putations must be performed to an accuracy of at least
20 significant bits to achieve stated performance objec-
tives.

A practical implementation of a preferred embodi-
ment of a single-channel version of the invention, em-
ploying either a 44.1 kHz or a 48 kHz sample rate, uti-
lizes 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 sam-
ple 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
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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 microsec-
onds is used to generate an analog signal from the de-
coded digital signal.

The encoder hardware architecture, shown in FIG.
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 FIG. 14) 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 sam-
ples into blocks, performs the calculations required to
transform the blocks into the frequency domain, en-
codes 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 orga-
nized 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 2064
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.

FIGS. 2b and 2c provide more detail on two DSP
interfaces. FIG. 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 sig-
nals for the encoder. Line SCO clocks a serial-bit stream
of digitized input signal samples along line SRD from
ADC 201 DSP 202. Line SC1 provides the frame-syn-
chronization 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.

FIG. 2c shows the memory addressing interface.
Memory for the Motorola DSP56001 is divided into
three segments: program, X data, and Y data. One bank
of RAM, which contains program memory, is selected
whenever the DSP brings line PS low. A second bank
contains data memory, which is selected whenever line
DS is brought low. The DSP selects between X data
and Y data memory by raising line XY high or bringing
line XY low, respectively. X data and Y data memory
are mapped into separate addresses spaces by attaching
line XY to address line A12. Therefore, 4K words (4096
or 1000;6 24-bit words) of Y data memory are mapped
into word addresses 0000-0FFF ¢, 4K words of X data
memory are mapped into word addresses
1000;4-1FFF ¢, and program memory resides in its own
space of 8K words, comprising word addresses
0000,s-1FFF ;6.

Program/data RAM 203 and EPROM 204 are
mapped into separate address spaces. Inverter 205C
allows DSP 202 to select either RAM or EPROM ac-
cording the state of address line A15. When DSP 202
sets A15 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 208C sets the CS lines of RAM 203 and
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EPROM 204 high. Only static RAM 203 is selected
when CS is high.

The decoder hardware architecture, shown in FIG.
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 calculations required to transform the coefficients
into the time domain, groups the coefficients into time-
domain blocks, overlap-adds the blocks into a time-
domain sequence of digital samples, and transmits the
digital samples in a serial-bit stream to DAC 212. The
programming and data work areas for the DSP are
stored in two 24 KB banks of static RAM 209 which is
organized into two sets of 8,192 24-bit words. EPROM
210 stores in a compressed format programming and
static data which the DSP unpacks into usable form into
RAM 209 when the decoder is first powered on. DAC
212 generates an analog signal corresponding to the
serial-data stream received from the DSP. LPF 213A (a
low-pass filter which is not shown in FIG. 1b) insures
signal output 213 is free of any spurious high-frequency
components created by the encode/decode process.

FIG. 2¢ shows the serial-communication interface for
DSP 208, serial-signal input path 207, and DAC 212.
Timing generator 208A, using a phase-locked loop cir-
cuit 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 sam-
ples 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
FIG. 2c.

The two-channel] encoder requires LPF 200A and
200B, and ADC 201A and 201B, connected as shown in
FIG. 3a. The interface between the DSP and ADC
components operates in a manner similar to that de-
scribed above for a one-channel encoder. Timing gener-
ator 202A provides an additional signal to line SC2 of
the DSP at one-half the rate of the frame-synchroniza-
tion signal to control multiplexer 202B and indicate to
the DSP which of the two ADC is currently sending
digitized data.

The two-channel decoder requires DAC 212A and
212B, and LPF 213A and 213B, connected as shown in
FIG. 3b. The interface between the DSP DAC and
components operates in a manner similar to that de-
scribed above for 2 one-channel decoder. Timing gener-
ator 208A provides an additional signal to line SC1 of
the DSP at one-half the rate of the frame-synchroniza-
tion signal to control demultiplexer 208B and indicate to
the DSP which of the two DAC is currently receiving
digital data.

The basic hardware architecture may be modified.
For example, one Motorola DSP56001 operating at 27
MH2z with no wait states can implement a two-channel
encoder or decoder. Additional RAM may be required.

Further, specialized hardware may be used to per-
form certain functions such as window modulation or
the Fast Fourier Transform (FFT). The entire en-
coder/decoder may be implemented in a custom-



5,142,656

15

designed integrated circuit. Many other possible imple-
mentations will be obvious to one skilled in the art.

B. Input Signal Sampling and Windowing

In the current embodiment of the invention, signal
sampler and quantizer 101 is an analog-to-digital con-
verter 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 subse-
quent transform calculations are performed in 24-bit
integer arithmetic. The analog input signal should be
limited in bandwidth to at most 15 kHz (20 kHz for a 20
kHz bandwidth coder). This may be accomplished by a
low-pass filter not shown in FIG. 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 the invention because
this rate is used in CD applications and such a choice
simplifies the means necessary to use this invention in
such applications. (This sample rate also supports an
alternative 20 kHz bandwidth embodiment of the inven-
tion.)

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 adjacent transform coefficients will
be altered and the number of coefficients required to
represent the desired signal bandwidth will change. The
full effect that a change in sampling rate will have upon
the implementation of the invention will be apparent to
one skilled in the art.

Assuming the input signal is not a complex one, i.e.,
all imaginary components are zero, a frequency-domain
transform of a 512 sample block produces at most 256
unique nonzero transform coefficients. Hence, the in-
vention shown in FIGS. 1a and 15 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 fre-
quency component, has a bandwidth 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 20kHz
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.

Unless the sample block is modified, a discrete trans-
form will erroneously create nonexistent spectral com-
ponents because the transform assumes the signal in the
block is periodic. See FIG. 4. These transform errors
are caused by discontinuities at the edges of the block as
shown in FIG. 5. These discontinuities may be
smoothed to minimize this effect. FIGS. 6a through 64
illustrate how a block is modified or weighted such that
the samples near the block edges are close to zero. The
multiplier circuit shown in FIG. 6a modulates the sam-
pled input signal x(t) shown in FIG. 65 by the weighting
function shown in FIG. 6c. The resultant signal is
shown in FIG. 64. This process is represented by box
103 in FIG. 1a. This weighting function, called an anal-
ysis window, is a sample-by-sample multiplication of
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the signal sample block, and has been the subject of
considerable study because its shape has profound af-
fects upon digital filter 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 and depth of
stopband rejection, and permits correction of its modu-
lation effects by overlapping and adding adjacent
blocks. Window design is discussed below in more de-

C. Analysis Filter Bank-Forward Transform

A discrete transform implements digital filter bank
104 shown in FIG. 1a. Filtering is performed by con-
verting the time-domain signal samples blocks into a set
of time varying spectral coefficients. Any one of several
transform techniques may be used to implement the
filter bank. The transform technique used in one em-
bodiment of the invention was first described in Princen
and Bradley, “Analysis/Synthesis Filter Bank Design
Based on Time Domain Aliasing Cancellation, “JEEE
Trans. on Acoust., Speech, Signal Proc., vol. ASSP-34,
1986, pp. 1153-1161. This techique is the time-domain
equivalent of an evenly-stacked critically sampled sin-
gle-sideband analysis-synthesis system. This transform
is referred to herein as Evenly-Stacked Time-Domain
Aliasing Cancellation (E-TDAC). An alternative form
of the TDAC transform may be used in another em-
bodiment of the invention. The technique is described in
Princen, Johnson, and Bradley, “Subband/Transform
Coding Using Filter Bank Designs Based on Time Do-
main Aliasing Cancellation,” JCASSP 1987 Conf. Proc.,
May 1987, pp. 2161-64. This alternate transform is the
time-domain equivalent of an oddly-stacked critically
sampled single-sideband analysis-synthesis system. It is
referred to herein as Oddly-Stacked Time-Domain
Aljasing Cancellation (O-TDAC). An embodiment of
the invention using the O-TDAC transform is discussed
after the E-TDAC embodiment has been fully de-
scribed.

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) =" 3 xtmcos (2wk£}'—vl)roro Sk<N
Nl (03]
Sk =T xtasin (uk%’"—)foro Sk<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(k)=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



