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

10 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
15 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
20 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 sigmal which are 'proportional to the
25 quantizing step size or resolution. These inaccuracies are called quantization errors. These
errors are inversely proportional to the number of bits available to represent the signal sample
quantization.
—eee 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
30 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
35 bandpass filters. Although transforms are easier to implement and require less computational power and
hardware than digital filters, they have less design flexibility in the sense that each bandpass filter "frequency
bin" represented by a transform coefficient has a uniform bandwidth. By contrast, a bank of digital bandpass
filters can be designed to have different subband bandwidths. Transform coefficients can, however, be grouped
together to define "subbands™ having bandwidths which are multiples of a single transform coefficient
40 bandwidth. The term "subband” is used hereinafter to refer to selected portions of the total signal bandwidth,

whether implemented by a subband coder or a transform coder. A subband as implemented by transform coder
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of transition band rolloff), and the level of attenuation in the stopbands (depth of stopband rejection).
These two filter characteristics are critical because the human ear displays frequency-analysis properties
10 resembling those of highly asymmetricai tuned filters having variable center frequencies. The frequency-
resolving power of the human ear’s tuned filters varies with frequency throughout the audio spectrum. The
ear can discern signals closer together in frequency at frequencies below about 500 Hz, but widening as the
frequency progresses upward to the limits of audibility. The effective bandwidth of such an auditory filter is
referred to as a critical band. An important quality of the critical band is that psychoacoustic-masking effects
15 are most strongly manifested within a critical band—a dominant signal within a critical band can suppress the
audibility of other signals anywhere within that critical band. Signais at frequencies outside that critical band
are not masked as strongly. See generally, the Audio Engineering Handbook, K. Blair Benson ed., McGraw-
Hill, San Francisco, 1988, pages 1.40-1.42 and 4.8-4.10.
Psychoacoustic masking is more easily accomplished by subband and transform coders if the subband
20 bandwidth throughout the audible spectrum is about half the critical bandwidth of the human ear in the same
portions of the spectrum. This is because the critical bands of the human ear have variable center frequencies
that adapt to auditory stimuli, whereas subband and transform coders typically have fixed subband center
frequencies. To optimize the opportunity to utilize psychoacoustic-masking effects, any distortion artifacts
resulting from the presence of a dominant signal should be limited to the subband containing the dominant
25 signal. If the subband bandwidth is about haif or less than half of the critical band (and if the transition band
- rolloff is sufficieatly 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
30 that some of the undesired distortion products outside the ear’s critical bandwidth are not masked. These
effects are most objectionable at low frequencies where the ear’s critical band is narrower.
The document WO 88/01811 discloses a digital coding process for transmitting and/or storing acoustic
signals, in particular musical signals, in which a biock of N pick-up values of the acoustic sigaal is transformed
into a block of M spectral coefficients using a Discrete Cosine Transform, a TDAC Transform or a Fast
35 Fourier Transform. The process chooses an initial quantizer step-size, applies entropy coding, and reiterates
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
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Transform coding performance depends upon several factors, including the signal sample block length,
10 transform coding errors, and aliasing cancellation.
' Block Length
As block lengths become shorter, transform encoder and deceder 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: (I) decreased rate of trapsition band rolloff, and (2) reduced level of
15 stopband rejection. This degradation in filter performance resuits in the undesired creation of or contribution
to transform coefficients in nearby frequency bins in respomse 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
20 nominal subband bandwidth is narrower than the ear’s critical bandwidth, degraded filter characteristics
manifested as a broad transition band and/or poor stopband rejection may resuit in significant signal
components outside the ear’s critical bandwidth. In such cases, greater constraints are ordinarily placed on
other aspects of the system, particularly quantization accuracy.
Another disadvantage resulting from short sample block lengths is the exacerbation of transform coding
25 errors, described in the next section.
Transform Coding Errors
Discrete transforms do not produce a perfectly accurate set of frequency coefficients because they work with
only a finite segment of the sigpal. Strictly speaking, discrete transforms produce a time-frequency
representation of the input time-domain signal rather than a true frequency-domain representation which would
30 require infinite transform lengths. For convenience of discussion here, 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 submultipie of the finite sample
interval. This is equivalent to an assumption that the finite-length signal is periodic. The assumption in
general is not true. The assumed periodicity creates discontinuities at the edges of the finite time interval
35 which cause the transform to create phantom high-frequency components.
One technique which minimizes this effect is to reduce the discontinuity prior to the transformation by
weighting the signal samples such that samples near the edges of the interval are close to zero. Samples at the

center of the interval are generally passed unchanged, i.c., weighted by a factor of one. This weighting
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t he steepness of transition band rolloff and depth of stopband rejection. In some applications, the ability to trade
10 steeper rolloff for deeper rejection level is a useful quality.

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

(a) The recovered signal interval or block may be muitiplied by an inverse window, one whose

15 weighting factors are the reciprocal of those for the analysis window. A disadvantage of this techniqqe

is that it clearly requires that the analysis window not go to zero at the edges.

(b) Consecutive input signal blocks may be overlapped. By carefully designing the analysis window
such that two adjacent windows add to unity across the overlap, the effects of the window will be exactly
compensated. (But see the following paragraph.) When used with certain types of transforms such as the

20 Discrete Fourier Transform (DFT), this technique increases the number of bits required to represent the
_ signal since the portion of the signal in the overlap interval must be transformed and transmitted twice.

For these types of transforms, it is desirable to design the window with an overlap interval as small as

possible.

(c) The synthesized output from the inverse transform may also peed to be windowed. Some

25 transforms require it. Further, quantizing errors may cause the inverse transform to produce a time-domain
signal which does not go to zero at the edges of the finite time interval. Left alone, these errors may
distort the recovered time-domain signal most stroagly within the window overlap interval. A synthesis
window can be used to shape each synthesized signal bleck at its edges. In this case, the signal will be
subjected to an analysis and a synthesis window, i.e., the signal will be weighted by the product of the two

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

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

35 Sidelobe leakage is undesirable because it causes the transform to create spectral coefficients which

misrepresent the frequency of signal components outside the filter's passband. This misrepresentation is a
distortion called aliasing.
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It is possible to 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.

Suppressing the audible consequences of aliasing distortion in transform coders becomes more difﬁcuk as

15 the sample block length is made shorter. As explained above, shorter sample biocks degrade filter
performance: the passband bandwidth increases, the passband-stopband transition becomes less sharp, and the
stopband rejection deteriorates. As a result, aliasing becomes more pronounced. If the alias components are
coded and decoded with insufficient accuracy, these coding errors prevent the inverse transform from
completely cancelling aliasing distortion. The residual aliasing distortion will be audible unless the distortion

20 is psychoacoustically masked. With short sample blocks, however, some transform frequency bins may have
a wider passband than the auditory critical bands, particularly at low frequencies where the ear’s critical bands
have the greatest resolution. Consequently, alias distortion may not be masked. One way to minimize the
distortion is to increase quantization accuracy in the problem subbands, but that increases the required bit rate.

Bit-rate Reduction Techniques

25 The two factors listed above (Nyquist sample rate and quantizing errors) should dictate the bit-rate
requirements for a specified quality of signal transmission or storage. Techniques may be employed, however,
to reduce the bit rate required for a given signal quality. These techniques exploit a signal’s redundancy and
irrelevancy. A signal component is 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

30 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 represeated by
abbreviated codes. Both the transmitter and receiver must have the same code book. Entropy coding

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

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

rate system.

(3) Nonuniform coding: representations by logarithms or nonuniform quantizing steps aliow coding
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{a) Component variance: more bits are allocated to transform coefficients with the greatest
level of AC power.

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

15 (¢) 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.

20 An example of a transform-based encoder and decoder using adaptive bit allocation in conjunction with
psychoacoustic masking effects is described in Johnson, Bradley, *Adaptive Transform Coding Incorporating
Time Domain Aliasing Cancellation,” Speech Communications, vol. 6, North-Holland: Elsevier Science
Publishers, 1987, pp. 299-308.

25 Disclosure of Invention
It is an object of this inveation to provide for the digital processing of wideband audio information,
particularly music, using an encode/decode apparatus and method which provides high subjective sound quality
at an encoded bit rate as low as 128 kilobits per second (kbs).
It is a further object of this invention to provide such an encode/decode apparatus and method suitable for
30 the high-quality transmission or storage and reproduction of music, wherein the quality of reproduction is
suitable, for example, for broadcast audio links.
It is a further object of the invention to provide a quality of reproduction subjectively as good as that
obtainable from Compact Discs.
1t is a further object of the invention to provide such an encode/decode apparatus and method embodied in
35 a digital processing system having a high degree of immunity against signal corruption by transmission paths.
[t 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 invention is to provide improved psychoacoustic-masking techniques in a transform
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An encoder according to the present invention provides for the digital encoding of wideband audio
information. The 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. A transform coder having

10 adaptive bit al]qcation 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 transmitted signal is subject to noise or other corrupting effects of the communicatibn
path.

A decoder according to the present invention provides for the high-quality reproduction of digitally encoded

15 wideband audio signals encoded by an eacoder according to the present invention. A decoder receives the
digital output of an encoder via a storage device or transmission path. It derives the nonuniformiy coded
spectral components from the formatted digitai 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

20 generated the frequency-domain spectral components. The sample blocks are modulated by a synthesis
window. The synthesis window has characteristics such that the product of the synthesis-window response and
the response of the analysis-window in the encoder produces a composite response which sums to unity for two
adjacent overlapped sample blocks. Adjaceat 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

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

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

30 window weighted time-domain sample block. Nonuniform spectral coding, including adaptive bit allocation,
quantizes each spectral componeat, 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 nonuaiformly coded spectral comporents from the formatted digital signal and reconstructs the frequency-

35 domain spectral components therefrom. Time-domain signal sample blocks are generated in response to
frequency-domain transform coefficients by means having characteristics inverse to those of the means in the
encoder which generated the frequency-domain transform coefficients. The sample blocks are modulated by

a synthesis window. The synthesis window has characteristics such that the product of the synthesis-window
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critical bandwi dth. In such cases, greater constraints are ordinarily
pl aced OnDlscrete Cosine Transform (DCT) and 'a modified Dlscrete Sine Transform (DST). In an alternative
embodiment, the discrete transform is implemented by a single modified Discrete Cosine Transform (DCT),
10 however, virtu:_illy any time-domain to freqﬁency-domain transform can be used.

In a preferred embodiment of an epcoder and a decoder according to the present invention, a singie FFT
is utilized to simuitaneously 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 simuitaneously calcuiate the inverse transform for two

15 transform blocks. |

In preferred embodiments of an encoder and a decoder according to the present invention, the sampling rate
is 44.1 kHz. While the sampling rate is not critical, 44.1 kHz is a 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 employing the 44.1 kHz sampling rate, the nominal frequency

20 response extends to 15 kHz and the time-domain sample biocks 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 seriai 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.

25 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 variable number of bits determined by adaptive bit allocation based on whether, because of current signal
content, noise in the subband is less subject to psychoacoustic masking than noise in other subbands. The fixed
number of bits are assigned to each subband based on empirical observations regarding psychoacoustic-masking

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

35 are fixed bits and a relatively few bits are adaptively assigned. This approach has several advantages. First,
the fixed bit assignment inherently compensates for the undesired distortion products generated by the inverse
transform because the empirical procedure which established the required fixed bit assignments included the

inverse transform process. Second, the adaptive bit-allocation algorithm can be kept relatively simple. In
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Allocation A (the solid line) is a reference, showing the noise and distortion products produced by the 500

10 Hz sine wave when an arbitrary number of bits are allocated to each of the transform coefficients. Allocation
B (the short d;;shed line) shows the noise and distortion products for the same relative bit allocation as
allocation A but with 2 fewer bits per transform coefficient. Allocation C (the long dashed line) is the same
as allocation A for frequencies in the lower part of the audio band up to about 1500 Hz. Allocation C is then
the same as allocation B for frequencies in the upper part of the audio band above about 1500 Hz. The dotted

15 line shows the auditory masking curve for a 500 Hz tone.

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

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

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

25 allocations, bit lengths for the various transform coefficients can be allocated that result in acceptabie levels
of noise and distortion with respect to auditory masking throughout the audio spectrum. With respect to the
example in Figure 13, in order to lower the level of the noise and distortion products below the masking
threshold in the region from about 100 Hz to 300 or 400 Hz, additional bits could be added to the reference
allocation for the transform coefficient containing the 500 Hz tone and nearby coefficients until the noise and

30 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 resuited in acceptably low audible
noise in the presence of tones, taken one at a time, throughout the audio spectrum. This is most easily done
by way of computer simulations. The fixed bit allocation assignment is then taken as somewhat less by
removing one or more bits from each transform coefficient across the spectrum (such as allocation B).

35 Adaptively allocated bits are added to reduce the audible noise to acceptable levels in the problem regions as
required (such as allocation C). Thus, empirical observations regarding the increase and decrease of audible
noise with respect to bit allocation such as in the example of Figure 13 form the basis of the fixed and adaptive
bit allocation scheme described above and discussed in more detail below.
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string of all adaptively allocated bits. The exponents and fixed-length pomon of code words are assembled
separately from adaptively allocated bits to reduce vuinerability 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
10 correct assignment by applying the same allocation algorithm to the exponents as that used by the encoder.
In appiications where frame synchronization is required, an encoder according to the present 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 sequences beyond specified lengths. In
15 asynchronous applications, randomization also reduces the probability that valid data within the frame will be
mistaken for the block synchromization sequence. In a decoder according to the present 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, error correction codes are utilized to
20 protect the most critical information, that is, the exponents and possibly the fixed portions of the lowest-
frequency coefficient code words. Error codes and the protected data are scattered throughout the formatted
frame to reduce sensitivity to noise burst errors, i.e., to increase the length of a noise burst required before
critical data cannot be corrected.
The various features of the invention and its preferred embodiments are set forth in greater detail in the

25 following Detailed Description of the invention and in the accompanying drawings.

Brief Description of Drawings
Figures 1a and 1b are functional block diagrams illustrating the basic structure of an encoder and a decoder

according to the present invention.

30 Figures 2a through 2e are block diagrams showing the hardware architecture for one embodiment of an
encoder and a decoder according to the present invention.

Figures 3a and 3b are block diagrams showing in greater detail the serial-communications interface of the
processor for a two-channel embodiment of an encoder and a decoder according to the present invention.
Figure 4 is a hypothetical graphical representation showing a time-domain signal sample block.

35 Figure 5 is a 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
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psychoacoustic masking curve.
10 Figure 11 is a graphical representation showing a filter characteristic response with respect to a 1 kHz
psychoacoustic masking curve.
Figure 12 is a graphical representation illustrating a composite masking curve derived from the
psychoacoustic masking curves of several tones.
Figure 13 is a graphical representation showing the spectral levels of coding noise and distortion of an
15 encoded 500 Hz tone for three different bit allocation schemes with respect to the psychoacoustic masking
curve for a SO0 Hz tone. i
Figures 14a through 1de are hypothetical graphical representations illustrating a time-domain signal grouped
into a series of overlapped and windowed time-domain signal sampie blocks.
Figures 15a through 15d are hypothetical graphical representations illustrating the time-domain aliasing
20 distortion created by the E-TDAC transform.
Figures 16a through 16g are hypothetig:al 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
25 of an analysis-synthesis window pair designed for an encoder according to the present invention.
Figure 18 is a hypothetical graphical representation showing the overlap-add property of adjacent windowed
blocks.
Figure 19 is a hypothetical graphical representation comparing the shape of several convolved Kaiser-Bessel
analysis windows for a range of alpha values 4 to 7 with a sine-tapered window.
30 Figure 20 is a schematic representation illustrating the format of a frame of two encoded transform blocks
without error correction.
Figure 21 is a schematic representation illustrating the format of a frame of two encoded transform blocks
with error correction codes.
Figures 22a through 22e are hypothetical graphical representations illustrating a time-domain signal grouped
35 into a series of overlapped and windowed time-domain signal sample blocks, particularly as implemented for
the O-TDAC transform.
Figures 23a through 23d are hypothetical graphical representations illustrating the _ti__n_:g-domain aliasing
distortion created by the O-TDAC transform. T
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Table II shows subband grouping and coefﬁclent bit lengths for the addmoual transform coefficients

10 required in a 20 kHz E-TDAC embodiment of an encoder and a decoder according to the present invention.
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 Qut the Invention
15 I. PREFERRED IMPLEMENTATION OF INVENTION

Figures 1a and 1b show the basic structure of an encoder and a decoder, respectively, according to the
present invention. The encoder shown in Figure la comprises time-domain signal input 100, signal sampler
and quantizer 101, signal sample buffer 102, analysis-window muitiplier 103 which modulates each digitized
time-domain signal block, digital filter bank 104 which transforms the quantized signal into frequency

20 coefficients, block-floating-point encoder 105 which converts each integer-valued transform coefficient into a
floating-point represeatation, 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 assembies the coded frequency
coefficients into a bit stream for transmission or storage. Figure 1a depicts a transmission path 110, however,

25 it should be understood that the encoded signal may be stored for later use.

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

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

A. Processing Hardware
The basic hardware architecture of one embodiment of an encoder and a decoder according to the present
35 invention is illustrated in Figures 2a-2¢ 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.

A practical implementation of a preferred embodiment of a single-channel encoder. employing eithera 44.1
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5 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)

10 204, and encoded serial-signal output 206. LPF 200A (a low-pass filter which is not shown in Figure la)
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 transmits the

15 encoded signai through serial data path 206. The programming and data work areas for the DSP are stored
in two 24 kilobyte (KB) banks of static RAM 203 which is organized into two sets of 8,192 24-bit words. The
DSP requires fast-access-time program memory which can be implemented more cheaply in RAM than it can
be in programmable ROM. Consequently, EPROM 204 stores programming and static data in a compressed
format which the DSP unpacks into a usable form into RAM 203 when the encoder is first powered on.

20 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 SCO clocks a serial-bit stream
of digitized input signai samples along line SRD from ADC 201 into DSP 202. Line SC1 provides the frame-
syachronization signal to the ADC and the DSP which marks the beginning of each 16-bit word. Line SCK

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

Figure 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 Y data memory by raising line XY

30 bigh or bringing line XY low, respectively. X data and Y data memory are mapped into separate address
spaces by attaching line XY to address line A12. Therefore, 4 K words (4096 or 1000,, 24-bit words) of Y
data memory are mapped into word addresses 0000-0FFF,,, 4 K words of X data memory are mapped into
word addresses 1000,,-1FFF,,, and program memory resides in its own space of 8 K words, comprising word
addresses 0000,5-1FFF .

35 Program/data RAM 203 and EPROM 204 are mapped into separate address spaces. [nverter 205C allows
DSP 202 to select either RAM or EPROM according the state of address line A15. When DSP 202 sets AlS
high, inverter 20SC 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 AlS low, inverter 205C sets the CS lines of RAM 203 and
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EPROM 210 stores in a compressed format programuming and static data which the DSP uapacks into usable
10 form into RAM 209 when the decoder is first powered on. DAC 212 generates an analog signal corresponding
to the seriai-da.lta stream received from the DSP. LPF 213A (a low-pass filter which is not shown in
Figure 1b) insures signal output 213 is free of any spurious high-frequency components created by the
encode/decode process.

Figure 2e shows the serial-communication interface for DSP 208, serial-signal input path 207, and DAC

15 212. Timing generator 208A, using a phase-locked loop circuit to extract a timing reference from the encoded
senial-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 aloag line STD from DSP 208 to DAC 212. Line SC2
provides a frame-synchronization signal to the DAC and to the DSP which marks the beginning of each 16-bit

20 word. The interface between DSP 208 and the memory-address bus is impiemented 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 shown in
Figure 3a. The interface between the DSP and ADC components operates in 2 manner similar to that described
above for a one-channel encoder. Timing generator 202A provides an additional signal to line SC2 of the DSP

25 at one-haif the rate of the frame-synchronization signal to control muitiplexer 202B and indicate to the DSP
which of the two ADC is currently sending digitized data.

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

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

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

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

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

integrated circuit. Many other possible implementations will be obvious to one skilled in the art.
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the art | exksid®1S kHz. From the Nyquist theorem, it is known that a 15 kHz bandwidth signal must be sampled
10 at po 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 aleo
supports an alternative 20 kHz bandwidth embodiment of an encoder according to the present inveation.)
Other sampling rates, such as 48 kHz which is a rate common to many professional audio applications, may
15 beutilized. If an alternate rate is chosen, the frequency separation between adjacesnt transform coefficients will.
be altered and the number of coefficients required to represent the desired signal bandwidth wiil change. The
full effect that a change in sampling rate will have upon the implementation of an encoder according to the
present invention will be apparent to one skiiled in the art.
Assuming the input signal is oot a complex one, i.2., all imaginary components are zero, a frequency-
20 domain transform of a 512 sample block produces at most 256 unique nonzero transform coefficients. Hence,
the encoder and decoder structures shown in Figures 1a and 1b is comprised of 256 frequency bins. In this
implementation, the bandwidth of each bin is equal to 86.1 Hz (or 44.1 kHz / 512). (For some discrete
transforms bin 0, the DC or zero frequency component, has a bandwidth equal to half of this amount.) Only
coefficients 0-182 are used to pass a 15.6 kHz signal. (Coefficients 0-233 are used in a 20 kHz version to pass
25 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 canceilation within the design bandwidth. Note
that it is assumed the input signal is band-limited to 15 kHz (or 20 kHz) and the final output signal is also
band-limited to reject any aliasing passed in the highest coefficients.
Unless the sample block is modified. a discrete transform will erroneously create nonexistent spectral
30 components because the transform assumes the signal in the block is periodic. See Figure 4. These transform
errors are caused by discontinuities at the edges of the block as shown in Figure 5. These discontinuities may
be smoothed to minimize this effect. Figures 6a through 6d illustrate how a block is modified or weighted such
that the samples near the block edges are close to zero. The multiplier circuit shown in Figure 6a modulates
the sampled input signal x(t) shown in Figure 6b by the weighting function shown in Figure 6c. The resultant
35 signal is shown in Figure 6d. This process is represented by box 103 in Figure 1a. This weighting function,
called an analysis window, is a sample-by-sampie muitiplication of the signal sample black, and has been the
subject of considerable study because its shape has profound affects upon digital filter performance. See, for

exampie, Harris, "On the Use of Windows for Harmonic Analysis with the Discrete Fourier Transform,” Proc,
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C. Analysis Filter Bank - Forward Transform
A dis;crete 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. The transform technique used in one
embodiment of an encoder and a decoder according to the present invention was first described in Princen and
Bradley, "Analysis/Synthesis Filter Bank Design Based on Time Domain Aliasing Cancellation, " [EEE Trans.
on_Acoust., Speech, Signal Proc., vol. 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 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, Johason, 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-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 equivaient to the aiternate 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)-cosl

=0

n+m

2uk()| for0 < k <N §))

N-1

S®) = Y x(n)-sin|2mnk(

=0

for0 =k <N 2

n+m
¥

where k

n

frequency coefficient number,

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 aiternately produces one of two sets of spectral coefficients or transform blocks

for each signal sample block. These transform blocks are of the form
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S(k) = DST coefficient (see equation 2).

The computation algorithm used is the Fast Fourier Transform (FFT). See Cooley and Tukey, "An
Algorithm for the Machine Calculation of Compiex Fourier Series,” Math. Comput., vol. 19, 1965, pp.
297-301. A single FFT can be used to perform the DCT and DST simultaneously by defining them
respectively as the real and imaginary components of a single complex transform. This technique exploits the
fact the FFT is a complex transform, yet both input signal sample blocks consist only of reai-valued sampies.
By factoring these transforms into the product of one FFT and an array of complex constants, the DCT
coefficients emerge from the transform as the set of real values and the DST coefficients are represented by
the set of imaginary values. Therefore the DCT of one signal sample block can be concurrently calculated with
the DST of another signal sample biock by only one FFT followed by complex array muitiplication and
additions.

The basic technique of using one FFT to concurrently calculate two transforms is well known in the art and
is described in Brigham, The Fast Fourier Transform, Englewood Cliffs, NJ: Prentice-Hall, Inc., 1974.
Additional information regarding the concurrent caiculation 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 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: 2 DCT block is generated for one channel, and a DST block is generated for
the second channel. The coded blocks for a given channel alterpate between the DCT and DST (see
expression 5), and are always of the opposite type from that of the other channel’s blocks. A pair of blocks,
oae for each channel, are transformed and formatted together.

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

{C®)}e, {SEK)}is {CK)}2s (S5, - - . (&)
where each transform block represents ome 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) shown in Figure 14d.
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kil obits p&tomdae (cheiselled 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
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time-domain signal sampie blocks recovered by the inverse transform.

10 The phase term m in equations 1 and 2 coatrols the phase shift of the time-domain aliasing distortion.
Figures 15a-15d and 16a-16g illustrate this distortion. Signal y (t), recovered from the inversé DCT, is shown
in Figure 15a. Figure 15b illustrates that the recovered signal is composed of two componeats: the original
windowed signal (solid line), and time-domain aliasing distortion (dotted line). Figures 15c and 15d illustrate
similar information for signal y.(t) recovered from the inverse DST. To cancel this alias distortion and

15 accurately recover the original time-domain signal, E-TDAC requires the aliasing to be as follows. For the
DCT, the time-domain alias component consists of the first half of the sampled signal reversed in time about
the one-quarter point of the sample block, and the second half of the sampled signal reversed in time about the
three-quarter point of the sample block. For the DST, the alias component is similar to that for the DCT
except its amplitude is inverted in sign. Sce Figures |5b and 15d. The phase term required for alias

20 canceliation is

m=WN2+ 1 (6)
2
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 given block is

25 overlapped by the previous block, and 50% of the same block is overlapped by the foilowing block.
Figures 16a-16g illustrate the overlapping of signal sample blocks and the resuiting cancellation of alias
distortion. Signals y (t) and y(t) shown in Figure 16a and 16d, recovered from the inverse DCT and DST,
are modulated by window functions W (t) and W (t) respectively, shown in Figures 16b and 16Ge, to produce
signals ¥ (t) and ¥,(t) shown in Figures 16¢c and 16f. When the overlapped blocks of these windowed signals

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

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

35 Consequently, E-TDAC has a neutral effect upon the required bit rate.
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Figure 7, nonuniform quantization is comprised of five major sections: (1) calculating subband exponents, (2)

determining the master exponents, (3) initially setting the bit length of each ccefficient code word as a function

of the coefficient’s frequency, (4) adaptively allocating additional bits to specific code words, and (5) rounding
10 and truncating 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 ast of digital data processing and
is used to represent a wider range of values with fewer bits than is possible with integer representation. A
floating-point number is composed of a mantissa and an exponent. In a preferred embodiment of an encoder

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

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

20 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
25 muitiplying the integer-valued mantissa by 2°. This is equivalent to shifting a binary representation of the
mantissa three places to the right.

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

30 limited bit length.

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

35 small, i.e., the exponent is incapable of expressing the multiplier required for normalization. Whether the
mantissas are normalized or not, however, the exponent always represents the number of times each integer-

vaiued mantissa in the group must be shifted to the right to obtain the true value of the floating-point quantity.
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shift value in the second transform block, selects the smailer of the two, and saves it as the exponent for the
10 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
15 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 iow 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 II.) If all subband exponents in a
group are three or greater, the master exponent for that group is set to one and all subband exponents in that
20 group are reduced by three. When a master exponent is set to one, it indicates that ail coded coefficients
within all subbands in the group are shifted to the left three more times than is indicated by the subband
exponent values. When a master exponent is zero, each subband exponent in the group correctly represents
the total left shifts for each transform coefficient in the subband. These master exponents permit using shorter
subband exponents while allowing for a sufficient dynamic range. This step in the process is shown in boxes

25 702a and 702b of Figure 7.

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

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

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

35 This technique can be used only for those mantissas which have their own unique exponeat. 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,
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The third section of the nonuniform quantizer sets an initial minimum bit iength for the representation

10 of each left-shifted transform coefficient. This length is set according to the coefficient’s frequency. Box 703
in Figure 7 mp&smG this section of the process and Table [ shows the minimum number of bits fixed for each
coefficient’s code word. The minimum bit length was derived by comparing a representative filter bank
response curve to a psychoacoustic masking threshold curve. Because filter performance is a function only
of the difference in frequency between a sigpal and the coefficient’s frequency, any frequency coefficient may

15 be used to represent the filter bank’s response. The response curve shown in Figure 9 is obtained from the
root mean square average of the filter’s response to a range of frequencies within the filter passband. As
discussed above. filter selectivity is affected by the shape of the analysis window and the number of sampies
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 additioral selectivity loss occurs during the signal synthesis

20 process. This effect is discussed below and is also shown in Figures 17a and 17b.

Two psychoacoustic masking curves are shown in Figure 9. These curves were derived from Fielder,
"Evaluation of the Audibie Distortion and Noise Produced by Digitai-Audio Converters,” J. Audio Eng. Soc.,
vol. 35, 1988, pp. 517-534. Auditory selectivity of the human ear varies greatly with frequency, however,
the 1 kHz curve is representative of ear characteristics for frequencies between 500 and 2 kHz, and the 4 kHz

25 curve is representative of the ear’s response to higher frequencies. The rate of transition band rolloff and depth
of stopband rejection for a transform coder must be as great as that for the psychoacoustic masking curve to
achieve the lowest bit rates. In particular, note that ear selectivity for frequencies below a 1 kHz masking tone
is very high.

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

30 coefficients. Figure 10 compares the filter response against the 4 kHz psychoacoustic masking curve. Because
coder bandwidth and selectivity improve relative to the psychoacoustic masking curve as frequency increases,
fewer bits are required to represent higher frequency transform coefficients. This relationship is reflected in
the 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

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

approximately 1.3 additional bits of accuracy) may be pecessary to encode a low-frequency transform
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Figures 10 and 11. Except for these two lowest-frequency coefficients, adaptive bit allocation provides
additional bits where needed for increased accuracy of specific coefficients.

If transform coefficients zero and one were included in the adaptive bit allocation process, the E-TDAC

coder would generate quantization noise at a frequency equal to the sample block rate whenever an input signal

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

20 the DST transform blocks. Coefficient one (DCT C(1) and DST S5(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

25 transform coefficients as they would be in the DST blocks. (Because the value of coefficient S(0) is always
zero, it would not be assigned any adaptively aflocated bits.) This alterating allocation pattern would manifest
itseif 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 assigus a fixed bit length of

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

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

noise described in the previous paragraph.

4. Adaptive Bit Allocation
a. Overview
35  The fourth section of the nonuniform quantizer performs the adaptive bit allocation. Box 704 in Figure 7
provides an overview of this allocation process. In general, for each transform block, bit allocation assigns
a fixed number of additional bits to specific coefficients in four phases. The number of bits may be chosen

to balance signal coding quality and transmission bit rate. In a preferred embodiment, the allocation limit is
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Phase zero is an initialization process for the remaining phases. Phase one assigns bits, up to 2 maximum

of four per transform coefficient, to the coefficients within the same critical band of those frequency

10 components with the greatest spectral epergy. 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 ailocation process stops. If any bits remain, phase three allocates bits to
those coefficients which are adjaceat to coefficients that were allocated bits during phase ope and two. A more

15 detailed conceptual description of this procedure is provided in the following paragraphs. The actual logic
umplementation of the procedure is discussed later.

Figure 8 is a diagram of the conceptual process used to adaptively allocate bits to specific transform
coefficients. The initialization steps of phase zero are shown in box 800. The first step initializes the elements
of an array A( ) to zero. The next step identifies the smallest subband exponent, which is the exponent for

20 the subband with the largest spectral component, and saves the value as Xyn. All subband exponents are
subtracted from X,y and the difference is stored in array M(). Note that the smallest possible subband
exponent is zero and the largest possible subband exponent is eighteen, which is the sum of a maximum value
of fifteen for a 4-bit high frequency subband exponent plus the value of three for the master exponent MEXP1.
See Table I. Therefore, the range of possible values in array M( ) is negative eighteen to zero. In the next

25 step, four is added to each element of array M( ) and all elements below zero are set to zero. At the end of
phase zero, array M( ) consists of a set of elements, one for each subband, whose values range from zero to
four. The elements with a value of f;>ur represent those subbands where at least one of the coefficients in the
subband has one of the largest spectral coefficients in the total signal.

Phase one constructs another array A( ), which represents the bits to be allocated to the coefficients in each

30 subband, using the process shown in Figure 8 box 801. Each element in A() corresponds to a subband.
Recall from Table I that the higher subband exponents represent muitiple transform coefficients, therefore each
element of A() represents the number of bits assigned to ail transform coefficients in the corresponding
subband. For example, referring to Table I, subband 13 represents coefficients 13-14. If element A(13) has
a value of one, this indicates that 2 bits are allocated, one each to transform coefficients 13 and 14. Continuing

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

When all of the allocable bits are assigned during this or any following phase, that phase immediately
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Wi t hout 1(()j etg %I;éeiorrIQOJr.r %rrpthe third pass, array A( ) elements are incremented if the corresponding M( ) element
has a value w:thm the range of two to four. The final pass increments those elements in array A()
corresponding to those M( ) elements which have a value in the range between one and four. It may be noted
that if the elements in array M( ) sum to the allocation limit or less, the contents of arrays M( ) and A( ) at
this point will be identical. If the number of bits assigned has reached the allocation limit, the bit-allocation

15 process is complete at the end of phase one.

If any allocable bits remain. allocation continues with phase two shown in box 802 of Figure 8. This phase
makes as many as three passes through array A( ), stopping earlier if and when the maximum allocable bits
are assigned. Each pass starts with the lowest frequency element (A(l) for DCT blocks, or A(2) for DST
blocks) and works upward in frequency. On the first pass through armay A( ), each element which has a value

20 between one and three is incremented by one. On the second pass, elements with vaiues of two or three are
incremented. On the third pass. elements equal to three are incremented. If this phase completes without
exceeding the 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

25 final phase assigns additional bits to transform coefficients with lower spectral energy which are adjacent to
subbands of coefficients with higher energy. This assignment is accomplished in three steps. The first step
scans array A{ ) starting with the highest frequency element A(36) (clement A(39) is the starting element in
20 kHz bandwidth coders) in search of a group of two adjacent elements which have the values {0,4}. If
found, the element whose value is zero is set to one such that the group values become {1,4}.

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

The third and final step of phase three allocates additional bits to the coefficients in subbands assigned bits
in steps one and two of this phase. Starting at the highest frequency element of array A( ), each element

35 modified in step one is incremented. Finally, elements modified in step two are incremented, starting with the
highest frequency subbands. This third step reiteratively increments the array elements in the same order
discussed above until ail allocable bits are assigned, or until all of the elements modified in steps one and two

are assigned a total of 4 bits each. [f the latter condition is met and any allocable bits remain to be assigned,
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10 1 for DCT blocks, or subband 2 for DST blocks), subtract the subband exponent (see Table I) from Xym; (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,, 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.
15 At the end of this step, table T, contains the numbers of all subbands that have exponents in the range X -3
to Xy, table T, contains subbands with exponents from Xyn-2 to Xy, table T, contains subbands with
exponents from Xyn-1 to Xy, and tabie T, contains subbands with exponents equat to X, . Of significance,
subband entries in each table are in ascending order according to frequency.

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

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

25 coefficient in each subband.

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

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

Phase two coastructs four new tables, T, through T,, using a procedure simtiar to that used in phase zero:
(1) Xyps 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 X,,n; (3) if the difference is zero,

35 insert the subband number into table T,; (4) if the difference is negative one, insert the subband number into
table T,; (5) if the difference is negative two, insert the subband sumber 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
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owest 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

10 entries from table T, to T,. If any allocable bits remain, allocation continues by repeating the process for table

T;, and then tai;le T.. If bits remain to assign, a final pass is made through the entries in table T,. If phase

two does not assign all remaining allocable bits, table T, contains all of the coefficients, each having received

4 bits, and tables T, through T, are empty. If all allocabie bits have been assigned, array A( ) is rebuilt from

the information contained in tables T, through T, to reflect the total bits allocated to each transform

15 coefficient. Each eiement in array A( ) corresponding to an eatry in table T, is assigned a value of four. Each

A( ) element corresponding to an entry in table T is assigned a value of three; for table T, a value of two; and

for table T, a value of one. All other elements of A(), i.e., those subbands which are not represented by
entries in tables T, through T,, are zero.

If any allocable bits remain. aliocation continues with phase three. Table T, is sorted, ordering the subband

20 numbers into descending frequency. The first step adds subbands to table T, which are not in tabie T, that are
lower in frequency and adjacent to subbands which are in table T,. Starting with the first (highest frequency)
entry in table T,, adjacent entries in the table are examined to determine if they are separated by one or more
subbands. If they are, the number of the subband immediately below the higher subband is inserted into table
T,. For example, suppose two adjacent entries in table T, represent subbands 16 and 12. These two subbands

25 are separated by three subbands. Therefore the number 15, representing the subband below subband 16, would
be inserted into table T,.

The second step adds subbands to table T, which are not in table T, that are higher in frequency and
adjacent to subbands which are in table T,. Starting with the first (highest frequency) entry in table T,,
adjacent entries in the table are examined to determine if they are separated by one or more subbands. If tﬁey

30 are, the number of the subband immediately above the lower subband is inserted into table T,. For example,
suppose two adjacent entries in table T, represent subbands 16 and 12. As discussed above, these two
subbands are separated by 3 subbands. Therefore the number 13, representing the subband above subband 12,
would be inserted into table T,.

Starting with the first entry in table T,, an additional bit is assigned to each transform coefficient associated

35 with each subband represented by an entry in table T,. As each subband entry is processed, it is moved from
table T, into table T,. If any allocable bits remain at the end of processing table T,, a similar process repeats
for the entries in table T,, moving each entry from table T, into table T,. Processing continues with table T,

entries if any bits remain to allocate, moving entries from table T, into table T,. If any bits remain after this
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10 The fifth section of the nonuniform quantizer, shown in box 705 of Figure 7, follows the adaptive bit
allocation routine. Using the subband and master exponents determined in previous sections, each transform
coefficient in a transform block is shifted to the left a number of times equal to the value of the exponent for
the subband in which the coefficient is grouped, plus three more shifts if the associated master exponent is set
to one. Each coefficient’s total bit length is then calculated by adding its minimum bit length (see Table I) to

15 the number of adaptively allocated bits assigned to coefficients in each subband, found in array A(). Each
transform coefficient code word is rounded off to this bit length.

As described above, each element of array A( ) represents the aumber of bits assigned to ail coefficients
within a subband. Some coefficients in one subband may have one bit deducted from their length as required
to keep the total number of bits allocated to the transform block equal to the allocation maximum.

20

E. Formatting

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

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

A fixed length representation of each transform coefficient code 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

30 in Figure 20. Note that one set of master and subband exponents applies to both transform blocks in the block
pair. (See the discussion of the nonuniform quantizer above.) By sharing exponents between each pair of
blocks, the total 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

35 DCT block and bfock B is a DST block. If the frame will be subject to bit errors such as those caused by
noise during trapsmission, error correction codes are intermixed with the data as shown in Figure 21.
Additional overhead bits may be required, such as frame synchronization bits if the digital signal is intended

for transmission, or database pointers or record keys if the frames are intended for storage. If frame
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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 valuve of the exponents and code words
hit directly by the noise, but also the informaticn needed to determine the length of each variable length code

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

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

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

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

25 When data corruption is not a problem, a preferred structure for formatting a frame of transform blocks
is one which places the exponeats 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

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

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

preferred scheme protects the master and subband exponents with error detection and correction codes, and
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fol | owed puairif11220 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

10 and Weldon, Error-Correcting Codes, Cambridge, Mass: The M.1L.T. Press, 1986, pp. 269-309, 361-362.

Of the 152 bits which may be protected by the code, 150 constitute the master and subband exponent bits
(15 kHz version). The remaining error correction capacity is utilized by providing redundant protection 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

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

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

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

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

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

F. Transmission or Storage
" The formatted frame is now ready for transmission or for storage. Figure 1a illustrates transmission means
110. Transmission media include public dissemination such as broadcasting, internal use such as studio
30 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
35 111 either by receipt of a transmitted signal or retrieved from storage. The process is represented by box 112
in Figure 1b. If the formatted frame of code words was randomized prior to transmission, the formatted frame
is recovered by an inverse randomizing process. Then the frame is split into the component parts of each
transform block: the master exponents, subband exponents, fixed length portion of transform coefficient code
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The adaptive bit allocation routine discussed above is used to process the exponents extracted from the
received signal, and the resuits of this process are used to determine the proper allocation of the adaptive bit
blocks to the transform coefficients. The portion of each transform coefficient whose length equals the
minimum bit length plus any adaptively allocated bits are loaded into a 24-bit word and then shifted to the right

15 a number of times equal to the vaiue of the appropriate subband exponent plus three additional shifts if the

associated master exponent is set to one. This process is represented by box 113 in Figure 1b.

H. Synthesis Filter Bank - Inverse Transform

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

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

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

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

equation 11.
¢k = -C(Nk) for N2 <k < N ®)
30 $x) = S(N-k) for N2 <k <N ()
K-1
i = 13 ew .m{zﬂk("*m)] for0<n <N (10)
Kho K
1 K- N
) = LY s .sin[z,:k(ﬁ_"l)l for0<n<N an
K3 XK

where k = transform coefficient number,
n = signal sampie number,

35 K = number of transform coefficients,
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Figures 14a-14e and 16a-16g illustrate the transform process of the analysis-syathesis filter banks. The

10 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 overiap-add process represented by box 116 in
Figure 1b. The overlap-add process is discussed below.

15

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

20 blocks. Each block is overlapped 100%; 50% by the previous block and 50% by the following block.
Synthesis-window modulation is represented by box 115 in Figure 1b.

Analysis-synthesis window design must consider filter bank performance. Because both windows are used
to modulate the time-domain signal, the total effect upon filter performance is similar to the effect caused by
a single window formed from the product of the two windows. Design of the analysis-synthesis window pair,

25 therefore, is accomplished by designing a suitable product-window representing a point-by-point 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.

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

35 window, and a window derived from finite impuise 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
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computer simulations by identifying the lowest alpha values which have sufficient stopband rejection to keep
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The Kaiser-Bessel window function is

. 2
10 Io[““ 1'(;",5) for0<n<N (12)
W) = = el

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

k=@

15 To satisfy the overlap-add criteria, an apalysis-synthesis product-window WP(n) of length N is derived by
convoiving 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

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

— N-1

Y sk -Wn=k)
WP(n) = i‘i._v__..__ for0<n<N 13)
k
g Wk)
Nov=)
Y Wa-k
WP(n) = 220 for0<n<N (14
Y. Wk

k=0

where n = product-window sample number,
v = number of samples within window overlap interval,
25 N = desired length of the product-window,
W(n) = beginning window function of length v+1,
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10 where WP(n) = derived product-window (see equations 13 and 14),
WA(n) = analysis window,

Fi gui e ﬁ SheetHaﬂ ee“Rjﬁfe showi ng nore detailed logic for an adaptive bit

WS8(n) = synthesis window,
N = length of the product-window, and
A+S=1
15 In the preferred embodiment of an encoder and a decoder according to the present invention, the anaiysis
and synthesis windows have 2 length of 512 samples with a 100% window overlap, or an overlap interval of
256 sampies. 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

resuiting analysis window is seen to be

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

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

_— J. Overlap-Add

An additional requirement is placed upon window design: the analysis and synthesis windows must be
25 designed such that the analysis-synthesis product-window always sums to unity when two adjacent product-
windows are overlapped. This requirement is imposed because an overlap-add process is used to cancel the
time-domain effects of the analysis- and synthesis-window modulation. This process is represented by box 116
in Figure 1b, and illustrated in Figures 16a-16g. Signals y (t) and y(t), recovered from the inverse DCT and
DST respectively, are shown in Figures 16a and 16d. Each signal is grouped into a series of blocks. Each
30 signal block is modulated by the synthesis-window functions shown in Figures 16b and 16e. The resulting
blocks of signals y(t) and ¥,(t) are shown in Fighres 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
35 block k+1 is represented by a sample in each of the two blocks. Following an overlap-add of the two

windowed blocks, the recovered signal sample at time nt is seen to be the sum of the samples from windowed
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10 for all time samples nt within the overlap interval between biock k and block k+1.
It is difficult to work with the product-window as a fuaction of time, so it is desirable to transiate 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 bf 512 sample analysis
and synthesis windows with 100% overlap. Equation 20 represents the overlap of the first half of window WP,
15 and the iast 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, (0 +256) + WP(n) = | for0 € n < 256 (20)
WP(n) + WP, ,(n-256) = 1 for 256 < n < 512 21
20 {WA_(0+256)} + {WA @)} = 1 for0 < n < 256 (22)
{WA (0)}? + {WA,,,(n-256)}* = | for 256 < n < 512 23

where WP (1) = WA(n)- WS (n) = {WA(n)}?%,
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 Qutput
Box 117 in Figure 1b represents a conventional digital-to-analog converter which generates a varying
30 voltage analog signal in response to a digital input. The digital input is obtained from the 16 most significant
bits of the 24-bit integer words produced by the 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.

35 [I. ALTERNATIVE O-TDAC IMPLEMENTATION OF INVENTION
Another embodiment of an encoder and a decoder according to the present invention employs an aiternate
transform referred to herein as Oddiy-Stacked Time-Domain Aliasing Cancellation (O-TDAC). The following
description discusses the differences in implementation between the E-TDAC and O-TDAC transforms.
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a=0

where k = frequency coefficient number,
n = input signal sample number,
N = sample block length,
m = phase term for O-TDAC (see equation 6),
10 x(n) = quantized value of input signai x(t) at sampie 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
{0 = [o for k = N/2 @
where i = signal sample block number, and
C(k) = DCT coefficient (see equation 24).
The computation algorithm used is the Fast Fourier Transform (FFT). Unlike the E-TDAC version, the
20 O-TDAC implementation does not use a single FFT to concurrently transform two signal sample blocks. The

i5

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

25 exp(-jn—:;) (26)

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

X = FFI'[x(n) -exp(-jn%)] @n
= . +l n + -g¥ 4-.1 m 28
CG = R®)-cos|2n(ks2X N)] om sm{Zn(k 2)(N)] 28)

35 where j =+/-1,
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C(k) = DCT coefficient k.

In one embodiment of a one-channel encoder according to the preseat invention, two consecutive overlapped

signal sampie blocks are stored in buffers and transformed together using two FFT processes into a
10 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 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

15 {C1®}s {C2M®)}1, {C1W)}2 {C2W),, - - - 29)
where Cl(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
20 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¢, 232-23d, and 24a-24g. The principal difference is the form
of the alias component. For the first half of the sampled signal block, the alias component is a time reversed
image of the input signal about the one-quarter point of the sample block, but the sign of its amplitude is

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

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

30 B. Nonuniform Quantizer
The nonuniform quantizer for the O-TDAC implementation is identical to that used with the E-TDAC
transform implementation with only a few minor differences due to the fact only DCT blocks are present. In
each block pair, both transform blocks include coefficient C(0), therefore, all subband exponents are shared
by the two blocks. Consequently, there can be no hidden bit and the "minimum” bit length for coefficient C(0)
35 is fixed at nine bits (as opposed to eight bits for E-TDAC). See Table IIL
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 allocaticn limit is only 130 bits.
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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.

Cx) = -C(N-k) for N2 £k < N (30)
K—I
15 i) = _E ¢ - cos[zg(h_)(”*"')] for0 <m <N (31

where k = transform coefficient number,
n = signal sample gumber,
K = number of transform coefficients,
N = sampie block length,
20 m = phase term for E-TDAC (see equation 6),
f:(k) = 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 muitiply process as that used in the forward transform. This process
25 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'(m) = IFFI'[C(I:) 'exp(—ﬂnk-l%_)] for0 <n <N (32)
) = r(n) -cos[ni'llvﬂ] - g(n)-sin 1:-"—;;"1] for0<n <N (33)

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

n = input signal sample number,



t he tTH'@hédﬂHBdB%exﬁR ned bl ock, signal block overl ap-adder 116 which recovers
" g digi atl on of the tinme-donmai n signal, anal og signal
genera1 M aI og signal output 118. A Procesing Hardware The
_ basic chitecture of one enbodi ment of an encoder and a decoder
~according to the present invention is ilk8strated in Figures 2a-2e and
3a-3b. Enpirical studies have shown that conventional integer transform
conput ati ons m5@} =U@';B€FPW€I*(‘6 an accuracy of at |east 20 significant
bits to achi evgy (;frgﬁﬂ,q@x? Pifgtives. A practical inplenentation
e-

of a preferred._.enbodi nent of a_sin channel encoder. enploying either a
44. 1 - 13- kHP 5t recpversd quyaptized. s ®ate, utilizes a 16-bit '

anal 0g- t 0- di SpbieqdentOiiaoidgt bvekidpladding)iahd sighalCobiphiprécksiRg RfideRGeal® thit described above
5 for the E-TDAC impiementation.



t han msnw:nmmw@o quanti ze the input tinme-domain signal. Each 16-bit
digiti sed to formthe 16 nost-significant bits of a 24-bit
wor d wﬂﬂ‘ﬂ subsequent conputations. A Mt orola DSP56001 24-bit
digital processor (DSP) operating at 20.5 MHz with no wait states is
" used to performthe required conputation®%and to control the encode and
decode processes. Static random access nenory (RAM provi des program and
data nenory for the DSP. A 16-bit digi -to-anal og converter (DAC) with a
cycle time of no nore than 20 m croseco i s used to generate an anal og
signal fromthe dec d-digital | . The en har dwar,e. archi tecture,
shown in Figure 2a, Bld%e conpr i &S%@mg | og sig c#'aﬁeﬁbut 20 B pass
filter (LPF) 200A, ADC 201. §b 202, xé’ tati c RA “ﬂ?ﬁ“ erasable ogr amrabl e
read-only nenory (EPROM 204, and encoded serial -signal output 206. LPF
200A (a | owpass fi whi ¢ not Wn in Figyhre 1a) i ng the i nput
signal is bandw dt th?ﬁ’loted Iﬁ 201 gpgl tizes (s%rrpl es and gt?stl zes) the
i ncom ng signal into a seri aIE ream of 16-bit. woyds. DSP 28 recei ves and
buffers the serial stream of ggpgitized sanples. gfoups the sanples into

bl ocks, perforns the cal cul agkpfs required to trapsformthe bl ocks into the
frequency domai n, encodes thegxbs ansform coefficienits, formats the code

words into a data stream angxpgansmts the 6
EXP7 7
EXP8 8
EXP9 9
EXP10 10
EXPi1 1
EXP12 12
EXP13 13-14 4 bits
EXP14 15-16
EXPI1S 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 3 bits
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(C). 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 Coefficieats for 15 kHz E-TDAC Coder



nc oih@Pheet Hasdteeri Replacedh serial data path 206. The progranmm ng and data work
- qrea re stored in two 24 kil obyte (KB) banks of static RAM
203 zed-into two sets of 8.192 24-bit words. The DSP
requires tast-access-time program menory ich can be inplenented nore
cheaply in RAMthan it can be in progra ble ROM Consequently, EPROM 204

stores programm ngﬁ‘?nd static dg % ln a conpr %ﬁd format i.ch the DSP

unpacks into a usa Formiato vvhen t oder ;‘P’F‘gt power ed
on., Figures 2b and 28 provi @& nore 5@ P i nt er M2 Figure 2b

shows the_serial - comuni cation int erface for DSP_202, ADC 201, and seri al
data path 206. Tim ng generator 202A generates the receive cl ock
frame-synchroni zation. and tggagsidd36SORK etk WRL Se ipfﬁztégge,e@ i Line SCO
clocks a serial-bit stream of Igitized I nput signal sanples ong | i ne SRD
from ADC 201 into [ffkp302. Line SCl provides the frame- synchronization
signal to the ADC and the DSkkpshi ch gggks the hefigani ng of gagh 16-bit

word: Line SCK clocks a serigtpspit stream of thgggigcoded signal along line
STD fromthe DSP to serial dggmopath 206. Fi gurgr.23 shows the nenory
addressing interface. Menory for the Mdtorola DSPS6001 is divided into
three segnents: program X data, and Y data. One bank of RAM which

cont ai ns program nenory, is

Table I
Frequency Coefficients for 20 kHz E-TDAC Coder

Master Subband Coefficient Minimum
Exp Exp Exp Ln Numbers Bit Ln
MEXPO0 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 III
Frequency Coefficients for the O-TDAC Coder



sel eﬁt%g enever the DSP brings line PS |ow A second bank contains data
1S de

menor
bet we
XY |lo

Y data nmenory by raising line XY high or bringing |ine

E‘i’m"ﬁ tedct ed whenever line DS is brought |ow. The DSP sel ects
y. X data and Y data nmenory are mapped into separate

address spaces by attaching line XY to dddress line Al2. Theref 2664 EP
words (4096 or 1000[err] 24-bit words)_ of_ Y data nenory are napped into
wor d addresses 0000-OFFF[err] 4 K wor ddAMSy at a menory are napped into
wor d addresses 1000[err],1-FFF[err], and program nenory resides in its own

space of
Pr ogr ant
| nverter
state of
t he chi

8 K AWPdnEiSier BOEHP m‘gﬁ%\m{\%@ AIEEE S5 AGb4E A o8 atidio thforbdis ' chmprising

data RAM 203 and 204 are. mapcﬁed Into Separate address spaces.
205C Beprsfoisappipe aebquagizing said widghandaoalogaydiodpfomptign\intg tims demsie signab
addmprvidkikspe Al5. Wen DSP 202 sets Al5 high. inverter 205C sets

sel ecte -\?\ﬁlaﬁm s%?‘?%%%i%%%%h?g?gg@ %ﬂn"}e’g’y\f\%ﬂgﬁg} EPR%/IWe.‘% 61"t Ihz

CS lines

10

15

20

30

of R/Aai3(Gr genafating frequency-domain transform blocks, each transform block comprising a set of
frequency-domain transform coefficients generated in response to an analysis-window weighted time-domain
signal sample block, said means comprising means for applying a discrete transform function to each of
said analysis-window weighted time-domain signal sample blocks,
nonuniform subband quantizer means for quantizing each frequency-domain transform coefficient, said
quantizer means including means for grouping the transform coefficients into subbands, means for
adaptively allocating bits, and means for generating a code word for each transform coefficient, said
quantizer means allocating a fixed number of bits to at least the lowest frequency transform coefficient code
words, 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 code words, other than said at least lowest frequency
transform coefficient code words to which a fixed number of bits are allocated, comprise a fixed number of

bits and an adaptive number of bits.

3. An encoder according to claims 1 or 2 furtber comprising means for storing pairs of adjacent time-
domain signal sample blocks and for generating frequency-domain transform-block pairs, wherein each of said
frequency-domain transform-block pairs comprise said frequency-domain transform coefficients generated in
response to each of said pairs of adjacent signal sample blocks, said nonuniform subband quantizer means
including means for representing the frequency-domain transform coefficients in block-floating-point form
comprising a mantissa associated with an exponent, a single exponent being shared by pairs of subbands, one

subband from each frequency-domain transform block in each of said frequency-domain transform-block pairs.

4. An encoder according to claims 1 or 2 wherein said nopuniform subband quantizer means further
includes means for representing the frequency-domain transform coefficients in block-floating-point form
comprising a mantissa associated with an exponent, and for normalizing at least some mantissas such that the
most significant data bit of positive nonzero mantissas is nonzero and the most significant data bit of negative-
valued mantissas is zero, whereby the sign bit and the most significant data bit in a normalized mantissa are
of opposite value, said nonuniform subband quantizer means dropping the superfluous sign bit for subbands

represented by a single frequency-domain transform coefficient and a unique exponent.

5. An encoder according to claims 1 or 2 wherein said wideband analog audio information represents two

L




-14-° EE.EﬁJg{ sBidRepifdd Y static RAM 203 is selected when CS is high. The
A SR

decoder tecture, shown in Figure 2d. is conprised of encoded
serial - ﬁ“! QFE th 207, DSP 208, static RAM 209, EPROM 210. DAC 212,
LPF 213A i gnal output 213. DSP 208 receives and buffers the

encoded signal, deformats the signal int% the encoded transf or nP0/26266A EP
coefficients, perforns the calculations required to transformthe

coef fi ci efhprnels of gudiq,@pyt; 3nd wWherein said agpugifera sebhand quantiesr tpeatst is alsp fes grouping said

O 01 8l S e 1t pl g ot o o S Py wa T of
igital sanples, ransmts the di al sanples in.a serjal-bit stream

0 DA 219 bRk A TG SRaE (Heccd P oAl SO AT bR ekt ot

two 24 KBfubtbenlugluding Sieds ifer réppdsentind saidhtrapiformScoeificiaaBi i bidck-fluatingtpoint fofh SoniphrisiBg 192

24-bi t . I . [ f I LN n

ctati o Sou aipl kebled Uil it ApdiBn, Jilc SOURAASRE o0 iy S AL Y o,

decoder i eclf irangfornpblogkrie ehch of sada@nsform-bipskipairat es an anal og si gnal

corresponding to the serial-data streamreceived fromthe DSP. LPF 213A (a’

| ow-pass fi ktﬁ ﬁecmlr E)p thie %igﬂ?}&digngﬁl\:@duci:tgn of wideband analog audio information from a coded signal
including information digitally encoded by a transform encoder that generates code words in response to
quantized input signal samples weighted by analysis window means, said code words corresponding to
10 nonuniformiy quantized transform coefficients, comprising
deformatting means receiving said coded signal for deriving code words from said coded signal,
linearization means, including adaptive bit allocation means, for reconstructing frequency-domain
transform coefficients using the deformatted code words, said linearization means allocating from a set of
bits used to represent said code words a fixed number of bits to at least the lowest frequency reconstructed
15 frequency-domain transform coefficients,
means for generating time-domain signal sampie blocks in response to said reconstructed frequency-
domain transform coefficients, said means comprising means for applying an inverse discrete transform
function to the reconstructed frequency-domain transform coefficients,
synthesis window means for weighting the time-domain signal sample blocks by a synthesis window,
20 signal block overlap-add means for cancelling window weighting effects to recover a digitized
representation of the analog audio information, and

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

7. A decoder according to claim 6 wherein said code words, other than said at least lowest frequency
-_ transform coefficient code words to which a fixed number of bits are allocated, comprise a fixed number of
25 bits and an adaptive number of bits.

8. A decoder according to claims 6 or 7 wherein the nonuniformly quantized transform coefficients are
expressed in block-floating-point form comprising a mantissa associated with an exponent, said linearization
means further comprising means for reconstructing pairs of frequency-domain transform coefficients from pairs

of mantissas sharing an exponent.

30 9. A decoder according to claim 8 wherein said means for generating time-domain signal sample blocks
generates a pair of blocks in response to said reconstructed frequency-domain transform coefficients, said pair

of blocks representing adjacent blocks of quantized input samples from one channel of audio information.

10. A decoder according to claim 8, wherein said coded signal represents two channels of audio

information, each transform coefficient in said reconstructed pairs of frequency-domain transform coefficients



Fi gur e | b)rhis BeetrHas Besn Gagdcedut put 213 is free of.- any spurious high-frequency
conponent s encode/ decode process. Figure 2e shows the
serial-co rface for DSP 208, serial-signal input path 207,

|

and DAC 212. mng generator 208A, using a phase-locked loop circuit to
" extract a tining reference fromthe encoed serial-bit input sidlap266AEP

generates the r.eceive cJock frane-synchronizatioon.and transmit cloc )
Ional s 1 emusiiee S @b hundsbudd Moo “Brrof miintnt o Son i dopunio
al ong | i neigRBnipietblocB3YeneR B3 paiksi afl ®lo8Clp ©éposk & said seesrstlcteld ipdirs3if raffivients, dadhoof
decoded diggi Ld; biSd lesﬁ I . glgf o %stg-gﬁv g F

Li ne SC2 pro%‘égg ak'?r m-sgncbﬁ’?%%@g!?#gn&gfgn fo'Eoo the fDAC aJn g‘%ﬁ%’giﬁSP
whi ch mar doméonhegi nni ng of each 16-bit word. The interface between DSP
208 and the nenory-address bus is inplenented in the same nmanner as that

Foqu r oo 1L pAv7 gbler MASARERARRE: 6 BPPuld el (8GOl o ERES o SRR Shen
Fi gur e 3abitfosany oftsaid freseastrintad, freaueneyivommaransiorm pefficiemtnispmented indyinsk-foating-peinty

manner  si RidpRbmbriting AaAbmiBSE Hahlth AP asiRiedwR e SRABRE! encoder. Tini ng
generator 202A provides an additional signal to line SC2 of the DSP

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

according to any of claims 1-5 and a decoder according to any of claims 6-11.

10 13. An encoding method for the high-quality digital encoding of wideband analog audio information,
comprising
sampling and quantizing said wideband analog audio information into time-domain signal sample
blocks,
weighting each time-domain signal sample block with an analysis window,

15 generating frequency-domain transform blocks by applying a discrete transform function to each of said
analysis-window weighted time-domain signal sample blocks, each transform block comprising a set of
frequency-domain transform coefficients generated in response to an analysis-window weighted time-domain
signal sample block,

nonuniformly quantizing each frequency-domain transform coefficient, said quantizing including

20 grouping the transform coefficients into subbands, adaptively allocating bits, and generating a code word
for each transform coefficient, said quantizing allocating a fixed number of bits to at least the lowest
frequency transform coefficient code words, and

assembling digital information including said code words into a digital output having a format suitable

for transmission or storage.

25 14. An encoding method according to claim 13 wherein said code words, other than said at least lowest
frequency transform coefficient code words to which a fixed number of bits are allocated, comprise a fixed
number of bits and an adaptive number of bits.

15. An encoding method according to claims 13 or 14 further comprising storing pairs of adjacent time-
domain signal sample blocks and generating frequency-domain transform-block pairs, wherein each of said

30 frequency-domain transform-block pairs comprise said frequency-domain transform coefficients generated in
response to each of said pairs of adjacent signal sampie blocks, said nonuniform quantizing including
representing the frequency-domain transform coefficients in block-floating-point form comprising a mantissa
associated with an exponent, a single exponent being shared by pairs of subbands, one subband from each

frequency-domain transform block in each of said frequency-domain transform-block pairs.

A




at o SheﬁtHaStBealR ta@dof the frame-synchronization signal to control

mul ti I ndicate to the DSP which of the two ADC is currently
sendi at a. The two-channel decoder requires DAC 212A and 212B.
and LPF 21 A an 3B. connected as shown |n Figure 3b. The int erfac

bet ween the DSP and DAC corrponents oper a in a manner sinilar 98° ﬁ’éf‘?

d bed f h T 208A d
an addi t1 ondf- 51 R BRI EOGEE R LS i e AP Aende o BYrERE
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har dwar e ecture may be no exarrp . one orola 6001
oper at i ng s#f tmosfaprpblagk tmmmmﬁngs?"at‘éswéa‘rmlméﬁeﬂﬁ soopgifgrn umtidne Bitbesder

or dec Ochi‘rrecfteéﬁdhé daRNAhsfFAVoIRYenin BIGH okt RE poilt idrinREiprishp 8 GladstaaGekidia viag €

may be use erformcerta| functlons such as wi ndow mydul ati on or the
Fast Four i*8onepp éﬁ'§¥ g, pxppnepibeing Shﬂ?% Yehirs of subbends, qus spibard Sy cachftanshormiblagk w5eht e

in a cust emastesagaarblbcktpaigs at ed circuit. Many ot her possible
i npl ementations will be obvious to one skilled in the art.

17. An encoding method according to claims 13 or 14 wherein said nopuniform quantizing further includes
representing the frequency-domain transform coefficients in block-floating-point form comprising a mantissa

10 associated with an exponent, and normalizing at least some mantissas such that the most significant data bit
of positive nonzero mantissas is nonzero and the most significant data bit of negative-valued mantissas is zero,
whereby the sign bit and the most significant data bit in a normalized mantissa are of opposite value, said
nonuniform quantizing dropping the superfluous sign bit for subbands represented by a single frequency-domain

transform coefficient and a unique exponent.

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

deriving code words from said coded signal,

20 linearizing, including adaptive bit allocating, to reconstruct frequency-domain transform coefficients
using the deformatted code words, said linearizing allocating from a set of bits used to represent said code
words a fixed number of bits to at least the lowest frequency reconstructed frequency-domain transform
coefficients,

—_— generating time-domain signal sample blocks in response to said reconstructed frequency-domain

25 transform coefficients by applying an inverse discrete transform function to the reconstructed frequency-
domain transform coefficients,

weighting the time-domain signal sample blocks by a synthesis window,
overlap-adding to cancel window weighting effects to recover a digitized representation of the analog
audio information, and

30 converting said digitized representation to analog form.

19. A decoding method according to claim 18 wherein said code words, other than said at least lowest
frequency transform coefficient code words to which a fixed number of bits are allocated, comprise a fixed

number of bits and an adaptive number of bits.

20. A decoding method according to claims 18 or 19 wherein the nonuniformly quantized transform

35 coefficients are expressed in block-floating-point form comprising a mantissa associated thh an exponent, saul
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B. d ng and Wndowi ng I n one enbodi nent of an encoder
apcor sent invention, signal sanpler and quantizer 101 is an
anal o nverter which quantizes the input signal into 16 bits

~whi ch are subsequently padded on the right with 8 zero bits to f{o
24-bit integer representation. Al subséﬁuent transform cal cul a??’%ﬁ?éa}ﬁ%
perforned.in.24- i nteger arithpeti.c. The an t signal shoul.d be
PEr Ced | TP der < Pts mpamoe s of by dynih Shatra e g e o
coder). Tinamissamshadi@ anexponeat.i shed by a Iow pass filter not shown in Figure
la. A nusic signal with at |east Conpact Disc (CD) quality has, in addition

to other qualities dwi dt, n, ex of 15 k From t he ui

t heorem i tﬂ & derodine T‘ﬁg‘{‘]’ %ﬁf‘%‘aﬁﬁmﬁ ‘h‘é’f"@ﬁg‘fz' l %88?"&*5 %o

| ess t hanged&atkthin resppasaqib caid aicensﬁﬁcteaérre&uelﬂyaiom clastoen cfaefﬁcnme saidYpaic] bfvelodks Of

an encoger accordln ”3 nﬁ@ﬁm |nv ntlon chauaﬁ this.rate is used in
|ce

CD applicati o'r‘f'snga suc msa g’ PhEHEh I information.

22. A decoding method according to claim 20, said coded signal representing two channels of audio
information, each transform coefficient in said reconstructed pairs of frequency-domain transform coefficients
representing one of said two channels of audio information, wherein a pair of time-domain signal sample blocks
is generated in response to said reconstructed coefficients, each of said pairs of blocks representing a block

10 of quantized input samples from each of said two channels of audio information.

23. A decoding method according to claims 18 or 19 wherein said linearizing reconstructs any missing sign
bit for any of said reconstructed frequency-domain transform coefficients represented in block-floating-point

form comprising a normalized mantissa uniquely associated with an exponent.

24. A method for the high-quality processing of wideband analog audio information comprising an encoding
15 method according to any of claims 13-17 and a decoding method according to any of claims 18-23.
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neceéssary to use an encoder according to the 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.)

O her sanpling rates, such as 48 kHz which is a rate common to many

prof essi onal audi o applications, may be utilized. If an alternate rate is
chosen, the frequency separation between adjacent transform coefficients
will be altered and the nunber of coefficients required to represent the
desired si 3pstirabim b Rig. Idie full effect that a coaMigesémEr
sanpling rate Wil | have upon the i mpl enent ati on of an encoder according to
the present invention will be apparent to one skilled in the art. Assum ng
the input signal is not a conplex one, i.e., all imaginary conponents are
zero, a frequency- domain transformof a 512 sanple bl ock produces at nost
256 uni que nonzero transformcoefficients. Hence, the encoder and decoder
structur@s shown in Fi gu% BIZ BATE TRANSEORM,(ORER, -DHEGOPEB AN | oquency bi ns.

In this inplementation, tgRcdoERgPECHDRR OforeAIER-DoALITS Aupael to 86.1 Hz (or
44.1 kHz/512). (For sone discrete transformbin O, the DC or zero frequency
conmponent. has a bandw dth equal to half of this anpbunt.) Only coefficients
0-182 are used to pass a 15.6 kHz signal. (Coefficients 0-233 are used in a

20 kHz vesion tOA a:‘:sa%sform encoder /decoder system employs a discrete transform,

10 adaptive transform coefficient quantization, and adaptive bit allocation
to encocde high~gquality music including broadcast and compacﬁ disc applica-
tions at low bit rates (128 kBits per second). A fixed number of bits is
allocated to low-frequency transform coefficients to reduce and/or elimi-
nate low-frequency artifacts. Other transform coefficients are nonuni-

15 formly quantized by assigning a fixed number of bits and a variable number
of bits determined adaptively based on psychoacoustic masking. A technique
is described for assigning the fixed bit and adaptive bit allocations. The
transmission of side information regarding adaptively allocated bits is

not required.
20
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a 20.1 kHz signal.) The additional high-frequency coefficients above the

" input signal bandwi dth are used to mininmze the adverse effects of

guanti zing erros upon aliasing cancellation within the design bandw dth.

.Note that it is assuned the input sig;al is band-limted to 15 kHz (or 20
kHz) and the final output signal is alfgggband-limted to reJ

al i asi ng passed in the highest coeffi c/iéeﬁ)s. Unl ess the sanpl é/‘félg%ﬁ'?sﬁ

nodi fied, a discrete transformw || erroneously create nonexi stent spectral

conmponent s because the transform assunmes 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 nay be snoothed to mnimze this effect. Figures 6a through

6d illustrate how a bl ock jg [nodified or weighted such that the sanples

near the block edges are c e to zero. The nultiplier circuit shown in

Figure 6a modul ates the sanptjed input signal x(t) shown in Figure 6b by the

wei ghti ng functlong§ igure 6¢.u¥he resultant sigpal is shown in
Figure 6d. This procgss is represente by box 103 in Figure la. This

wei ghting function. ¢alled an anal ysi ;—‘_vm ndow, is a sanpletby-sanple
&k, and has been _fhk subject of

mul tiplication of th, AMaTa sanpl e
consi der abl e st udy--begatsg.-ijts_dhapel hds profound af feefs qn digital
filter performancle sge flo < Bl J <
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_exanpe, Harris, "On the Use of Wndows for Harnmonic Analysis with the
Di screte Fourer Transform "Proe | EEE. vol. 66. 1978, pp. 51-83.
Briefly, a good wi ndow'increases the steepnes of transition band rollofffor
.a given | evel of depth of stophand ng:getion. and permts correction of its
nodul ati on effects by overl appi ng and™addi ng adj acent bl ocks. W ndow desi gn
is discussed belowin nore detail. C Analysis Falter Bank - Forward
Transform A discrete transforminplenments digial filter bank 104 shown in
Figure la. Filtering is performed by converting the time-donmain signa
sanpl e blocks into a set of tine varying spectral coefficients, Any one of
several tansformtechniques nay be used to inplenent the filter bank. The
transformtechni que used in one enbodi nrent of an encoder and a decoder

according to the present invention was first described in Princen apd
Bank Desi gn Based on Tine Donaia

Bradl ey, "Analysis/Synthesis Filter
Ali asi ng Cancel l ation," | EEE Trans. o
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. on Acous. Sneech. Signal Proc.. vol.

ASSP- 34, 1986, pp. 1153-1161. This

technique is the tinme-domain equival ent of an evenly-stacked critically
sanpl ed si ngl e-si deband anal ysi s-synthesis system This transformis
referred to herein as Eveny-Stacked runme-Domain Aliasing Cancellation

( E- TDAC) .

enbodi nent of an encoder and a decoder according to the present
and Bradl ey,

The technique is described in Princen.
"Subband/ Transf orm Codi ng Using Filter
Al'i sing Cancel lation," | CASSP&1987 Conf.

Johnson,

An alternative formof the TDE¢ransform may be used in another

i nventi on.

Bank Desi gns Based on Ti ne Domain

Proc. May 1987.

pp. 2161-64. This

alternate transforn1|s the ti &-domain equi val ent of an oddly- st acked

o
A>3

s-addband ana

critically sanpl edrstet
referred to herein

ysi s-synt hesi s sy
~Domai n Al i asi ng

m It is
cellation

(0-TDAC). An enbod a decoder_accorfling to the
present invention img thedGeTDAC transfb i s dijscusseg after the)E-TDAC
enbodi nent has beep |félly seibed. E-TDORR utilides a t@ansform fuhedi on
which is equival ent ge8alterngte appl |Fation dia néglfled Di scfgke
Cosi ne Transform (DCT “A-a- l Diptrete Si "Transf&lﬁgsTNThe

DCT, shown in equationdg{ and tfuh In] Shown in qu tion z%gi:rfj
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_[err] where k = frequency coefficient nunber, n = input signal sanple
nanmber. N = sanple block length, m= phase termfor E-TDAC. x(n) =

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

.-and S(k)= DST coefficient k. The E-TDAC transformalternately produces one
of two sets of spectral coefficients or 41/r$.nsform bl ocks for each signal
sanpl e bl ock. These transform bl ocks are 5 the form

208
4 pep 25
PAC PF —d
fZO?
RAM
EPROM
N7I0 F16...2d
TMING  |20BA
GENERATOR
208 ~
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g 5CK s
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:-17- [err] where i = signal sanple block nunber, C(k) = DCT coefficient
(See equation 1), and S(k) = DST coefficient (see equation 2). The
conputation algorithmused is the Fast Fourier Transform (FFT). See Cool ey
-and Tukey, "An Algorithmfor the Machine Cal cul ati on of Conpl ex Fourier
Series." Math. Conput. vol. 19, 1965, pps2¥-301. A single FFT can be used
to performthe DCT and DST sinultaneously by defining themrespectively as
the real and inmagi nary conponents of a single conplex transform This
techni que exploits the fact the FFT is a conplex transform yet both input
signal sanple bl ocks consist only of real -valued sanples. By factoring
these transforns into the product of one FF1l and an array of conpl ex
constants, the DCT coefficients emerge fon@ghf transformas the set of
val ues and the DST coefficients are repres&§ted by the set of inmaginary
val ues. Therefore the,DCT of one srgmat aaﬂﬁha bl ock can be concurrently
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. the DST of another signal sanple block by only one FFT foll owed by conpl ex
array nultiplication 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 The Fast Founer Transform Englewod Ciffs, NJ:
Prentice-Hall. Inc., 1974. Additional inféyestion regarding the concurrent
cal cul ation of the nDdified DCT and DST for the E-TDAC transform may be
found in Lookabaugh, "Variable Rate and Adaptive Frequency Domai n Vect or
Quanti zation of Speech,” Stanford, CA: Stanford University, PhD Thesis,
June, 1988. In one enbodi ment of a one-channel encoder according to the
present invention, two adjacent signal sanple blocks are stored in buffers
and transforned together into a DCT/DST blgock pairg The block pair is
subsequent |y quantized and fornmatted r tiransx sqion or storage. In

t wo- channel systens, concurrent proc in
processing a signal sanple block from\g
is generated for one channel, and a DST] QLO k i $ genprated for the second
channel . The coded bl ocks for a given c
DST (see

] g
s o
Ng RN
</
iimpP
<
[ =]
>
ol
-
v
g o &
25 S |
=g RN G
F’dg caus:;J G:
o
S ¥ o3 o
N XRE =
)
Vo
2

This Sheet Has Been Replac

RHEN i



_exprsion 5),
channel ' s bl ocks.
and formatted together.

wi ndows,

an alternating sequence of cosine and si
{C(k)}[err].

bl ock represents one tine-domain signa

{Ck)}]lerr]. {S(k)}[err].

in Figures 1l4a-14e,

and are always of the opposite type fromthat of the other

A pair of bl ocks,
Princen showed that with the proper phase conponent

m (see equation 6) and a carefully designed pair of analysis-synthesis
t he E- TDAC techni que can accura

one for each channel, are transforned

|y recover an input signal from
'?fgstyransform bl ocks of the form
{S(k)}[err]... where each transform
sanpl e bl ock. This process is shown
it may

and 16a-16g. Referring to Figure 1l4a,
One set of

signal x(t) is grouped into bl ocks.
dow function W shown in Figure 14b, produces

e 14d.

| 5a- 15d,
be seen that quantized |Rar
bl ocks, nodul ated by the

signal x,(t) shown in Figur
: |
l
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_Signal x[err](t) is input to the DCT. Another set of blocks of the sanpled
i aput signal x(t), which overlap the first set by one-half block |ength,
are wi ndowed by wi ndow'function W shown in Figure 14c (which w ndow
.function is identical to W but shifted in tine by one-half block |ength)
produci ng signal x[err](t) shown in Fi @igg 14e and subsequently passed to
the DST. Using only the alternate DCT and DST transform bl ocks results in a
| oss 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 cancell ed by choosing the appropriate phase termm for
equations 1 and 2, applying the forward trangformto over | apped ti me-donain
signal sanple bl ocks. and by overl appi ng anq addi ng adj acent tine-donmain
signal sanpl e blocks recovered by the inverge transform The phase termm
in equations 1 and 2 controls the phase shif§ of the tine-domain aliasing
distortion. Figures 15a-15d and 16a-16g |I4ustrate this distortion. Signal
y[err](t), recovered fromthe inverse D l&>shown in Figure |5a. Figure
15b illustrates that the recovered signa SHPO of two components the
original wi ndowed signal (solid |ine),<afre—§ j [ [ [
(dotted line). Figures 15c and 15d il ktstrta
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. Ssimlar information for signal

cancel

ti me-domai n signal,

ylerr](t) recovered fromthe inverse DST. To
this alias distortion and accurately recover the original
E- TDAC requires the aliasing to be as follows. For the

FIG_7.

.DCT, the tine-domain alias conponent &pgists of the first half of the
sanpl ed signal reversed in tinme about the one- quarter poi nt of the sanple
bl ock. and the second half of the sanpled si gnal rever sed |n time about the
t hree- quarter poi hiREPEAT onponent
is simla to that|for t g? b@bﬁ"%‘é" 4%’ gt’édlyygn See
Fi gures 15b and 1pd. ThéEbmaPse—t QEFTTin@HEITﬁe!’o RMALI (Ca”‘36| latjon is
[err] where N = spnpl e Hi d¥% 1 dBgT#EN E- TDAC al so requi r®kapplichtion of a
pair of carefully NAjj <= t hesi ws to overl apped si gnal
sanpl e bl ocks. The'si g%ﬁ%gg‘%# gﬁé‘g& ROK D1 apl i.e., 50%
of a given block fis ov F’& 'g”d 0% of] the same
bl ock is overlapged by tfhcm \QV\L_ Mg i |l usyppte the
over |l appi ng of si gnal sanpl E‘DI d the resul ting cancellatijon of alias

REPEAT_FOR ALL suvbAn% 58
IF NAj < NB; THEN
SET WDDAND EXPONENT EXP, ~ NA,
SET SUBBAND EXPONENT EXP; - NB;
FOR sumnw 5By T0 5B
FINp Syt h?uw&w EXPONENT Xy
Mm
T ME)\? ~
ELSE JET EXP, FOR 5UBBANV§ - EAP; > oza
SET MEXPO — 0
IF ANY EXP; > 15 THEN SET EXP; ~= 19
FOR 5SUBBANDS 4p 0 5B
FIND 5MALL€Zr suaf?kno EXPONENT X
5EY ME.XFI - |
ELsg JCT EXR FOR SUBBANDS — EXP, -3 L-T10Lb
S5ET MEXP! ~ 0
FANY EXP, > 15 THEN SET &XP, — 15
o REPEAT FOR ALL SUBBANDS 5B
REPEAT FOR ALL COEFFICIENTS C IN 5B ~105
LOOKUP MINIMUM BT LENGTH MINLEN(C)
PO ADAPTIVE BIT ALLOCATION: 9ET AG) FOR ALL 5, —~ 104
REPEAT_FOR ALL SUBBANDS 5
REFEM;H'F%@ GLL COEFFIQENTS C N 5B;
T0 LEFT EXR + 3-MEXP TIME.') -
SET C LENGTH —- MINLEN(Q) + A(1) 107
KOUND AND TRUNCATE C TO LENGTH
*THE 20 knz CODER USES SUBBANDS 55\9 10 3559. B
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_distortion. Signals y(t) and y[err](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 16e, to

. produce signals y[err](t) and Y,(t) shown in Figures 16¢c and 16f. Wen the
over | apped bl ocks of these w ndowed ¥@fwal s are added, the alias conponents
are cancelled and the resulting signal y(t) shown in Figure 16g is an
accurate reconstructy the original input signal x(t). Wndow design
and overl ap-add used 3BFi Nd tRAEMEMUS MG /( Pree PSS 15 in
nmore detail. It is gé‘f LL&tSTt DUBD WnB(PONEMIOﬁ(H@e that omitting]half
t he transform bl ocks w% AIL q@ﬂﬁ t Sthate, but the 100% w ndow

overlap required forf E-TD ng Si ﬁtthe5| s doubl es the reqi@ed
bit rate. Consequentjl E a ffiect upon the requirg¢d bit
rate. -19- | y 26 5%1‘- R =o" |

510P WHEN, ALL_ATLGCABLE Bl _
REPEAT FOR ALL 5usﬁﬁfn};’ £ ALLOCATED

iF M) = 4 THEN A —— i
KEFEAT FOR ))ALL 513 55?1922%51\('; AG)+l
> -
xerm\rrarz AL gu%%%‘ SE%B‘A(' AGi)+l 80
REFENT FOR ALL 5U8BANDS 58 6 = A+
MG) 2 1 THEN 5ET AG) = AG)+l

STOP WHEN ALL ATLOCABLE BITS ARE
REPEA] FOR ALL SUBBANDS 56 ALOCATED

E 1 s A(i —
REPE‘\T roa A )MB 20 THENbsET A() AG)+]

< AG) = 3 THEN SET - AGi)+] 0L
REPEAT FoR AL SUSBANGE Lo A — A+

IF A() = 3 THEN SET A(u) ~ A(i)+!

REPEAT UNTIL ALL ALL
TEFT REFEAT FOR sua% (Do o B 7, RE ALLOCATED

F{AG), (.+|)} ={0, 4] THEN

SET A
STEPZ REPEAT FOR 5UBBANDS ss T0 5Bt
¥ {A(E)T QEH\')} = {4 0} THEN —~ 307
— STEP3 REPEAT 4 TMES
REPEAT FOR ALL 5SUBBANDS SET IN SIEF]
REPEAT ok AL UBSAYS SET IN
IN 5T
SET AG) == A(i)+] et

" THE 20 kHz CODER USES SUBBANDS b1 0 5B,
* FOR D5T BLOCKS, THE LOWER LIMIT 19 5UﬂDANO 56;.

FIG_8
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. D. Nouniform Quantization Each transform coefficient derived fromfilter
bank 104 is encoded and grouped into subbands by nonuniform quanti zer 108.
(Tables I and Il show t'he assignnent of transformcoefficients to

- subbands.) The nonuni form quanti zer is conposed of

bl ock-fl oati ng- poi nt encoder 105, adaptﬁvﬁ bit allocator 106, and uniform
quanti zer 107 shown in Figure la. Quan ftion is performed for transform
bl ock pairs: either two adjacent blocks in a one-channel system or one

bl ock from each channel of a two-channel system As depicted in Figure 7,
nonuni f orm quanti zation is conprised of five major sections: (1)

cal cul ati ng subband exponents. (2) determ ning the master exponents, (3)
initially setting the bit Iength of each coefficient code word as a
function of the coefficient's frequency, (4) adaptively allocating
additional bits to specific code words, and (5) rounding and truncating the
code word according to the bit Iength conputed fromthe sumof the adaptlve

bit allocations and € [ o bit—eRgt n.the coefficient's
frequency. Floating-ppeigt regresertafidgn ¢of | Sy | quant|tijesfi [T
known in the art of gita\ dath rroue55|19' LT1S T ERrE

HHhap— sisi-pl & wilt hi“imCeper]y
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float i ng- poi nt nunber

I s conposed of a mantissa and an exponent.

In a

preferred enbodi nent of an encoder and a decoder according to the present

i nventi on,

the mantissa is a signed integer-valued expression expressed in

.two's corrpl enent form The correspondi nfg/gxponent is an unsigned val ue

equal

to the power of two of the multiplier

required to convert the

manti ssa (either QofFrgt+Eea—oi—ghRap thet Ll alue of the
represented numerichl jqupntlity. {Th n fcar
[err] where F = the|vdlufg of {hd T ImbieT,
I nt eger - val ued mant |-sqa-{tand—kE——¢
exanpl e, an exponenf_qaf ffrjeeli ndi yal ue
nunber is obtained py |nu|{ilpl ¥ing - VRl yed] mgnt
This is equiyal ent eishliiiing-g tatipn
three pl aces%o t% rijght %} |
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. A positive nonzero mantissa is said to be normalized when its nost
si-gnificant data bit is nonzero. A negative-valued mantissa is normalized
when its nost significant data bit is zero. A normalized nmantissa insures
.the greatest nunber of significant bits for the nunerical quantity is
contained within the mantissa's |imtgg bit |ength. Block-floating-point
representation is also well known in t art and is used to represent a set
of floating- point nunbers with fewer bits than is possible with
conventional floating-point representation. This techni que uses one
exponent for a group of mantissas Sonme mantissas in the group may not be
normal i zed. The mantissa for the quantity with the largest nagnitude in the
group will be normalized provided it is not too snmall. i.e., the exponent
is incapabl e of expressing the nultiplier required for normalization.
Whet her the manti ssas are normalized or not. however, the exponent always
represents the nunber of tines each integer- valued mantissa in the group
nmust be shifted to the w ght to obtain the true value of the floating-point

quantity.
0

h o o o

-50

MASKING (4B)

-100

] 5 0
FREQUENCY (KHz)

— FIG_/2,
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.-20- 1. Subband Exponents The bl ock-fl oati ng-point encoder conprises
sections one and two of the nonuniform quantizer. The functions perforned
by the first section are shown in box 701 of Figure 7. This section
«calctilates the subband exponents for each of several subband frequency
coefficients. The subbands are shown i #¥fapl e |. The procedure is conprised
of three steps. The first step finds the |argest transformcoefficient in
each subband wi thin one transform bl ock and determ nes the number of |eft
shifts required to normalize these |argest 24-bit coefficients. The second
step determ nes corresponding shift values for a second transform bl ock.
The third step conpares the shift value for each subband in the first
trnsformblock with the correspondi ng subband's shift value in the second
transform bl ock, selects the smaller of the two, and saves®t as the
exponent for the appropriate subband in both bl ocks. The exgponents are
shared by the coefficient manti ssas in each transmorn1bloc

bv 4
+Q
o~

-+ MASKING AT *
——— ALLOCATION A
= ===~ ALLOCATION B
— - — ALLOCATION ¢

FREQUENCY (H2)

200
FIG_/3

[40]

-1004-
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z2. Master Exponent The second section of the nonuniform quantizer

determ nes the value of a one-bit nmaster exponent for each of two subband
groups. The naster exponent is used to expand the dynam c range of the
-coder. Referring to Table I, it may be seen that nmaster exponent MEXPO
represents the | ow frequency subbands 2250 hr ough ei ghteen. Master
exponent MEXPI represents high frequency ‘'Subbands ni neteen through thirty
six. (For a 20 kHz coder, three additional subbands are required as shown
in Table Il1.) 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. Wien a nmaster exponent is set to one, it
indicates that all coded coefficients within all subbands in the group are
shifted to the left three nore tinmes than is indicated by the subband
exponent val ues. \When a naster exponent is zero, each subband exponent in

the group correctly rep ents the total left shifts for each transform
coefficient in the subban F These naster exppnentsy permgt using shorter
subband exponents while al fjowi ng for suffifci ent fdynamyc range. This step
in the process is shown in]boxes afhnd 7 Figure 7,
FIG_/4a. |
Wb0)| T F
SAMPLE BLOCK
FIG_14t, /
, Pt t
W, (1) : SAMPLE BLOCK
FIG_.14c. \ /\ /
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.An additional stop can be taken which nmay reduce the total bits required to

represent the coded signal. In all subbands where an exponent represents a
single coefficient, the sign bit of a normalized nmantissa is superfl uous.
-As discussed above, the sign bit and the nost significant data bit in a
normal i zed manti ssa are al ways of opposéVErValue 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" Wether a nantissa
is normalized can be determ ned by exam ning the exponent. |If the exponent

is less than its maxi mumvalue (which is 15 after adjusting for the master
in the floating point schene used in the ¥ eferred enbodi ment

exponent
the mantissa is norfalized. If the exponent isjeq to its maxi mum va
no conclusion can e drawn, therefore it is agpunmeq the manti ssa i§rno
normal i zed and thefjfe is no hidden bit. This tethnggue can be used qnly fjor
those nmantissas whhch have their own unique expo t. I'na prefer ‘Fd 1l
enbodi nent of coder and a decoder a g the preser ventgen,
only DCT subbamd_zgro neets this reqU|renen t is conprised uhkz e
transform coeffi chgnt and TT‘TKEﬁ not share itfs ponent with 3 bbard in
the paired bedk. I n ((éeri- whi ch d xponents bet Ween_paNrs
of transfor® {4, o & '\
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.-21- the hidden bit technique may be used for all subbands containing only
one coefficient. The reduction in bit requirenents is reflected in the
fixed bit length for DCT coefficient zero. As shown in Table I, the
="mnimunt bit length of coefficient C(O is 8 bits. If the hidden bit
techni que were not utilized. the fixed7ﬁgggth for C(0) would be identical
to that for coefficient S(0), or 9 bits. I'n situations where coefficient
C(0) is unnormalized, the reduced bit length is not likely to created
audi bl e quanti zation noi se because the frequency conponent will be of very
| ow anplitude. 3. leed Blt Length The third section of the nonuniform

quanti zer sets an ini | mpLe length for the_representation of each
| eft-shifted transfor é‘“ This length is smkvmmybgaggt t he
coefficient's frequengy. 03 DoT

NSFORM TRANSFORM

T {L Y,() &
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.in Figure 7 represents this section of the process and Table | shows the
m-ni rum nunber of bits fixed for each coefficient's code word. The m ni num

bi t

=curve to a psychoacoustic masking threshold curve.

| engt h was derived by conparing a representative filter bank response
Because filter

performance is a function only of the di®J&sFence in frequency between a

si gnal

above.

and the nunber of saanég '
c

and the coefficie
used to represent the fi
Figure 9 is obtained from
response to a range of frgque
filter selectivity

here that the overal

shown in Figure 9 qﬁc

synthesi s prgcess.
in Figures 17a and Lb. Tw
Figure 9. These curges
Audi bl e Di stortion &gnd

si gnal

Audi o Eng. Soc.,

human ear varies ghgatly
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.the 1 kHz curve is representative of ear characteristics for frequecies

bet ween 500 and 2 kHz,
response to higher frequencies.

-depth of stopband rejection for a tran%%Prn1coder nmust be

for the psychoacoustic nmasking curve t

and the 4 kHz curve is representative of the ear's
The rate of transition band rolloff and

as great as that

@Ehi eve the lowest bit rates In

particul ar, note that ear selectivity for frequencies below a 1 kHz maski ng

tone is very high
reserving additional

bits for

| nadequate filter selectivity is conpensated in part by
| ower frequency coefficients, Figure 10

conpares the filter response against the 4 kHz psychoacouktic masking
curve. Because coder bandw dth and selectivity inprove re] ative to the
psychoacousti c maski ng curve as frequency increases, fewg

requited to represent higher \frequency transform coefficj
relationship is reflected in

Table 1. Figure 11 conpares the
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-t he S|gnal-to noi se ratio approximately 6 db. The graph in Figure 11

”Tlndlcates an offset of 8 db (or approximately 1.3 additi onal
accuracy) may be necessary to encode a | owfrequency transform
if no other tones are present to contribute to the masking

The mi ni num | engt hs suggest ed2gfpsthe nasking curves shown in
because the curves shown

~coeffici
ef fect.

Figures 9, 10, and 11 are conservative.

ent

however ,

bits of
- 22_

in these %igures represent the psychoacoustic masking effect produced by a

single tone or a very narrow band of noi se.
maski ng curve derived froma sinple overlay of the individual
curves of three tones. Enpiri cal

conposite curve is very conservative,
effect of nultiple tones. Furthernore, nusic is generalg

si gnal
maski ng

than a few discrete frequenci es,

e

Figure 12 shows a conposite

maski ng

evi dence indicates that even this
understating the actual masking
y a nofE conpl ex

and the resul tiQg i ncrfise in
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~levels pernmts a reduction in the required accuracy of transform
-coefficient code words. Consequently, the mninmnumbit |lengths for all but

DCT coefficient C(0) and DST coeffici ent S(1) shown in Table 1 are obtained
of each coefficient code word

*by deducting three bits fromthe bit Tyggh
10 and 11. Except for these two

suggested by the masking curves in Figu
| onest -frequency coefficients adaptive bit allocation provides additional
b i | f

bits where needed for increaed accuracy of specific coefficients.

and one were included in the adaptive bit
noi se at a

t ransf orm coef f+€
al l ocation procesp, thef B TOAC coder woul d generate
frequency equal tpithe pgnple blocksrate whenever an fi nputf $i gnlal changel
contai ns | ow f reequemcy fspectfral gorggonent s whose perilod i arde cogpdged
to the sanple blqcla!Ength. {Thi g ngdse woul d be creatjed wijt hi n |t he lghdfnel
cont ai ni ng sucll ogfgecfﬂen y conponents by the inte [ of two© o
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~to the filter bank's sidel obe | eakage.

mfrequency coefficients in the adaptiv
al l ocation algorithmfor the channel
*bi t - assi gnnent patterns, one for DCT
Because the nunber of adaptively assi
coefficient C(0)
ot her transform coefficients as they
t he val ue of coefficient S(0)

is always zero,

Second, by including the two | owest
e bit aIIocatlon process, the
woul d toggl e between two
cks and the other for DST bl ocks.
bits is fixed, bits assigned to

in the DCT bl ocks would not be available for allocation to

woul d be in the DST bl ocks. (Because
it would not be assigned any

adaptively allocated bits.) This afternating allocation pattern would

mani f est
sanpl e block rate of 86.1 Hz (or 44.

of an encoder according to the present

itself as audi ble quantizing noise at a frequency equal

to the
The preferred enbodi nment
| engt h

kHz / 512).
i nvention assigns a fixed bit

of 8 bits to DCT coefficient C(0) and 9 bits to DST coefficient S(1) (see

Tabl e 1) and excludes t

prevents the adaptive a (

em from adaptive bit allocation. This excl usion
cation schenme from generating the quantization

noi se described in the prdgvious paragfaph.

tivegBit Allocation a.
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«The fourth section of the nonuniform quantizer perforns the adaptive bit
w~alTocation. Box 704 in Figure 7 provides an overview of this allocation
“process. In general, for each transform block, bit allocation assigns a

«f i xed nunber of additional bits to specific coefficients in four phases.

The nunber of bits nmay be chosen to baf3pge signal coding quality and

transm ssion bit rate. In a preferred enbodinent, the allocation limt is
bit-rate of 128

-23- set at 133 bits per transform bl ock to achieve a total
In an application using error correction codes (discussed

kBits per second.

“below), the Iimt nust be reduced to 124 bits per transfegrm block to

maintain the sane bit rate. This limt is referred to hiyaein as the }5

al l ocati on maxi mum or as the nunber of allocable bits. e current “)
‘ggt. Thi s maxi mum 0“

I npl ement ati on assi gns gnnaxinun1of 4 bits per coe&fici
Tpronise bet ween codi ng acclracy d total bit rate. i

represents a design co
one skilled in the at th

It will be realized b
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/

thI/S maxi rum and the total nunber of adaptively allocable bits may be
“tered without changi ng the concept or basic purpose of the invention.
“Phase zero is an initialization process for the remmining phases. Phase one
xassigns bits, up to a of four per transformcoefficient, to the
coefficients within the sane critical f%2d of those frequency conponents
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 t e al_adaptively allocated bits for each
coefficient is four. If anKVéﬁﬂDdumﬂse, T
the allocation process § . A¢T any bjts remain, "AWEgcat es

al | ocat ed bit?(ﬂuring phase ong[ and two. Ye det Bdtep

description oft'this procedure provi ded int )follovm -‘
actual logic inpjenentation of the procedure |s
is a diagram of
specific transf
shown in box 800:
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of _,an array A( ) to zero. The next step identifies the smallest subband
~exponent, which i;s the exponent for the subband with the |argest spectral

f(_:orrponent, and saves the value as Xerr], Al subband exponents are
Subtracted fromXerr] and the differd§jfzg-is stored in array M ). Note
that the srallest possibl e subband exponent is zero and the |argest

possi bl e subband exporren which is the sumof a maxi num val ue
of fifteen for a 4-bit hj gh frequg¢ncyl! subband exponent plus the val ue of

three for the nmaster ex XPl. |See Table 1. Therefore, the range of
I n the next

possi bl e vdl ues |n ar rgy MDY sfnegatji ve ei ghteen to zero.
step, four is added tqo, dackn & e f array M) and all el ements bel ow
zero are set to zero. At t&eOa hase zero, array M) consists of a set
of elenments, one for gh E@b d, whose va¥ueggrange from zero to four.
The elenents with a val ye «f four] representQt héd¢e subbands where at | east
one of the coefficients ir&the sybbafd has ®ne®df the | argest spectral
coefficients in the total signdl .4 Phase onercomdtructs another arny A(),
whi ch represents the bifs to bg ogat ed t coefficients in each
subband, using the procgss shoyn{in Figure b6 801. Each element in A( )
corresponds to a subbanj.%ecall from Tabl & | &hat the hi gher subband
exponents represent ntH i p tgansform coegl cgents t heref ore each
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e §335-7 Ko
el ement of A( ) represents the nunber of bits. asslgned to. ali . transform
coefficients in the correspondi ng subband. For exénple, referrl ng to Tabl Qs
. 1. subband 13 represents coefficients 13-14. |f efement A 13) has a val U 4

of one, this indicates that 2 bits are allocated, one each to: transform 8
coefficients 13 and 14. Conti nui ng the éxanpl e, w( el ement A(36)44,has a
val ue of two, then 30 bits are all b|ts each to coefT|C|ents -

168-182. During the allocation process, as each el ement of. A( ).,

i ncrenent ed, the nunber of all ocat ed bits is deduct ed fromthe nur‘rﬁﬁ‘i’ of.-
bits remaining for allQEBIPRATEWRANSHAE blANDbi ts are assigned
during this or any fol | ENMCODERIDE RIFOR HIOHQ1)A ipple| v - 24-

term nates and all of the subsequent phases are ski pped. During the final
step in which the alocation limt is reached, the nunber of bits assigned

to a subband during that step will HehniedFeldi t he nunber of bits remaining
The invention relates in general to high-quality low bit-rate digital signal processing of audio signals such
as music.
Backeround Art

There is considerable interest among those in the field of signal processing to discover ‘methods which
minimizs the amount of information required to represent adequately a given signal. By reducing required
information, signals may be transmitted over communication chanuels 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 ltength with a bandwidth W requires at least 2-W-T number of samples for accurate
representation.

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

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
trapsform 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" represented by a transform coefficient has a uniform bandwidth. By contrast, a bank of digital bandpass
filters can be designed to have different subband bandwidths. Transform coefficients can, however, be grouped
together to define "subbands” having bandwidths which are multiples of a single transform coefficient
bandwidth. The term "subband” ;susedbaremaﬁcrmret‘ertoselecwd pomonsoftbetouisxgnalbandwﬂth
whether implemented by a subbaud coder or & transform coder.” A subband as impleitiented by transform coder
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for allocation. If the last of the allocable bits are assigned while
processi ng a subband with nore than one coefficient, it is |likely that not
all of the coefficients in that subband will be allocated the sane nunber
of bits. Starting with the M) array ekenent representing the

| owest - frequency coefficient (M1) for DCT blocks. or element M2) for DST
bl ocks) , é%ﬁﬁ'@l Fk A onsfor oy adiscent pmsipruticorfiicientsror frtguenrstibjnsa Thé bandwidthaes ar e
nmade t hriewigérmododéyirehfichey Ui ddpetids Lipod ke Blidr'e Gakplify fde b BE Buritlet Qpﬁ%:sﬂ:hin%ht he
first p@éﬂmhbl%qggg%}opm%gr\%{) A( ) is increnented by one if the

correspomndl ng T enent 1N arr ay has a val ue equal to four. The second
pass i ncr efagharagseristiog of subband bdndpassifilteds are pgrtiqularij crivical cothe psfoomde df high-quility

I t i ' % f ' pass,
array A giafﬁ%mf ok At P s GHIE bl o 85 o ol E%Nfs" Al lled a2

val ue wi bands). e 5350945 the attepuation lave] inthesstopbands: oivesed: herdins dhe
el ement Sméasurewffikyr "Bdiocticiyr rsmpeqﬂwsff tie(mﬂ’ehl%tﬁ&:s%)vg %ﬁgtmgg&tsaﬁg% &??th%gn&
e emont oot AiioR B o f g e 2f SoeeRin i o opbind el o <00lend popsitbn ent 5 of
arrays M) Theseckwa(filtpr charaqtdgistics prgi critical\becdusethe husham tdr dizplays iffequeing-aalysiseqiopedieshi t S
assi gnedeekaiblidgitisss BF high§ asjinfriddi ol Fihdl Baving Viabls b rOfolcleQN TRE REHERy- S
conpl et ew?‘o&vi&ghp%wgrn& e hugnhnaesuqs %eed' filters varies with frequency throughout the audio spectrum. The
ear can discern signals closer together in frequency at frequencies below about 500 Hz, but widening as the
frequency progresses upward to the limits of audibility. The effective bandwidth of such an auditory filter is
referred to as & 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 spectrum. This is because the critical bands of the human ear have variable center frequencies
that adapt to auditory stimuli, whereas subband and transform coders typically have fixed subband center
frequencies. To optimize the opportunity to utilize psychoacoustic-masking effects, any distortion artifacts
resulting from the presence of a dominant signal should be limited to the subband containing the dominant
signal. If the subband bandwidth is about haif or iess than half of the critical band (aud if the transition band
rolloff is sufficiently steep and the stopband rejection is sufficiently deep), the most effective masking of the
undesired distortion products is likely to occur even for signals whose frequency is near the edge of the
subband passband bandwidth. [f the subband bandwidth is more than half a critical band, there is the
possibility that the dominant signal will cause the ear’s critical band to be offset from the coder’s subband so

* that some of the undesired distortion products outside the ear’s critical bandwidth are not masked. These
effects are most objectionable at low frequencies where the ear’s critical band is narrower.

The document WO 88/01811 discloses a digital coding process for transmitting and/or storing acoustic
siguoals, 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
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
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| f any allocable bits remain. allocation continues with phase two shown in
box 802 of Figure 8. This phase nmakes as many as three passes through array
A(), stopping earlier if and when the maxi mum al |l ocable bits are assi gned.
Each pass starts with the | owest frequegcy el ement (A(l) for DCT bl ocks, or
A(2) for DST bl ocks) and works upward in frequency. On the first pass

t hr ough Wy&éoupsm@awmm wmgmMMm@a&ﬁva@me I's

i oo o s R el i pR BRI eaRBS o R bl P 7S e

i ncr errent'@qu Smll’hll‘!f‘ep??d@& W@@ESNW eschafraqerncy
limt, e\gwoﬁﬁmw\arwm with k keshRAUE mfhinted reiBrefth vAlid. 1Fthe fighi'

zero. If an aIIocab%a_qe bits renmnin, IIocatlon caontinues with hase ree
shown i n Y38 oaHeF Bgre "@"’y FPipRis ESPeERiYS riraes “‘p‘ﬁ%lmh °‘°°‘5

all ocati ar m«,&hea oy myﬁﬂétemﬂﬁd Mﬂanas;uhimaﬁ hﬁCcadmg)E phifdtintd Rk BQGEierlAC hed.
This final asgg ItI.O al b|t totras coefficients w.th
| ower e“?f“?eél Heryy V\h'?'gﬁ are tg.dj aeent 1o su‘%%lgﬁg"gp% Eo‘@f‘fﬁ“ﬁ"gﬁt%s\%ﬁ th

hi gher endogymonThl S assi gnrrent i's accorrpl ished in three steps. The first

step SCans TRinkf@dn CddingHeAérinkid eev@ag&a@.a ﬁdxﬂﬂﬁ%@?ﬁ'sﬁ%’@&o&(ﬁ%

(el enent é&%@_&‘ the st é‘H‘F&é‘T in 20 KHz bandwi dt h coders)

search of &ﬂ%“ Wﬂﬂ%ﬁ‘fg ®nents which have the values (0.4). |f
Block Length

As block lengths become shorter, transform eacoder 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 trausition band rolloff, and (2) reduced level of
stopband rejection. This degradaticn 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 sidelcbe 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 oarrower than the ear’s critical bandwidth, degraded filter characteristics
manifested as a broad transition band and/or poor stopband rejection may result in significant signal
components outside the ear’s critical bandwidth. In such cases, greater constraints are ordinarily placed on
other aspects of the system, particularly quaatization accuracy.

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

Transform Coding Errors

Discrete transforms do not produce a perfectly accurate set of frequeacy 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 represeatation which would
require infinite transform lengths. For convenience of discussion bere, 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 pericds are a submultiple of the finite sample
interval. This is equivalent to an assumption that the finite-length signal is periodic. The assumption in
general is not true. The assumed periodicity creates discontinuities at the edges of the finite time interval
which cause the transform to create phantom high-frequency components.

One technique which minimizes this effect is to reduce the discontinuity prior to the transformation by
weighting the signal samples such that samples near the edges of the interval are closs to zero. Samples at the
ceater of the interval are generally passed unchanged, i.e., weighted by a factor of one. This weighting
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found, the el ement whose value is zero is set to one such that the group
val ues becone (1,4). If the allocation limt has not been reached, step two
of phase three begi-ns by scanning array A() downward starting with the

hi ghest frequency subband in search of a group of two adjacent el enents

whi ch have the values (4,0). If found*the zero-val ued elenent is set to

one to Lue he .t hi nd ste has ree
al | ocatféug a ?ﬁ%ﬁg &6&?4 &%ngmghédcoéfhﬁ of 2 n%“s”f%“g“% an - ?‘Iedm?)l ts in
st eps diverabiydo supbpnd filterpprformasesse. Start | ng at the highest frequency el enent

o;‘ arr?y A(%wf:ﬁag-hmekaﬂemutﬁmdmﬁd\edew aftfeBlo mae,mu&m? ﬁﬁﬁnﬁ%ﬁ@ﬁtﬁ' yt
el enent s ,odil | WO, K a re ar e | es
f requeﬁ@ﬁ"%ﬂgﬁﬁg “"‘f‘ﬁf"é“g?ﬂ‘h g\?lé’ﬁq}s‘éﬁsﬁpei\ ??' By

el ementtbe inventidngs smstined bbemmmdmmdmm 'labrlafoal Haxgahﬁ@eh‘oﬁ;amar e
255! b i 15 ) D GMp Lk B B B i
al | ocabYWf‘%‘WP@m‘%‘ ip ghisjaventiosi gned,

While there is no single criteria which may be used to assess 2 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.

The analysis window is a time-domain function. If a0 other compensation is provided, the recovered or
“syathesized” signal will be distorted according to the shape of the analysis window. There are several
compensation methods. For example:

() 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 disadvaatage of this technique
is that it clearly requires that the analysis window mot go to zero at the edges.

(b) Consecutive input signal blocks may be overiapped. By carefully designing the analysis window
such that two adjacent windows add to unity across the overlap, the effects of the window will be exactly
compensated. (But see the following paragraph.) When used with certain types of transforms such as the
Discrete Fourier Transform (DFT), this technigue increases the number of bits required to represent the

. signal since the portion of the signal in the overlap interval must be transformed and transmitted twice.

For these types of transforms, it is desirable to design the window with an overlap interval as small as

possible.

(c) The synthesized output from the inverse tramsform may also need to be windowed. Some
transforms require it. Further, quantizing errors may cause the inverss transform to produce a time-domain
signal which does not go to zero at the edges of the finits 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 syathesis 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 i.mpose 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.
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phase three repeats starting with step one. b. Adaptive Bit Allocation
Logi ¢ The concept of the adaptive bit allocation algorithmis represented
in Figure 8 and described above. An understanding of the algorithns
concept is helpful in gaining an understanding of the actual |ogic of the
adaptive bit allocation routine. Phase Zero begins by initializing all

el ements of array A( ) equal to ZQFQE 8(99 Eﬁﬂstructl ng four tables T,

through T[err]. The construction o es i-s acconplished through the

fol | owi ng SHhedyavigt theoremechaids fhyt 1 signalommy] tecacquratslylrhrayribdcfqmpdisntte sumglies aben thehi S

val ue as ﬁ@rﬂlb}twee(n%)mﬁésai hd ﬁ@eﬂ%l‘bﬂ&m& PRSI of ke SFHHPT Bikh &Sﬂmﬁn nd 1
a

figheat frld@aacl !
f DST bt t the subb exponent

(ee Tabl et i pripd g Aok s Riepiie m% ¥ Eopgacis ey migrpessraied s fguer-
subband rfvnmqommbﬂsslwﬁf&ma}ns:yéﬁinpomﬁnsiﬁ['dhr]fgnwdxeibw (4) if the:

Tlor 1] and SN, Rl e MR Rl Rl 1 ffeBleneLl

subband ‘t“éb“l @smﬁwm ansrherptispuation of ggnals fin i stopbisidf ie nes ffipitéls

negat i ve grdat eAs a iresdlE letentif ' passbina Fitehed gt eigna! iatsﬁ:pieahi ﬁe d]mhsﬁuzgmﬁpé}tthé‘ue
O e el bR reldy! i R4 PRAS S dhdve Bl cunsH Ratsc w2 Rty
represeated.

It is possible to 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. '

Suppressing the audible consequences of aliasing distortion in transform coders becomes more difficult as
the sample block length is made shorter. As explzined above, shorter sample blocks degrade filter
performance: the passband bandwidth increases, the passband-stopband trausition becomes less sharp, and the
stopband rejection deteriorates. As a result, aliasing becomes more pronounced. If the alias components are
coded and decoded with insufficient accuracy, these coding errors prevent the inverse transform from
completely cancelling aliasing distortion. The residual aliasing distortion will be audible unless the distortion

~ is psychoacousticaily masked. With short sample blocks, however, some transform frequency bins may have

a wider passband than the auditory critical bands, particularly at low frequencies where the ear’s critical bands

have the greatest resolution. Consequently, alias distortion may not be masked. One way to minimize the

distortion is to increase quantization accuracy in the problem subbands, but that increases the required bit rate.
Bit-rate Reduction Techniques

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 2 given signal quality. These techniques exploit a signal’s reduadancy 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: _

(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 by
abbreviated codes. Both the transmitter and receiver must have the same code book. Entropy coding
and prediction have the disadvantages that they increass computational complexity and processing delay.
Also, they inherently provide a variable rate output, thus requiring buffering if used in a constant bit-
rate system.

(3) Nonuniform coding: representations by logarithms or nonuniform quantizing steps allow coding
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At the end of this step, table T[err] contains the nunbers of all subbands
t hat have exponents in the range X[err] to Xerr] table T[err] contains
subbands with exponents from X err] to X[err] table T[err] contains
subbands with exponents from X[err] to X[err],, and table T[err] contains
subbands with exponents equal to Xer. O si gnificance. subband entries

I n each t |l e are in ascendi order accordin requency. Phase one
al | ocat es° S "H"éﬁ'gﬁgg E}géf e E"ip@mgfﬁ'w"s‘g‘b‘tﬂﬂﬂ?“%‘t h the |argest

subband exp(m&hhts:gp&haﬂwmgpnmtehwﬁehmdumted(ebMmhmmeyﬁensmro;c in
table T[ 0 h&ﬁé& fe%gg_ 1.t hin
each subgﬁ&l wpeg‘r%%és)%%?% BP&&?E%I a ocatloﬁpfagiélg%é’g?{? n turn
for tabl epoipt mpgtipsas, M‘PPWBWW'}'&%‘W%FW’H Floytigepoist s @ sesialat i nues

until allofbduaifeilcediy.t S have been assigned or until all entries in tables
Tlerr], to T have been roces a bit ls assjgned to all

coef fi ci ent éiﬁ‘%‘”ﬂ?ﬁ %‘IWYI’WWW) tns S0l SAmiEPts Srepgitn hat
subband iafi-enm&nﬂm-eshnb;e mmmcxmmmowmmwﬂmwtm the
total bit mgmlgg Elélgne@&g TRkl q: SRk ?F[a ?“gﬁgr\gl

not ed ear% ﬁ%ga I on Ir'ﬁ;“[rjllxal‘t%es |rrrr§§‘|ﬁ‘gt%°e \XX% ocabl e
bits are WW‘E&E?P%‘&W@%W‘?"MH%W “%'ﬂf)ﬁ%’d vpmecgsneryl fityener al |
cont ai ns Mbﬂ&;ﬂuﬁhﬁﬂsf ormcoefficients. Therefore, if the |ast

{2) Component variance: more bite are allocated to transform coefficients with the greatest
level of AC power.
(b) Component value: more bits are allocated to transform coefficients which represent
frequency bands with the greatest amplitude or energy.
{c) Psychoacoustic masking: fewer bits are allocated to signal components whose
quantizing errors are masked (rendered inaudible) by other signal components. This method
is unique to those applications where audible signals are intended for 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 using adaptive bit allocation in conjunction with
psychoacoustic masking effects is described in Johnson, Bradley, *Adaptive Transform Coding Incorporating

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

osure tia

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 whick provides high subjective sound quality
at an eacoded bit rate as fow as 128 kilobits per second (kbs).

1t is a further object of this invention to provide such an encode/decode apparatus and method suitabie 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
cbtainable from Compact Discs.

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

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

Another object of the invention is to provide improved psychoacoustic-masking techniques in a transform
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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 same nunber of bits.
such situations, the allocation procesg_notes which coefficients in the
subband nust have a bit deducted from the subband's allocation anmpunt

subseque&%)b,&gs%fgm&,ﬁ;@y A( ). Phase two constructs four new tables,

Tlerr] through T[err],. usi n? e"Frocedure simlar to that used in phase
zero: (1) Kpsettifijancther opicst of the ipventipn to pmyjde dchniques for prychorepstirally compensatipg, fort e
| owest f«mwm@abwhhmmwmommm bI ocks, or subband 2 for DST

PL0CKe), - SHEE ARl W MR E AR Uhed 8 S o ol el

rence
i s negatﬂmhm?%'éﬂwﬁ%@mmefr%hmﬁﬂﬂo %Ie Tlerr]; (5) if the

di ff er enceah ndd@@akcéording Wothe plRA ihvehdita Frevides Jf&hh&mﬁ[ﬁ%]

Eg%l |ef TEQ‘F dlfo%%fn‘&ﬁfl s nsgatlve thrigt“ﬁ#gsert t’t]e bband gﬁgbﬁéﬁd":‘tfhul

al | subbsumgle bk ds lbaemqumuyedxalm winfew. c Fdquegcywbrmain speapl compdpiests dre alich |
contains génbﬁte@ BHBEmSe RfthetbdlysHWRAAR dSighted time-domain sample block. A transform coder having

adapuvc bit alloauon ponuniformly quantizes each transform coefficicat, and those cocfficients are assembled
mwadtgmloutputhavmg 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 communaication
path.

A decoder according to the present invention provides for the high-quality reproduction of digitally encoded
wideband audio signals encoded by an encoder according to the present invention. A decoder receives the

In

" digital output of an encoder via a storage device or transmission path. It derives the nonuniformly coded
spectral compouents 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 sampie blocks are modulated by a synthesis
window. The synthesis window has characteristics such that the product of the synthesis-window response and
the response of the analysis-window in the encoder produces a composite response which sums to unity for two
adjacu;t overlapped sample blocks. Adjacent sample blocks are overiapped and added to cancel the weighting
effects of the analysis and synthesis windows and recover a digitized representation of the time-domain signal
which is then converted to a high-quality analog output.

An encoder/decoder system according to the present invention 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 sampied and quantized into time-domazin sample blocks. Each sample block is then modulated
by an analysis window. Frequency-domain spectral components sre thea generated in sesponse to the analysis-
window weighted time-domain sample block. Noauniform spectral coding, including adaptive bit allocation,
quantizes each spectral component, and those components are assembled into a digitat 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 ronuniformly coded spectral components from the formatted digital signal and reconstructs the frequeacy-
domain spectral components therefrom. Time-domain signal sample blocks are generated in response to
frequency-domain transform coefficients by means baving characteristics inverse to those of the means in the
encoder which generated the frequency-domain transform coefficients. The sample blocks are modulated by
a synthesis window. The synthesis window has characteristics such that the product of the synthesis-window
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-26= that have exponents equal to Xerr], table T[err] contains subbands

wi th exponents equal to Xerr], table T[err] contains subbands with
exponents equal X[ err], and table T[err] contains with exponents equal to
X[efr] The entries in all of the tables are in ascendi ng order according to
the frequency of the transformcoeffl'@T ent. Phase two assigns bits to all

coefficients represente ba ds in taples T[err] to T[err ntil each
coef fi CPRYTEe 34 rfggmg sa 1% e Facoerpred él""‘]ﬂ‘?wm%?”ﬁl‘ﬂ“
al | ocatte odityl fomewe mmmwdaﬁhmdb!ocﬁt aMmag wﬁ;ﬂ&mmﬁeaé |omhpp@d mmaed to

freququgg“@q%!; e%ip ;Igg I ent
contained wt % eac s‘1 %lé“b‘r“ seﬁ%%'gd he taﬁﬂgl %eac ogg’gnd S
processf@!f'd"mes'emwc‘?!i‘%mw Pr’d&*ﬂht"aﬂheﬂﬂt@ e¥RYt-i nserted into tabl e

Tlerr]. Ne%,ems&a&&@mmtewsaﬁmhad:wmmvu@s 4 Bisdr@d keRnsfobif Igkderatis ©

al | ocat an additional bit, erV|n each en romta rr] to T[err]
5. e RRPOBran B, covpineqe Rebount, i g gl yhkHan o

pr oces sdwks. rﬂnfm@y.ttlmedismermrh@m ihmbcbnqﬁifalmﬂ]) tltaolte‘ﬁ[aeram}hcatioﬁ ofamodifiedocabl e

'llj'l[ tefr]r%@,%,t hen tabl‘gBT?grﬁ gﬁmgmﬂf BRGAL < w ?I na+l ass

ts remaln to aSS|gn
made t discrete fggs ] lf ra]sm fnoﬁ(ﬁgs@screte Cosme Transform {DCTY)

however, vuma_llly any time-domain to frequeacy-domain transform caa be used.

In a preferred embodiment of an encoder and a decader 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, asingléFFrisutﬂimdmsimmuneouslycalwhtetheinversoumfomfoﬂwo
transform blocks.

S

In preferred embodiments of an encoder and a decoder according to the present invention, the sampling rate
is 44.1 kHz. While the sampiing rate is pot 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 altemative embodiment employs a 48 kiz
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 Jength of 512 sampies. 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 leagth is the sum of a fixed number of bits and
a variable number of bits determined by adaptive bit allocation based on whether, because of current signal
content, noise in the subband is less subject to psychoacoustic masking than noise in other subbands. The fixed
aumber of bits are assigned to each subband based on empirical observations regarding psychoacoustic-masking

¢ . effects of a single-tone signal in the subband under cousideration. The assignment of fixed bits takes into
consideration the poorer subjective performance of the system at low frequencies due to the greater selectivity
of the ear at low frequencies. Although masking performance in the presence of complex signals ordinarily
is better than in the presence of single tone signals, masking effects in the presence of complex signals are not
as well understood nor are they as predictable. The system is not aggressive in the sense that most of the bits
are fixed bits and a relatively few bits are adaptively assigned. This approach has several advantages. First,
the fixed bit assignment inherently compensates for the undesired distortion prodticts generated by the inverse
transform because the empirical procedure which established the required fixed bit assignments included the
inverse transform process. Second, the adaptive bit-allocation algorithm can be kept relatively simple. In
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two does not assign all.remaining allocable bits, table T[err] contains all
of the coefficients, each having received 4 bits, and tables T[err] through
T[err] are enpty. If-all allocable bits have been assigned, array A( ) is
rebuilt fromthe information contai ned_%n tables T[err] through T[err] to
reflect the total bits allocated to each transform coefficient. Each

el ement  Ldxdh, rﬂuﬁy&aﬁms@&oa&dmu%%s@gﬂmﬁn&@%ﬂ%M&i gned
a val ue of. four. ; g e ement corresponding to . an entry in tab
Tlerr] i t{rﬂé’ﬁ‘ﬁ'% f‘ﬂ‘rff‘é‘?“ﬂ‘bﬁ“‘%"&'ﬁ?‘é‘%ﬁ W‘}“%‘&f"&’e%?‘“ﬁ%" Band

for tabl ehe'&§ceder] a val ue of one. ot her elements of A( ), i.e., those

e g b i s i
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descendi Refithdy REANBakids) fekifRink iffola 560 RP woadidine Wive) B Wie differk bit Alodakibds'chmpdrddC N

are not in table T erhl hat. are Iovy I n frequen Xﬁl"f?é‘g"f'?‘g‘% cent to
subbands"bﬂ'ﬁt"fﬂvw #n 'ﬁ'{"&?‘f‘]’ ’Wﬂd’ﬂw'ﬁ'ﬁ ?“Hﬁydﬁ'éﬁ ar
frequencydentry in table Tlerr], adJ acent entries in the table are

exam ned t S 8B YendPdifo
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tabl e T[ @& @le sh6rp dRBIfineS sHoWA kel Soidedand ibtoltibn phddBELrol W sEhEIRRENESHit allocation as

allocation A but with 2 fewer bits per transform coefficient. Allocation C (the long dashed line) is the same
as allocation A for frequencies in the lower part of the audio band up to about 1500 Hz. Allocation C is then
the same as allocation B for frequencies in the upper part of the audio band above about 1500 Hz. The dotted
line shows the auditory masking curve for a 500 Hz tone.

It will be observed that audible noise is present at frequencies below the 500 Hz tone for all three cases
of bit allocation due to the rapid fall off of the masking curve: the noise and distortion product curves are
above the masking threshold from about 100 Hz to 300 or 400 Hz. The removal of two bits (allocation A to
allocation B) exacerbates the audible noise and distortion; adding back the two bits over a portion of the
spectrum including the region below the tone, as shown in allocation C, restores the original audible aoise 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 response to tones at various frequencies for various bit
allocations, bit lengths for the various transform coefficients can be allocated that result in acceptable levels
of noise and distortion with respect to auditory masking throughout the audio spectrum. With respect to the
example in Figure 13, in order to lower the level of the noise and distortion products below the masking
threshold in the region from about 100 Hz to 300 or 400 Hz, additionai bits could be added to the reference
alloea&onforthetmnsfommefﬁcientoonhiningmesoommnemdnmbyéoefﬁcientsunﬁlthenoiseand
distortion dropped below the masking threshold. Similar steps would be taken for other tones throughout the
audio spectrum uatil the overall transform-coefficient bit-length allocation resulted in acceptably low audible
noise in the presence of tones, taken one at a time, throughout the audio spectrum. This is most easily done
by way of computer simulations. The fixed bit allocation assignment is then taken as somewhat less by
removing one or more bits from each transform coefficient across the spectrum (such as allocation B).
Adaptively allocated bits are added to reduce the audible noise to acceptable levels in the problem regions as
required (such as allocation C). Thus, empirical observations regarding the increase and decrease of audible
noise with respect to bit allocation such as ia the example of Figure 13 form ths basis of the fixed and adaptive
bit allocation scheme described above and discussed in more detail below.
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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 are
hi gher in frequency and adjacent to subbands which are in table T[err].
Starting with the first (highest freqo¥ncy) entry in table T[err] adjacent
entries in the table are examned to determne if they are separated by one

or nore sdbhefriged embodiment of ap gacodef, the aappmiformiyrquintized teansioim epeffisiantsaraenpressedihov e
the | oway abidek-fouing-poitiEppisdn@ion doinpriseibH thocll lexpoiichts abd VarisbiGlefRtifoodSWHEH S As T WO
o090 BA e Lk 560 SUBRRE P Mol o 5"
13, repedabletlcagth portionf ladsptivgly aprésned bitg (Fhe goceded sigenl fay aprair] off sragsfoerl blogksds t abl e
Tlerr]: aSbmbitd 0@ finbdcohipbied ffekfon@Blahd thh Rixddaldie@® pdikibl 6£lthe Bl AL thitdwRaby RI t 1S
assigned o c%—ﬁ} ransform coetréel ci ent a%i Oe%l. ated with each subband ed
represeﬁf’@ﬂ%@ "é‘ﬁ!' bits), ' oxpqnraty 2 ié dlength patipn,of radeyprds,prg assemb
process eeparately fran stapively allued tith locrediibecvulnkrability @ doiss berst Bfrass | . |1 f any
Pt ocogs. 1 ook ek BleR @lns i o Ws%“?ﬁiﬂf i Tk g ol ol e
t abl e T[iaforuation peggrdingsheassignmentiof adaptiyelp allorated bithigieich frame.\ fherdeqodas can dpfiyes fie

" 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 encoder according to the present invention
appeads 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 maay
environments such as T-1 carrier which will not tolerate such sequeaces beyond specified lengths. In
asyachronous applications, randomijzation also reduces the probability that valid data within the frame will be
mistaken for the block synchronization sequence. In a decoder according to the present invention, the
formatted data bits are recovered by removing the frame synchronization bits and applying an inverse
randomization process.

In applications where the encoded signal is subject to cormption, error correction codes are 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.c., to increase the length of a noise burst required before
critical data cannot be corrected.

The various features of the inveation and its preferred embodiments are set forth in greater detail in the
following Detailed Description of the invention and in the accompanying drawings.

Figures 1a and 1b are functional block diagrams illustrating the basic structure 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
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. _

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 2 function W(t) to
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entries if any bits remain to allocate, noving entries fromtable T[err]
into table T[err]. If any bits remain afer this -27- step, phase three
repeats fromthe beginning, first determning if the entries in table
T[err] are still sorted and if not. sqr#ing table T[err] entries into
descendi ng frequency order. Wien all allocable bits have been assi gned,

array A(Tgﬁmﬁﬁ\t&gm%%_ four tables as described above for phase two.

After all bits have been allocated, each transform coefficient code word is
rounded of Figyres 6% typugh ficarg furthes fypgtheticy) eraghical mpresentytipnsishpwing) i fandplation ofis timey A( )
I epr esenddniain sighsl sapirtaceld by i amlyedwibdew. coef fi cient is grouped. Sone _
oot i e A W SR b Mo o0 (10 L0 ¢
al | ocat i onFigws 8 milovschartehgwing\gore detpijed dagici feran adaptive bit allocation process.

Figure 9 is a graphical represeatation showing a represeatative 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.

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

Figure 13 is a graphical representation showing the spectral levels of coding noisc and distortion of an
encoded 500 Hz tone for three different bit allocation schemes with respect to the psychoacoustic masking
curve for a S00 Hz tone. )

Figures 14a through 14e are hypothetical graphical representations illustrating a time-domain signal grouped
into a series of overiapped 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 canceilation of fime—
domain aliasing by overlap-add during E-TDAC transform signal synthesis.

Figures 172-17b are a graphical repmentaﬁon 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 eacoder according to the present invention.

Figure 18 is a hypotheticai graphical representation showing the overlap-add property of adjacent windowed
blocks. ,

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

Figure 20 is a schematic representation illustrating the format of 2 frame of two eacoded transform blocks
without error correction.

Figure 21 is 2 schematic representation illustrating the format of a frame of ﬁo eacoded transform blocks
with error correction codes.
Figures 22a through 22¢ are hypothetical graphical representations illustrating a tisne-domain signai grouped
I into a series of overiapped 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.



The fifth section of the nonuniform quantizer. shown in box 705 of Figure
7, follows the adaptive bit allocation routine. Using the subband and
master exponents deternmined in previous sections, each transform
coefficient in a transformblock is shifted to the left a nunber of tines
equal to the value of the exponent fo "t he subband in which the coefficient

IS group l.us..three mnor Lf. the aSSOCI RSt er onent is set
to one. eE‘gg'?”'lgczg'e “E'l’ 24 ’?”‘meat' mT‘L\ 3%"('% w13 B'b?fetéﬁﬁi ng
i ts mi rdomaimaligsing Pnemw-(déém@om¢ Mfommﬂmmﬁ of adaptively allocated
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assi gnekdventonal-| 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 | ocat i oFabledhahwprmaser exponepigyt subbarg grpuping crod geafficiegt bit lsegths Jorw BoldizcETRARai r  of
encodededbodiiedt Of & dabddeddhd b Qécoder 2kdstih ﬁlm,eamamhage Thi s process i's
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required maZQkHzE-TDAC embodiment of an encoder and a decoder according to the present invention.

Table [II shows the differeace in subband zero required for the O-TDAC embodiment of an encoder and
a decoder according to the preseat invention. .

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

Figures la and 1b show the basic structure of an encoder and a decoder, respectively, according to the
present invention. The encoder shown in Figure 1a comprises time-domgzin signal input 100, signal sampler
and quantizer 101, signal sample buffer 102, analysis-window muitiplier 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-valued transform coefficient into a
floating-point representation, adaptive bit allocator 106 which assigns bits to the represeatation of each
transform coefficient according to the total signal’s spectral composition, uniform quantizer 107 which rounds
each transform coefficient to an assigned bit length, and formatter 109 which assembles the coded frequency
coefficients into a bit stream for transmission or storage. Figure La depictsa transmission path 110, however,

" it should be understood that the encoded signal may be stored for later use.

The decoder shown in Figure ib comprises encoded bit-stream signal input 111, deformatter 112 which
extracts each encoded frequency coefficient from the assembled bit stream, linearizer 113 which converts each
encoded coefficient into an integer-valued transform coefficient, inverse digital filter bank 114 which transforms
the transform coefficieats into a time-domain signal block, synthesis-window multipiier 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-2¢ 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.

A practical implementation of a preferred embodiment of a single-chanue! eacoder. employing cither a 44.1
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adj acent transform bl ocks in a one-channel system The sane technique is
used to format one transform bl ock fromeach channel of a two-channel
system processi ng signhals 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-Merd to a |l ength equal to the m ninmum
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data as & F) 29045 AR 201 ISP 202, static RAM 203, erasable programmable read-only memory (EPROM)

' 204, and eacoded 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 quantizss) the incoming signal
into a serial stream of 16-bit words. DSP 202 receives and buffers the serial stream of digitized samples,
groups the samples into blocks, performs the calculations required to transform the blocks into the frequency
domain, encodes the transform coefficients, formats the code words into a data stream. and transmits the

" encoded signal through serial data path 206. The programming and data work areas for the DSP ars stored
in two 24 kilobyte (KB) banks of static RAM 203 which is organized into two sets of 8,192 24-bit words. The
DSP requires fast-access-time program memory which can be implemented more cheaply in RAM than it can
be in programmable ROM. Consequently, EPROM 204 stores programming and static data in a compressed
format which the DSP 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~communication
intesface for DSP 202, ADC 201, and serial data path 206. Timing generator 202A generates the receive
clock, frame-synchronization, and transmit clock signals for the encoder. Line SCO clocks a serial-bit stream
of digitized input signal samples along line SRD from ADC 201 into DSP 202. Line SC1 provides the frame-
synchronization signal to the ADC and the DSP which marks the beginning of each 16-bitwoni. 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
wheaever 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 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 0000,4-1FFF,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 according the state of address line A15. When DSP 202 sets AlS
high, inverter 205C sets the chip-select (CS) lines of RAM 203 and EPROM 204 low. Only EPROM 204 is
selected when CS is low. When DSP 202 sets AlS low, inverter 205C sets the CS lines of RAM 203 and



Addi-ti onal overhead bits may be required, such as frame synchroni zation
bits if the digital signal is intended for transm ssion, or database
pointers or record keys if the frames are intended for storage. If frame
-28-" synchroni zation bits are requi req the formatted frane is random zed
using a technique described in Sm'th."h gital Transm ssion Systens, New
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digital sampies 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 a2 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-frequency components created by the
encode/decode process.

Figure 2e shows the serial-communication interface for DSP 208, serial-signal input path 207, and DAC
212. Timing generator 208A, using a phase-locked loop circuit to extract a timing reference from the encoded
serial-bit input signal, generates the receive clock, frame-synchronization, and transmit clock signais for the
decoder. Line SCO clocks the encoded serial-bit signal along line SRD into DSP 208. Line SCK clocks a
serial-bit stream of the decoded digitized signal samples along line STD from DSP 208 to DAC 212. Line SC2
provides a frame-synchronization signal to the DAC and to the DSP which marks the beginning of each 16-bit

" word. The interface between DSP 208 and the memory-address bus is implemented in the same maaner as
that described above for the encoder. See Figure 2c.
The two-channel encoder requires LPF 200A and 200B. and ADC 201A and 201B, connected as shown in
Figure 3a. The interface between the DSP and ADC components operates in 2 manner similar to that described
_ above for a one-channel encoder. Timing generator 202A provides an additional signal to line SC2 of the DSP
at onc-half the rate of the frame-synchronization 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 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 demultiplexer 208B and indicate
to the DSP which of the two DAC is currently receiving digital data.

The basic hasdware architecture may be modified. For exauple, ane 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 encoder/decoder may be implemented in a custom-designed
integrated circuit. Many other possible implementations will be obvious to one skilled in the art.
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al l ocated bits. This two-part representati on schene is chosen over one
whi ch represents each coefficient as a variable | ength word because it is
nore imune to corruption by noise. If a noise burst occurs in a franme
util'izing the preferred schene, the effects of the noise will be confined
to the value of the exponents code wo¥ds, or allocated bits directly
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the present inveation because this rate is used in CD applications and such a choice simplifies the means
pecessary to use an encoder according to the preseat inveation in siich applications. ('I‘hissamplerzteal;so
supports an alterpative 20 kHz bandwidth embodiment of an eacoder 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 rats 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 an encoder according to the
present invention wiil be apparent to one skilled in the art.

Assuming the input signal is not a complex oge, 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 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 haif of this amount.) Only
coefficients 0-182 are used to pass & 15.6 kHz signal. (Coefficients 0-233 are used in a 20 kHz version to pass

" 220.1 kHz signal.) The additional high-frequency coefficients above the input signal bandwidth are used to
minimize the adverse effects of quantizing errors upon aliasing cancellation within the design bandwidth. Note
that it is assumed the input signal is band-limited to 15 kHz (or 20 kHz) and the final output signal is also
band-limited to reject any aliasing passed in the highest coefficients.

Unless the sample block is modified. a discrete transform will erronecusly create nonexistent spectral
components because the transform assumes the signal in the block is periodic. See Figure 4. . These transform
errors are caused by discontinuities at the edges of the block as shown in Figure 5. These discontinuities may
be szoothed to minimize this effect. Figures 6a through 6d illustrate how a block is modified or weighted such
that the samples near the block edges are close to zero. The muitiplier circuit shown in Figure 6a modulates
the sampled input signai x(t) shown in Figure 6b by the weighting function shown in Figure 6c. The resultant

" sigunal is shown in Figure 6d. This process is represented by box 103 in Figure 1a. This weighting function,
called an analysis window, is & sample-by-sample muitiplication of the signal sample block, and has been the
subject of considerable study because its shape has profound affects upon digital filter performance. See, for
example, Harris, “On the Use of Windows for Harmonic Analysis with the Discrete Fourier Transform,” Proe.
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bits.) No side-information is required to indicate the coefficients to

whi ch addi tional bits have been allocated. The deformatting process is able
to determine the proper allocation fromthe transmtted subband exponents
by performng the sane allocation algorithmas that used in the encoding
process. Wien data corruption is not @ problem a preferred structure for
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" . Bradley, 'AnalysisISynthesis Filter Bank Design Based on Time Domain Aliasing Cancellation,” [EEE Trans.

O S Si vol. 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 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 oddly-stacked critically

sampled single-sideband analysis-synthesis system. It is referred to herein as Oddly-Stacked Time-Domain

Aliasing Cancellation (O-TDAC). An embediment 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 equivaleat to the alternate application of a modified Discrete

Cosine Transform (DCT) with a modified Discrete Sine Transform (DST). The DCT, shown in equation 1,
and the DST, shown in equation 2, are

N-L

C) = X xn) cos 2==k(%"!)] for0 sk <N m
n=0 :
N-1 .

S) = ¥ x(n)-sin| znk(L‘_AT”’.)] for0 sk <N 2
a=0

where k = frequency coefficient number,
n = input signal sample aumber,
N = sample block length,
m = phase term for E-TDAC,
x(n) = quantized value of input signal x(8) 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
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for "block B. In applications where potential data corruption is of concern,
an error correction schene I S necessary. Errors in subband exponents, and
to the |l esser extent, errors in the | ower-frequency coefficient code words
general |y produce t he greatest audible _gistortion. This information is the
nost critical data to protect. A preferred schene protects the master and
subband exponents mAtE(gmrg;°q§§QQNQon and correction codes, and - 29-

separates the#¥k¥akuep as mich as possible to inprove their imunity @p
noi se burst errors. Sui@h KAME is shown in Figure 21. It will be obvious
to one skllled I n-thera( fohhis obsh¥e frame formats and correction codes may
be utilized wiRbuF dEr&ar til0=fgy Om the basic invention. 4
where i = signal sample block aumber,
C(k) = DCT coefficient (see equation 1), and
S(k) = DST coefficient (see equation 2).

The computation algorithm used is the Fast Fourier Transform (FFT). See Cooley and Tukey, "An
Algorithm for the Machine Calculation of Complex Fourier Segies,” Math. Comput., vol. 19, 1965, pp.
297-301. A single FFT can be used to perform the DCT and DST simultancously by defining them

" sespectively as the real and imaginary components of a single complex transform. This technique exploits the
fact the FFT is a complex transform, yet both input signal sample blocks consist only of real-valued samples.
By factoring these transforms into the product of one FFT and an array of complex constants, the DCT
coefficients emerge from the transform as the set of real values and the DST coefficicats 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 compiex array muitiplication and
additions.

The basic techaique 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: Preatice-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 Domzain Vector Quantization
of Speech,” Stanford, CA: Stanford University, PhD Thesis, June, 1988.

In one embodiment of a one-channel encoder according to the preseat inveation, two adjacent signal sample
blocks are stored in buffers and transformed together into a DCT/DST block pair. The block pair is
subsequently quantized and formatted for transmission or storage.

In two-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 & DST block is generated for
the second channel. The coded blocks for a given channel siternate between the DCT and DST (see
expression S), 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 componeat 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 aitemating
sequence of cosine and sine transform blocks of the form

{CK)}ar {SKI}is {CKI}2e (SCIss - . . _ )
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 signai x (t) shown in Figure 14d.
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Wheh error correction codes are enployed, fewer adaptively allocated bits
are used in order to maintain the sane total bit rate. The total nunber of
exponent and mantissa bits for one frame of a DCT/DST bl ock pair is 1220
bits. O this length, 150 bits are sufpand and naster exponents. One
(21,19) Reed-Sol onon error correction code is added to the bit stream The
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from 133 to 124 The Reed- Sol onpn ‘codes- process data in bytes, therefore

the error TE:PMSe term gy ia cquationg 4 2ad 2 soptrols thepbase shifk @f 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 originai
windowed signal (solid line), and time-domain aliasing distortion (dotted line). Figures 15c and 15d illustrate
similar information for signal y(t) recovered from the inverse DST. To cancel this alias distortion and
. accurately recover the original time-domain signal, E-TDAC requires the aliasing to be as follows. For the
DCT, the time-domain alias component consists of the first half of the sampled signal reversed in time about
the cne-quarter point of the sample block. aud the second half of the sampled signal reversed_in time about the
three-quarter point of the sample block. For the DST, the alias componeat is similar to that for the DCT
except its amplitude is inverted in sign. See Figures 15b and 15d. The phase term required for alias

"~ cancellation is

m=@2+ 1 . | ©)
2 .
where N = sample block length.

E-TDAC also requires application of 2 pair of carefully designed analysis-synthesis windows to overiapped
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 SO% of the same block is overiapped by the following block.
Figures 16a-16g illustrate the overiapping of signal sample blocks and the resulting cancellation of alias
distortion. Signals y(t) and y,(t) shown in Figure 16a and 16d, recovered from the inverse DCT and DST,
are modulated by window functions W(t) and W,(t) respectively, shown in Figures 16b and 16e, to produce
signals ¥(t) and ¥(t) shown in Figures 16c 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).

Window design and overlap-add used during the synthesis process is discussed below in more detail. It

is sufficient at this point to notice that omitting half the transform blocks halves the required bit rate, but the

100% window overlap required for E-TDAC during signal synthesis dcubles the required bit rate.
Consequently, E-TDAC has a neutral effect upon the required bit rate.
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- data are grouped into 8-bit bytes for ease of processing. The ratio of
protected data to unprotected data in each block-pair franme is
approximately nine-to-one. This permts scattering protected data

t hroughout the formatted frane,

by eight bytes of unprotected data. Sel®-Fi gure 21. Wth this technique,
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of the coefficient's frequency, (4) adaptively allocating additional bits to specific code words, and (5) rounding
and truncating the code word according to the bit leagth computed from the sum of the adaptive bit allocations
and the minimum bit length based on the coefficient’s frequency. _

Floating-point representation of numerical quantities is well known in the art of digital data processing and
is used to represent a wider range of values with fewer bits than is possible with integer representation. A
floating-point number is composed of a mantissa and an exponent. In & preferred embodiment of an encoder
and a decoder according to the piesent inveation, the mantissa is a signed integer-valued expression expressed
in two’s complement form.

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

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

M = the signed integer-valued mantissa, and

E = unsigned integer-valued exponent.
For example, an exponent of three indicates the true value of the floating-point number is obtained by
muitiplying the integer-valued mantissa by 2°. This is eqmva!ent to shifting a binary representation of the
mantissa three places to the right.

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

Block-ﬂoanng-pomt 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 conveational 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 vaiue of the floating-point quantity.
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G Dbeformatting A deformatting process takes place when the digitized and
coded signal is received fromtransm ssion neans 111 either by receipt of
atransmtted signal or retrieved fromstorage. The process is represented
by box 112 in Figure 1b. If the formatted frame of code words was

random zed prior to transm ssion, the2d-ornmatted frane is recovered by an

. inverse random zi ng process. Then the frane is split into the conponent
parts of each transform bl ock: I.[fubbandiExponentponents. subband exponents
fixed | engfhold@abati ¢ chdodd? ShpritesCRetchE GdeCiAl ns&dreu,e nodunifirm RkdiSe

o Fect IR prspasaey fm%tévi%f%ﬂ s O BT Tpe bl si%é‘fﬂeyaeﬁw v ?ﬁid
mast er «gquentefor eizh tof seveml wblaok Gchueucy koefficients.o Theemsplmadsi angshowd inrThbiatl. he t 0
verify QeeHidfsX¥omgriked of thres steps. The first step finds the largest transform coefficient in each subband
within one transform block and determines the number of left shifts required to normalize theso largest 24-bit
coefficients. The second step determines corresponding shift values for 2 second transform block. The third
step compares the shift value for cach 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 exponeat 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 1, 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 iI.) If 2il 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 ail coded coefficients

 within all subbands in the group are shifted to the left throe more times than is indicated by the subband
exponent values. When a master exponent is zero, each subband exponent in the group correctly represents
the total left shifts for each transform coefficient in the subband. These master exponents permit using shorter
subband exponents while allowing for a sufficient dynamic range. This step in the process is shown in boxes
702a and 702b of Figure 7.

An additional step can be taken which may reduce the total bits required to represeat the coded signal. In
all subbands where an exponent represeats 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 2 nsormaiized 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."

Whether a mantissa is normalized can be determined by examining the exponeat. If the exponent is less
than its maximum value (which is 15 after adjusting for the master exponent in the floating point schems 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 ot normalized and there is no hidden bit.

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,
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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 master exponent is actually zero, this assunption wll
reduce the anplitude of all transform coefficients within the subbands
grouped under the errant naser exponef?t‘? Thi s assurrption produces | ess

obj ectiq e dis artion.than_er sly.settin a, ter exponent to zero
(when i £ g‘h‘lgfﬂ ‘5‘%“‘8%6'73 \)@ﬁf‘ﬁf‘\ﬁﬁlﬁf‘%&ﬁ"%@? ‘fnhe Eito) de of all affected
coef fi ci erfheredichien inkiy orquirdmedtois m%ﬁxdlmmmﬂmmt =ive CAssstiowno

det er ni ReTible 1208 *oklhiSSR Dot EddfibioR oy isd'ofts. nmm& dit techiiGueArlARtol tfizddl t

allocation_routine discussed above is used ess he exponent s

ext r act dbf f5ed J"r%@b?”%‘&bsf to thatyfor FFE Lﬁq 597 l"hl ln situatiops; wherg o
used to edéﬁmmokmtnhmmﬂmuheabdmaiu lenmhdi adt likely Bacpdaied euditild quaktization nbise t he

t ransf orya, | ggt transform coefficient whose
| engt h equgs? ‘hﬁ QWI&D E Ieng ) i i

any adaptively allocated bits are
| oaded into a 24- b|t word and then shlfted to the right a nunber of tines

equal to the value of the approprs, ¥ixed-sibbgasd exponent plus three

addi ti onal S |f th assoc at ed naster ,exponent to one. This
process is rg*fr flfW ‘B "“?”“g'ﬁtfm' the representation

of each left-shifted transform coefﬁ.clem. This fength is set aeeordmg to the coefficient’s frequency. Box 703
in Figure 7 repﬁents this section of the process and Table I shows the minimum aumber 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 caly
of the difference in frequency betweea a signai and the coefficient’s frequency, any frequency coefficieat may
be used to represent the filter bank’s response. The response curve shown in Figure 9 is obtained from the
root mean square average of the filter’s response to a range of frequencies within the filter passband. As
discussed above, filter selectivity is affected by the shape of the analysis window and the number of samples
in each time-domain signal block. It may be noted here that the overall coder characteristic response is not
as good as that shown in Figure 9 because an additional selectivity loss occurs during the signal synthesis
process. This effect is discussed below and is also shown in Figures 17a and 17b.

Two psychoacoustic masking curves are shown in Figure 9. These curves were derived from' Fielder,
"Evaluation of the Audible Distortion and Noise Produced by Digital-Audio Converters,” J. Audio Eng, Soc.,
vol. 35, 1988, pp. S17-534. Auditory selectivity of the human ear varies greatly with frequeacy, however,
the 1 kHz curve is represeatative of ear characteristics for frequencies betweea 500 and 2 kHz, and the 4 kHz
curve is representative of the ear’s response to higher frequencies. The rate of transition band rolfoff and depth
of stopband rejection for & 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 befow a 1 kHz masking tone
is very high. .

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

- coefficients. Figure 10 compares the filter response against the 4 kHz psychoacoustic masking cusve. 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.

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 bitimproves
the signal-to-noise ratio approximately 6 db. The graph in Figure 11 indicates an offset of 8 db (or
approximately 1.3 additional bits of accuracy) may be necessary to encode a low-frequency transform

This is the replacement sheet

Date: 0 5 JAN




H Synthesis Filter Bank - Inverse Transform Box 114 in Figure |Ib
represents a bank of synthesis filters which transform each set of
frequency-donmai n coefficients recovered fromthe deformatti ng and

| i néari zati on procedures into a block of tinme-domain signal sanples. An

I nverse transformfromthat used in an’&rysis filter bank 104 in Figure la

I npl ements_synthesis filter bank 114. The inver transforns for the E-TDAC
t echni qﬁ%e%ﬁfé% 'tff“h" ' LR BETTHIN fontaibuta to the magkins <ie-or di ng to the present

i nvent i on Tap elmditopiengltsi snggessed b the atasking Survés sbowatdFigure®, 101ued bloardXShseamatvea
modi fi ol baGusDiBl curhl SitMAT &b higddds rphSent fiskiny dHelt pidhded G T7OM
trarekip

transm ssion or storage (see expression 5), those bl ocks nust Bfe recreated
for the %5RBIEreAe Of P ¥57X PHFbandrpfnoise- SEiBYTe 1 tbewen compasi 8 Sy fessddPar # om

the avaisisip vediybf ke @adividualcmasiafy drved of QEretbiehl N EBpirichl \6videhed SdRtGhed ak cldn@EK'S MY
e i D e et I ot B T P BBl
f or N 2 musi¢isgenerally a more complex signal than a few discrete frequencies, and the 83ul@(gligcrease B{ ihsking
for N2 l&eﬁ pm a reduction in the required accuracy of transform coefﬁcien‘ gt)de words. Consequently, the
minimum bit lengths for all but DCT coefficient C(0) and DST coefficient S(1) shown in Table [ are obtained
by deducting three bits from the bit length of each coefficient code word suggested by the masking curves in
Figures 10 and 11. Except for these two lowest-frequency coefficieats, adaptive bit allocation provides
additional bits where needed for increased accuracy of specific coefficients. .

If transform coefficients zero and one were included in the adaptive bit allocation process, the E-TDAC
coder would generate quantization noise at a frequeacy 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 channei containing such low-frequency components by the
interaction of two mechanisms. First, the E-TDAC transform would coavert the low-frequency components
into an alternating sequence of nonzero and 2ero values for coefficient zero (DCT C(0) and DST S(0)).
Coefficient C(0) would be nonzero in the DCT tmns_form blocks but coefficient S{0) would always be zero in
the DST transform blocks. Coefficient one (DCT C(1) and DST S(1)) wouild be affected to a lesser exteat due
to the filter bank’s sidelobe leakage. Second, by including the two lowest freqi:ency 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 schems from generating 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 chosea
to balance signal coding quality and transmission bit rate. In a preferred embodiment, the allocation limit is
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[ err] for 0<h<N_
(10) [err] for O<n < N

(11) where k = transform coefficient nunber, n = signal sanple nunber, K =
nunber of transform coefficients, -31- N = sanple block length. m=

phase term.for E-TDAC (see equation 62)3? C(k) = quantized DCT coefficient K.
S(k) = sét W8 \:i{selgr mlfoﬁﬂ)ﬁuklt&icﬁ% aliotal %ﬂ-gne of 128 kBits per second. In an application using
 efror correction codes (discussed below), the limit must be reduced 10 124 bits per transform block to maintain
the same bit rate. This limit is referved to herein as the allocation maximum or as the number of allocable bits.

The current implementation assigns a maximum of 4 bits per coefficient. This maximum represents a
design compromise between coding accuracy and total bit rate. It will be realized by one skilled in the art that
this maximum and the total number of adaptively allocable bits may be altered without changing the concept
or basic purpose of the invention.

Phase zero is an initialization process for the remaining phases. Phase one assigas bits, up to s 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
thoss coefficients which are adjacent to cosfficients 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 procedurs 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 idéntiﬁw the smailest subband exponent, which is the exponent for
the subband with the largest spectral component, and saves the value as X, All subband exponents are
subtracted from X, and the difference is stored in array M(). Note that the smallest possible subband

. exponeant 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 exponeat plus the value of three for the master exponent MEXP1.
See Table I. Therefore, the range of passible 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 elemeats, 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 elemeat 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 allocation process, as each element of A( ) is incremented, the number of allocated bits
is deducted from the mumber of bits remaining for allocation.

When all of the allocable bits are assigned during this or any following phase, that phass immediately
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(n)= recovered quanti zed signal x(n). Calculations are performed using an
FFT al gorithm The sane techni ques as those enployed in the forward
transformare used i‘n the inverse transformto permt concurrent

cal ¢ul ation of both the DCr and DST usi ng a single FFT. Figures 14a-14e and
16a-16g illustrate the transform proc®s of the anal ysi s-synthesis filter
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Pr i ncen through aaaycd( ), or pasil albatlaéable bits mﬂhgwdi ket firsy pass, tepph eEmiiDA()ttayaﬁwflor m
incremented by one if the corresponding element in array M( ) has a value equal to four. The second pass
increments by one each elemeat in A( ) which corresponds to each element in M( ) which has a value equal
'~ to three or four. On the third pass, array A() elements are incremented if the corresponding M( ) element
has a value within the range of two to four. The final pass increments those elements in array A()
corresponding to those M( ) elements which have a value in the range between one and four. It may be noted
that if the elements in array M( ) sum to the allocation limit or less, the contents of arrays M( ) and A( ) at
this point will be identical. If the number of bits assigned has reached the allocation limit, the bit-allocation
process is complete at the end of phase one.

If any allocable bits remain. allocation coatinues with phase two showa 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(l) for DCT blocks, or A(2) for DST
blocks) and works upward in frequency. On the first pass through array A( ), each element which bas 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 allocaticn limit, every element in array A( ) will have a value of either four or zero.

If any allocable bits remain, ailocation continues with phase three shown in box 803 of Figure 8. Like the
previous phases, phase three allocation will terminate as socn as the aliocation limit has been reached. This
final phase assigns additional bits to transform coefficients with lower spectral energy which are adjacent to
subbands of coefficieats with higher energy. This assignment is accomplished in three steps. The first step
scans array A( ) stasting with the highest frequency element A(36) (element A(39) is the starting element in
20 kHz bandwidth coders) in search of a group of two adjaceat 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 which
bave the vaiues {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, elemeats 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 ail 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,
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requires the application of a synthesis wi ndow identical to the analysis
w ndow and an overl ap-add of adjacent bl ocks. Each block is overl apped
100% 50% by the previous block and 50% by the foll ow ng bl ock.

Synf hesi s-wi ndow nodul ation is represented by box 115 in Figure Ib.

Anal ysi s-synthesis w ndow design nust®consi der filter bank per f or mance.

Because bo&nTvm ﬂ ed to nodul ate the tinme-donmain signal, the total
ef f ect upon er pergfor 3'5 is simlar to the effect caused by a single
wi ndow formed fromthe product of the two wi ndows. Design of the

anal ysi s-synt hesi s wi ndow palbrA@mrgaf,gmmd g,gﬁccorrpl I shed by designing a
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deptho 0153{10&? tlon As a result, filter performance is degraded to
a great exten an 1t is by an anal ysis-only w ndow desi gned w t hout
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1 for DCT blocks, or mbband 2 for DST b!ocks). subtﬂc! the subband exponent (see Table I) from Xy (3)
if the difference is zero, insert the subband number into tables T, Ty, T, and T,; (4) if the difference is
negative one, insert the subband number into tables T, T., and T; (5) if the difference is negative two, insert
the subband number into tables T,, and Ty; (6) if the differencs 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 Xyp-3
to Xumw, table T, contains subbands with exponents from Xym-2 t0 Xymy, table Ty contains subbands with
exponents from Xype-1 to Xy, and table T, contains subbands with exponents equal to Xy . 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 repmented in the table. The allocation is repeated in tura for table T, T,, and finally table T,. This
process continues until all allocable bits have been assigned or until ali entries in tables T, to T, have been
processed. As a bit is assigned to all coefficients in a subband, an entry in array A( ) corresponding to that
subband is incremented by one such that the elements in A( ) reflect the total bits ailocated to each transform
coefficient in each subband.

As noted earlier, allocation terminates immediately when all of the aliocable bits are assigned. Each table
entry represents a subband which, in general, contains multiple transform coefficients. Therefore, if the last
of the allocable bits are assigned to 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 auwmber 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 in array A( ).

Phase two constructs four new tables, T, through T,, using a procedure similar to that used in phase zero:
(1) Xypy still retains the smallest subband exponent; (2) for the lowest frequency subband (subband 1 for DCT
blocks, or subband 2 for DST blocks), subtract the subband exponent from Xy (3) if the difference is zevo,
insert the subband number into table T,; (4) if the difference is negative one, insert the subband number into
table Ty; (S) if the difference is pegative two, insert the subband number into table T,; (6) if the difference is
negative three, insert the subband number into table T,; (7) coritinue steps three through six for each subband
until ail subbands have been processed. At the end of this step, table T, contains the numbers of all subbands
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wi ndow desi gn. Wile any anal ysis w ndow may be used as a starting point,
several wi ndows permt design of a filter bank with good selectivity, and
they offer a nmeans to trade off steepness of transition band rolloff

agai nst depth of stopband rejection. 'r%r ee exanples are the Kaiser-Bessel
wi ndow, the Dol ph-Chebyshev wi ndow, and a w ndow der| ved fromfinite
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rej ecti QRwesoRequeltyy Loty iff labi6 §,, 2ROYiPis assigned to each coefficient contained within each subband
represeated 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
eatry from table T, to T, as the additional bit is assigned. Then entries in table T, are processed, moving the
entries from tab'le T, to T,. If any allocable bits remain, allocation continues by repeating the proeess for table
T;, and then table T,. If bits remain to assign, a final pass is made through the eatries in table T,. If phase
two does not assign all remaining allocable bits, table T, contains all of the coefficients, each having received
4 bits, and tables T, through T, are empty. If all allocable bits have been assigned, asray A( ) is rebuilt from
the information contained in tables T, through T, to reflect the total bits allocated to each tramsform
coefficient. Each element in array A( ) corresponding to an eatry in table T, is assigned a value of four. Each
A( ) element corresponding to an entry in table T, is assigned a value of three; for table T, a valus of two; and
for table T, a value of one. All other elements of A(), i.2., 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,. Forexample, suppose two adjacent eatries in table T, represent subbands 16 and 12. These two subbands
are separated by three subbands. Therefore the number 15, represeating the subband below subbaad 16, would
be inserted into table T,. '

The second step adds subbands to table T, which are not in table T, that are higher in frequency and
adjacent to subbands which are in table T,. Starting with the first (highest frequency) entry in table T,,
adjacent entries in the table are examined to determine if they are separated by one or more subbands. If they
are, the number of the subband immediately above the lower subband is inserted into table T,. For example,
suppose two adjacent entries in table T, represent subbands 16 and 12. As discussed above, these two
subbands are separated by 3 subbands. Therefore the number 13, representing the subband above subband 12,
would be inserted into table T,.

Starting with the first eatry in table T,, an additional bit is assigned to each transform coefficicat 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 prooessing table T,, & similar process repeats
for the entries in table T, moving each entry from table T, into table Ty. Processing continues with table T,
entries if any bits remain to allocate, moving entries from table T, into table T,. If any bits remain after this
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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.
Thi s range provi des- a good conprom se between steepness of transition band
roltoff at md-frequencies (1-2 kHz), and depth of stopband rejection for
| ow frequenci es (bel ow 500 Hz) and hi'ﬁ"h frequenci es (above 7 kHz) The
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aumber of ailocated bits equa! to the allocation maximum.

S. Code Word Truncation

The fifth section of the nonuniform quantizer, shown in box 705 of Figure 7, follows the adaptive bit
allocation routine. Using the subband and master exponents determined in previous sections, each transform
coefficieat in a transform block is shifted.to the left a number of times equal to the value of the exponent for
the subband in which the coefficient is grouped, plus three more shifts if the associated master exponent is set
to one. Each coefficient’s total bit length is then calculated by adding its minimum bit length (see Table I) to
the number of adaptively allocated bits assigned to coefficients in each subband, found in array A( ). Each
transform coefficient code word is rounded off to this bit length.

As described above, each element of array A( ) represents the number of bits assigned to all 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 blocké for transmission or storage. This
process is represented by box 109 in Figure 1a. The following description discusses the formatting of two
adjaceat transform blocks in a one-channel system. The same technique is 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 exponeats,
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 2
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
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over | ap-add interval . The overlap-add proces cancels alias distortionand
the nodul ati on effects of the analysis and synthesis w ndows. The
convol uti on which derives the product wi ndow is shown in equation 13, where
t he" denom nat or of the expression scales the window such that its maxi num
val ue approaches but does not exceed w¥tty. This expression may be
simplified to that shown in equation 14. [err] where n= product-w ndow
sanpl e rRstseRization-bits qreyequirest. t@g’m@é frame 4 repdogrizrd S5ingY teptinigpe desqribed,ig|Smity =
desi r ed pig@Q Trndhission Sy3temel UNEw WoRt/ONY: Wi )Nosirdd® Reinfdld) EolVi D9dS)Vpp.Lingd-236N Of
L ength gt dhinization isperformed to reduce the probability that valid data within the frame will be mistaken for the
synchronization pattern. The randomized frame is then appeaded to the frams synchronization bits.
Note that each transform coefficient may be represented in as many as two distinct parts or segments. The
first part represeats 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 schemé is chosen over one which represents each coefficient as
a variable length word because it is more immune to corruption by noise. If a noise burst occurs in a frame
utilizing the preferred scheme, the effects of the noise will be confined to the value of the exponeats, code
words, or allocated bits directly affected by the noise. If a noise burst occurs in a frame utilizing variable
length code words, the effects of the noise can be propagated through the remainder of the frame. This
propagation may occur because the noise burst will alter not only the value of the 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 length of one code word is in error, the remainder of the frame will be misinterpreted.
" An encoded DCT transform block includes 183 coefficient mantissas comprising 537 bits (see Table I) and
133 adaptively allocated bits, for a total of 670 bits. Because DST coefficient S(0) is always zero (ses Table 1
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 leagth to 1486 bits. (For the 20 kHz embodiment, the total biock-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 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, aﬁerallsﬁhbande_xpomlshavebmmeeiwd, the deformatting
process is able to determine bit allocations made to each transform coefficient while the adaptive bit blocks are
being reccived. The formatting structure used in the preferred embodimerit of an encoder according.to the
present invention is shown in Figure 20. The bit stream is formatted with the master and subband exponeats
in ascending frequency order. Then the fixed-length portion of the coefficient code words for transform block
A are assembled in ascending frequency order, followed by the coefficient code words of transform block B.
Finally, the adaptive bit blocks for block A are appended to the bit stream, followed by the adaptive bit blocks
for block B.
In applications where potential data corruption is of concern, an error correction scheme is necessary.
Errors in subband exponents, and to the lesser extent, errors in the lower-frequency coefficient code words
generally produce the greatest audible distortion. This information is the most critical data to protect. A
preferred scheme protects the master and subband exponents with error detection and correction codes, and
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O ot herwi se The anal ysis and synt hesis wi ndows shown in equations 15 and 16
are obtained by taking the derived product-w ndow WP(n) to the A and S
powers respectively. WA(n)=WP(n)[err] 9 for O<n <N
(15) Ws(n) = WP(n)[err] . f6f"0<n <N
(16) = I RLS - W “ﬁﬁﬁ Lons 13 and 14). WA(n)
= analysis wn _ovvavl,_ (%{heg syngﬁgiﬁpgv\?\ng’%yéw, Eﬂ%&]‘é‘f'ﬂ o1t ﬁ"e"‘g”c@em
pr oductis PwRimFiswnl-A + S = 1. In the preferred embodi nent of an encoder
and a deqpdififbe6ARIsT 613 skiled!ih) e ik AREher FrRMe Rithahnd EddRcridh 8dd¥sSthay be utilized

without departing from the basic invention.

When error correction codes are empioyed, fewer adaptively allocated bits are used in order to maintain
the same total bit rate. The total number of exponent and mantissa bits for one frame of a DCT/DST block

WP(n) = derived product-w ndow of length N, and 1 for 0 < k < Nv s(k) =

pair is 1220 bits. Of this length, 150 bits are subband and master exponeats. Oge (21,19) Reed-Sclomon error
correction code is added to the bit stream. The code, sixteen bits in length, provides single-symbol error
detection/correction for as many as nineteen 8-bit symbols (bytes), or 152 bits. See, for example, Peterson
and Weldon, Error-Correcting Codes, Cambridge, Mass: The M.LT. Press, 1986, pp. 269-309, 361-362.

Of the 152 bits which may be protected by the code, 150 constitute the master and subband exponent bits
(15 kHz version). The remaining error correction capacity is utilized by providing redundant protection for
the two master exponeats. A total of eighteen bits are required to represent the 16-bit esror code and redundant
master exponents. Thesebiﬁmaddedtotheformﬁeddahsmmwithominuusingthewmudmm
by reducing the number of bits available for adaptive bit allocation. As a result, the total allocable bits for
each block in the transform block pair is reduced from 133 to 124.

The Reed-Solomon codes process data in bytes, therefore the esror 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 uoprotected 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
po lenger than 65 bits in leagth. _

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

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

G. Deformatting
A deformatting process takes place when the digitized and coded signal is received from transmission means
111 either by receipt of a transmitted signal or retrieved from storage. The process is represented by box 112
in Figure 1b. If the formatted frame of code words was 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
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and- synt hesi s wi ndows have a length of 512 sanples with a 100% wi ndow
overlap, or an overlap interval of 256 sanples. The values of A and S are
each set to one-half. which produces a pair of identical analysis and
synthesis wi ndows as required by the E-TDAC transform Substituting these
val ues into equation 14. the resultingfanalysis window is seen to be [err]
where Wn) = Kaiser-Bessel function of length 257, and the al pha factor is
in the M™emgeand adgptiyely assigmydchits.o Firrpg) eproastion sades. | if pessents Y ibe asrdrte rectifypiresesed
upon W RgiRwsceE&irB tradshiRsigbrkiSges and synt hesi s wi ndows nust be desi gned

such t hat e sal ysi s-s hesi rodyct - wi_ ndow al S SUnMB to unity en
two adj ace%{l‘ °6?%° uc fexﬁfnzn'gtg%ma%ge%d\?“é%‘ ﬁf)%ﬁwn%ﬁ @X\?e h‘?“?{%m{ﬁ ‘?‘gmr‘nﬁ%\ged
because thincheskefailsa pe.a sl ehaster sxnoneat dnd its reduidantcoynterpasy arg #ob equaliythe dadweedf theadasterct s of

the analeysihdit isaBimed idtob 6l If ok Qtedd/viTR A R chatbr exgdabn® is gaéo,i:ﬁ; LeRipRaENt ed
by box 116 in Figure 1b, and illustrated in Figures 16a-16g. Signals
y[ er r] ( t¥ill gdvee pheAnp]ituds of all transtoam engtficicnsswithin the thoprrant master

respect iexgonsat. Thieassipton priiubes (s objactibfiubleaidthriib than drfofiddusly Stliag a mdsteg expoiad i nt o
a series, of | BhO¢ K Shoula®s dne) 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
* pecessary. '
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 ailocation of the adaptive bit
blocks to the transform coefficients. The portion of each transform coefficient whose length equals the
minimum bit length plus any adaptively allocated bits are loaded into a 24-bit word and then shifted to the right
a number of times equal to the value of the appropriate subband exponent plus three additional shifts if the
associated master 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-domain
coefficients recovered from the deformatting and linearization procedures into a block of time-domain signai
samples. An inverse transform from that used in analysis filter bank 104 in Figure 1a implements synthesis
filter bank 114. The inverse transforms for the E-TDAC technique used in this embodiment of a decoder
according to the present invention are alternating applications of a modified inverse DCT and a modified
inverse DST. Because half of the transform blocks are omiited from tmnsmssnon or storage (see
expression S), 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 inverss DST is expressed in

equation 11.

&x) = -CN-K) forN2=<sk <N ®
S$x) = S(N-k) for N2 <ksN ®
£-1 - '
n) = lz (o1 3 .m[zﬂ(”*’")] for0 <n<N (10)

Kis X

15 . nem
= 1% S(k)csm[ng( )] for0 s n<N an

Kie K

where k = transform coefficient number,
n = signal sample number,
K = number of transform coefficients,
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signal block is nodul ated by the synthesis-w ndow functions shown in

Fi gures 16b and 16e. The resulting bl ocks of signals Y[err](t) and
Y[err](t) are shown in Figures 16c and 16f. The two signals. overl apped by
onethal f block length, are added to produce signal y(t), shown in Figure
16g. Signal y(t) is an accurate recomdtruction of the original input

signal. As shown in Figure 18, a signal sanple at sone tinme not within the
over | ap i nt¥rvsimpleiackdmgthl ock k and bl ock k+ 1 is represented by a sanple

in each of &@wawM%%&DA&L&%mG@H over ap-add of the two w ndowed

bl ocks. theprecovered Ie at time n[err]t is seen to be the sum
of the sarrpFé‘geT‘F“G?ﬂmﬁ‘ég% cicat Ky *34- blocks k and k+ 1. which may be
expressed a$(kx&njusmtizddt DSToWBficient §,@nd err]t) . x(n[err]t) + WP[err](n[err]t)
x(nferr]t) X(n) = recovered quantized signal x(n). (18)
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 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 represeated by box 116 in
Figure I1b. The overlap-add process is discussed below.

. L 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%;: 50% by the previous bliock and 50% by the following block.
Synthesis-window modulation is represented by box 115 in Figure ib.

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 muitiplication
of the analysxs and synthesis windows. This design is highly constrained, reducing flexibility in trading off
the steepaess of trausition 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 ast 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 stacting point, several windows permit design
of 2 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,” JEEE
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
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where WP[err](n[err]t) = WAJerr](n[err]t).W5err](n[err]t) =
{WAferr](n[err]}t) WAJerr](n[err]Jt) analysis wndowin block k at tine
nferr\l, W[ err](n[err]t) = synthesis window in block k at tinme n[err]t,
and" WAl err](n[err]t) = We[err](n[err]t) as required by the E-TDAC
transform The product-w ndow nodul ati"6n effects are cancelled if the sum

of the J od - W vaclass .t he knd ver | i.nt erval
oqual s, iRy S Bedns i RN Tohs M DARHR ot o Sl R M K Bl e

WP[ err](’ﬁ["é%ﬁ‘ﬂ“?’)‘“dl-"»\ﬂl“{%fﬁr("?f[@r?' jboye. | for O<n <N

(13) b}‘orkahlalpgimlesaj _mljrﬁ?;at4 1&&:&& mstda?nqxeklp&wh ' tﬂfguﬁdmlapm&d ePhdaCk K
an (o] + 1.t i ifficult tqg work wth the product-w ndow as a
FUncti oot potedind 8 o prresl iitnn., ik nge pioisks b 4pod Ao B Brrpaesior
expr ess gehsition ksgd collofbat ndddfréquencies1-2 kiia) t and depth of siipbriidiejectivnfiir pwriteqdeediesifbelow
Equatio Q‘Q‘g&ﬁi | By ' Hg;-m

c(r:]eat ed%r%%%éﬁgro u‘ct&?g?&vgsg‘gl&? .'gl?e %gbggﬁ%h gg%_l‘?‘sﬁ‘agn syr?'? H%g S

wi ndows SFRuET sipaiatioas by identifying the dewed dipbevajues,vhichdnvesufipient gopbrad rejectipn torkeerf i r st

hal f of qudnistpuoltPbaéw the psycholicotid Afskinglebhofl t he previ ous w ndow WP[ err]
Equat i on %ekegrgsenl%sndw%n&\égal ap of the last half of w ndow

'Iolm:: l-(ﬁn- for0<n<N . ' (12)

W) = —

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 leagth N is derived by
convolving window W(n) of length v+ 1 with a rectangular window of length N-v. The vaiue v is the window
overiap-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=l
Y (k) - Win-k)

WP(n) = ﬂ_’___ for0<sn<N (13)
K
Z.:W()
pra
Y Wn-b) .
WP(n) = _“."+___.. for0 s n< N (14)
k
hEnM)

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,
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WP[err] and the first half of the follow ng wndow WP[err]. Equations 22

and 23 show the equival ent expressions in terns of the analysis w ndow.

WP[err] (n+256) + WP[err](n)=1 for 0 < n.< 256

(20) WP[err](n) + WP[err](n-256) =1 3 for 256 < n <
(21) {V\A[err](n+256):1[err] + {WA[err](n)}[err] =1

f 0 < (
{\c/)\;\[err]n(n%@l?}[dem Wmﬂgﬁa@b{m”](ga}[e”]

256 < < 512
(23) where é/if[er ’(rﬁ?’°—$\Mfé¥'Y](n) W[ err] (V) {V\A[erp](n)}[err],
WAl err] (n) ana o iotheM¥idgadow val ue for sanple n in block k, W5 err](n) =

ST S i BT By e B e AR HSEERY bk e A1)

repr _esqmduct-mnﬂmmltmhahaddgpommm og converter which generates

varying voI g Si gnalgiggrgspense to a digital input. The disgital
I nput is obt al ned ‘gm t he 1 erstnes:q@nl ficant ?is?
WS(n) = WP@)* for0 € n <

(16)
where WP(n) = derived product-window (see equations 13 and 14),

WA(n) = analysis window,
) WS(n) = synthesis window,
= length of the product-window, and
A+8=1.

In the preferred embodnnentofmencoderandadeeodermrdmgmthepresentmvennon the analysis
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 oae-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(n) = for0sa< N an

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

J. Overlap-Add

An additional requirement is placed upon window design: the analysis and synthesis windows must be
+ designed such that the analysis-synthesis product-window always sums to unity when two adjacent product-
windows are overlapped. This requirement is imposed because an overlap-add process is used to caacel 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 lﬁa—lﬁg.. 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 y(t) and §,(t) are shown in Figures 16c and 16f. The two signals, overlapped by one-half
block length, are added to produce signal y(t), shown in Figure 16g. Signal y(t) is an accurate reconstruction

of the original .input signal.
As shown in Figure 18, 2 signal sample at some time n.t 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
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bits of the 24-bit integer words produced by the overl ap-add process. The
anal og output should be filtered by a | owpass filter with a passband
bandwi dt h of 15 kHz (20 kHz for the 20 kHz coder) to renove spurious high-
frequency conponents. This filter is ngh shown in Figure |b. 1]
ALTERNATI VE O TDAC | MPLEMENTATI ON OF | NVENTI ON Anot her enbodi nent of an

encoder ggdks R abHIPH Which GaP bkix Qst he present invention enploys an

alternate transformreferred 1o here}i@ as Oddl y- Stacked Ti me- Domai n
Al i asing Canc¥P 5t WEKRD HEhR Y Peepti*P)| | owi ng description di scusses $8e

di ff er enebge iwxmmhewaaboatwwmet{mgm_t)t’he E- TDAC and O TDAC transforns.
modi 16 D1 scy SR Cosriies veiel ol i@l | S orm function whien 1 @
WSngt) = synthesis window in block k at time nyt, and
WA (not) = WS, (nit) 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 at) + WP, (at) = 1 for0=sa<N (19)
for all time samples nt within the overiap interval betweea block k and biock 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 syathesis windows with 100% overlap. Equation 20 represeats the overlap of the first half of window WP,
and the last half of the previous window WP, ,. Equation 21 represents the overlap of the last half of window
WP, and the first balf of the following window WP,,. Equations 22 and 23 show the equivalent expressions

in terms of the analysis window.
WP,,(a+256) + WP(n) = 1 for0 < n < 256 (20)
WP(n) + WB,,,(a-256) = 1 for 256 < n < 512 1)
{WA(0+256)) + {WA @) = 1 for0 < n < 256 22)
{WA M)} + {WA,,,([n-256)} = 1 for 256 < n < 512 (23)

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

K. Signal Output _

Box 117 in Figure 1b represents & 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 2 passband bandwidth of 15 kHz (20 kHz for the 20 kHz coder) to remove spurious high-
frequency components. This filter is not shown in Figure ib.

. ALTERNATIVE O-TDAC IMPLEMENTATION OF INVENTION
Another embodiment of an encoder and a decoder according to the present inveation 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.
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equation 24. [err] where k = frequency coefficient nunber, n = input

si gnal sanple nunber, N = sanple block |ength, nr phase termfor O TDAC
(see equation 6), x(n)= quantized val ue of input signal x(t) at sanple a,
C(k) = DCT coefficient k. The O TDAC transform produces a set of spectral

coefficients or transformblocks of t#e form C(k) for O< k < N2

{C(k)}[err] O for k = N2 e i ,= signal sanple block nunber, and
C(k) = DCT coefficient (see eqf}gﬁ’mmﬁm

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

¥-1 _
C(®) = ¥ x(n)-cos 23(}:%)("""’)] for0 <k <N @4)
=0

N

where k = frequeacy coefficient number,
n = input signal sample aumber,
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
{Cawh = [o fork = N/2 @
where i = 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
premuitiply-transform-postmuitiply process used in the E-TDAC version. The premultiply step converts the

real valued sequence of signal samples x(n) into a complex valued sequeace by modulating the signal samples
by the complex function

exp(-iﬂ-'-'ﬁ) | | (26)

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

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

X0 = FFI'[x(n) -exp(-jn%)] 2N
C(k) = R(X)-cos 21:(k+l)(-'-n- + Q(F) -sin 23(k+l)(_"_‘. . (28)
2 N) 2 N)
where j = V-1, ‘
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The conputation algorithmused is the Fast Fourier Transform (FFT). Unlike
the E-TDAC version, the O TDAC i npl enentati on does not use a single FFT to
concurrently transformtwo signal sanple bl ocks. The conputati onal
conplexity of the transformis reduceds however, by enploying a technique
simlar to the premultiply-transform postmultiply process used in the

E- TDAC ver si QR ingild Gigi S3glelnbibey, St ep converts the real valued sequence of
si gnal sanpl ﬁ‘s x(n |§L$ a conpl ex val ued sequence by nodul ati ng t he si gnal
sanpl es by tHhe™ bloek dgagthe | on wher e j=-1, n =input signal sanple nunber,
and N = sanpke= frbqueky baeffgielt.nulbdnl screte Fourier Transform i npl emented by a

FFT transforms=gp£egggkjri&§b§ég&agqu§iml es into a set of transform

coefficients. Because the EFT Is a conplex transform the real and
i magi nary paRfk sorealipag ofgoelficie X' &k gnal sanpl e set can be transforned

concurrent | y Qafyi=Nidapidary parPéFcbéfididat XiRy, miep obtains the true DCT

coefficient S'C(k hi S OGESS | S represented bel ow in equations 27 and 28.

In one embodimeat of a one-channel encoder according to the preseat inveation, 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 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 an alternating
sequence of cosine transform blocks of the form

{C1()}e. {C2K)}ys {CLK},, {C2KN}s, - - - ' (29)
where Cl(k), = DCT, coefficieat 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 ir 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-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 onc-quarter point of the sample block, but the sign of its amplitude is
inverted from that of the input signal. For the second half of the sampled signal block, the aliasing is time
reversed about the three-quarter point of the sample block with no change in sign. See Figures 23b and 23d.

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

B. Nonuniferm Quantizer
The nonuniform quaatizer 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(Q), therefore, ali 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.
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[err] where j = -1. -36- n = input signal

bl ock length. k = frequency coefficient nunber,

(see equation 6), R(k) = real part of coefficient Xerr](k), QKk)
DCT coefficient k.

| magi nary part of coefficient X(k), e}gd C( k)

sanpl e nunber, N = sanple
m= phase termfor

O TDAC

C. Formatting and Deformatting

Each encoded DCT block includes 183 coefficient mantissas comprising 538 bits (see Tables I and II) and
130 adaptively allocated bits, for a total of 668 bits each. The two master exponents and 37 subband exponeats
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 implemeatation.

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
ideatical 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. .
&) = -CNK) for N2 <k <N (30)

#n) = lg é® .m[z,;(k+_1.)("*"')] for0 sn <N G1)
K&l 2.k
where k = transform coefficieat number,
n = signal sample number,
K = number of transform coefficients,
N = sample block length,
m = phase term for E-TDAC (see equation 6),
€(k) = quantized DCT coefficient k, and
%(n) = recovered quantized signal x(n).

The O-TDAC implementation of the inverse transform reduces computational complexity by empioying 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
tr.msformsthetedmdimaginaqparpofﬁemdiﬁeﬁmefﬁdmmmgasing!einvemmm,ami
obtains the time-domain signal from postmultiplication, as shown in the following equations.

() = lFFT{C(k) -m-nzzfﬁ)] for0 <=n<N (32)
£n) = r(n)-cos nl;ﬂ] - o) sin[ 2ml fro<a<N 33)
whers j = /-1,

m = phase term for O-TDAC (see equation 6),
N = sample block length,

k = frequency coefficient number,

n = input signal sample number,
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I n one enbodi nent of a one-channel encoder according to the present

i nvention, two consecutive overl apped signal sanple blocks are stored in
buffers and transformed together using two FFT processes into a

DCT/ DCT[err] block pair. In tw-channe|l systens, signal sanple blocks from
each of the two channels are transfor mfd by two FFT processes into a

DCT/ DCT bl ockgaynainds df ,&F wed that with the proper phase conponent m
(see equation 6) .and a carefully designed pair of analysis-synthesis

wi ndows, t hed® TrimRSREoMRofBaPleaimamdur at el y recover an input signal from
an al ternati k@) saerenicuartizzaQighilm).r ansf orm bl ocks of the form {Cl(k)}[err]

{C2(k)}][er err C2 yerr]... o

(29) where %%%%%f#gis&ﬂW%PW£'d%%mwwmd
C2( k) [ erfor)thet- dopl¢dhsntstiamnt k of signal sanple block i. Note that this
sequence of transform blocks is fornmed by discarding, in effect, every

ot her transform bl ock from each channel in a two-channel system or every
ot her transform bl ock fromeach of both DCT used in a single channel

system
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The O TDAC transformation and alias cancellation process is very simlar to
that for the E-TDAC transform and is illustrated in Figures 22a-22e,
23a-23d. and 24a-24g. The principal difference is the formof the alias
conponent. For the first half of the §arrpl ed signal block, the alias
conponent is a tinme reversed i mage of” Yhe i nput signal about the on-quarter
point of the sanple block, but the sign of its anplitude is inverted from
that of the input signal. For the s hal f of the sanpled signal bl ock,
the aliasing is time reversed about t hree-quarter point of the sanple
block with no chaage in signsueeR Figures 2gkaRjast 23d. Mimslgsi gn and use

of anal ysis and sggpt hesi sgxp NdOWSExpS.al dent | drinbde® t hat f @i il TDAC. See
Fi gures 24a-24g. B. Nonuniform Quantizer The nonuniform quantizer for the

O TDAC +-pterepi-at-t-of—-S—dehteat—t-o—that—used—w-t-h—-he—=—tDAC-t+ansf or m
i mpl erent ati on WMEKP®ON| y &XP@w mi #bits"di f f erendes due to 8his'f act only DCT
bl ocks are present. In ea&¥Pbl ock pair. both tkansform bfbigeks i ncl ude
coefficient C(O, therefoB&P2all subband exporfents are shared by the two

bl ocks. Consequently, the®$P¥an be no bidden Bit and the "nini mum' bit
length for coefficient 4

s
5 5
EXP6 6
EXP7 7
EXP8 8
EXPO 9
EXP10 10
EXP11 11
EXP12 12
EXP13 13-14 4 bits
EXP14 15-16
EXP1S 17-18
EXP16 ~ 19-20
EXP17 21-2
EXP18 23-24
MEXP1 EXP19 25-27
- EXP20 28-30
EXP21 3133
EXP22 34-37
EXP23 3841
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 producés 2 zero value for coefficient S(0). This is known a priori by the decoder, therefore
the exponent and mantissa for $(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 I
Frequency Coefficients for 15 kHz E-TDAC Coder
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is fixed at nine bits (as opposed to eight bits for E-TDAC). See Table II1I.
Dynam c bit allocation is virtually the sane as that for E-TDAC.
Coefficient C(O is excluded fromthe allocation process for both bl ocks in
each pair, and because of the increaseddtength of each transform bl ock

pai r, discussed below, the allocation limt is only 130 bits. -37- C
Formatting and DefMsswtti ng EacBubbmdoded DCT IdoefGéicnt ncl udeMinibibth coef fi ci ent
mant i ssas conpi si nd*B38 bi t Bxp( see FabLles | anBumbets) and 13Bitddaptivel y

all ocated bits, for a total of 668 bits each. The two naster exponent s and
37 subband exponents or 148 DITS snared by Dot OCT D ocks brimgs tie

DCT/ DCT[err] block pair |en Op- 486 bits, the s a that for t he

MEXP1

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 La

MEXPO EXPO 4 bits 0 9 bits

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

Table Il .
Frequency Coefficients for the O-TDAC Coder
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The structure of the formatted frame wi thout error correction codes is very

simlar to that used in the E-TDAC i npl enentatio | n Figure
25. The franme structure with error correction coummmmﬂuﬁmmto t hat
for” E-TDAC, and is shown in Figure 21, The deforntttt ng pMocéss*is

i dentical to that described above exé"ébt no checks are nmade for any hi dden

bits. D. Inverse Transform Hal f of %%CT bl ocks are omtted from
transm ssion or storage, and are re ed fromthe avail abl e DCT bl ocks

using the relationship shown in equation 30. The inverse DCT is shown in
equat i on I3 2An efgpder for the(ighi-quility digital encoding of wideband analog audio inff@matidh ompdsing N

hunber - K —Saat for Seplibd BB videblo o WP atonthicg Bl RITRER)

sample blocks, )

analysis-window means for weighting each time-domain signal sample block with an analysis window,

means for generating frequency-domain transform blocks, each transform block comprising a set of
frequency-domain transform coefficients generated in response to an analysis-window weighted time-domain
signal sample block, said means comprising means for applying a discrete transform function to each of
said analysis-window weighted time-domain signal sample blocks,

aonuniform subband quantizer means for quantizing each frequency-domain transform coefficient, said
quantizer including means for grouping the transform coefficients into subbands, means for
adaptively allocating bits, and means for generating a2 code word for each transform coefficient, said
quantizer means allocating a fixed number of bits to at least the lowest frequency transform coefficient code
words, and :

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

2. An encoder according to claim 1 wherein said code wonds, other than said at least lowest frequency

transform coefficient code words to which a fixed number of bits are allocated, comprise a fixed number of
bits and an adaptive number of bits.

3. An encoder according to claims 1 or 2 further comprising means for storing pairs of adjacent time-
domain signal sample blocks and for generating frequency-domain transform-block pairs, wherein each of said
frequency-domain transform-block pairs comprise said frequency-domain transform coefficients generated in
response to each of said pairs of adjacent signal sample blocks, said nonuniform subband quantizer means
including means for representing the frequency-domain transform coefficients in block-floating-point form
comprising a mantissa associated with an exponent, a single exponent being shared by pairs of subbands, one
subband from each frequency-domain transform block in each of said frequency-domain transform-block pairs.

4. An encoder according to claims 1 or 2 wherein said nonuniform subband quantizer means further
includes means for representing the frequency-domain transform coefficients in block-floating-point form
comprising a mantissa associated with an exponent, and for normatizing at least some mantissas such that the
most significant data bit of positive nonzero mantissas is nonzero and the most significant data bit of negative-
valued mantissas is zero, whereby the sign bit and the most significant data bit in a normalized mantissa are
of opposite value, said nonuniform subband quantizer means dropping the superfluous sign bit for subbands

represented by a single frequeacy-domain transform coefficient and a unique exponent.

5. An encoder according to claims 1 or 2 wherein said wideband analog audio information represents two
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m = phase termfor E-TDAC (see equation 6), C(k) = qua
coefficient k, and x(n) = recovered quani zed signal x( “"ﬁ MH”“I
i npl ementation of the inverse transformreduces conput ats oma tcomplexity by

enpl oying a simlar premultiply-transigrm post nmultiply process as that
used in the forward transform This process converts the real-val ued DCT

coef fi ctipmdess df Fhidio a;paeindmcm |n8hnifTbnd \Ridtied ofe@Bid biS B fruping said

concurrentl transfor real and i pary parts of the nodifie
coeffic Cipats 2 “ﬂf’rlﬁ%“ﬁ—ﬂ’fg BT‘E‘IW@"E‘?‘EE"’(W fdomai n

si gnal fsa\damnpfom-mdktpm mbutmg\oneaﬁsﬂmnhmlst Sl doodnifomi sobpasiyuaitize Asans| er r |
for 0 <

phase t glrdrihg rfﬁ?)érﬂ% TDAC ﬁ(‘s €ee equaﬁdo‘ﬁmé‘;m f@%%{ “{ Pwk ‘1%‘%??@‘ m\rfo&'&msmg

a maantissa associated with an exponeat, a single expoaent being shared by pairs of subbands, one subband from
each transform block in each of said transform-block pairs.

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

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

linearization means, including adaptive bit allocation means, for reconstructing frequency-domain
transform coefficients using the deformatted code words, said linearization means allocating from a set of
bits used to represent said code words a fixed number of bits to at least the lowest frequency reconstructed
frequency-domain transform coefficients,

means for generating time-domain signal sample blocks in response to said reconstructed frequency-
domain transform coefficients, said means comprising means for applying an inverse discrete transform
function to the reconstructed frequency-domain transform coefficients,

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

signal block overlap-add means for fmneelling window weighting effects to recover a digitized
representation of the analog audio information, and

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

7. A decoder according to claim 6 wherein said code words, other than said at least lowest frequency
transform coefficient code words to which a fixed number of bits are allocated, compriss a fixed number of
bits and an adaptive number of bits.

8. A decoder according to claims 6 or 7 wherein the nonuniformly quantized transform coefficients are
expressed in block-floating-point form comprising a mantissa associated with an exponent, said linearization
means further comprising means for mconstmcfing pairs of frequency-domain transform coefficieats from pairs
of mantissas sharing an exponent. '

9. A decoder according to claim 8 wherein said means for generating time-domain signal sample blocks
generates a pair of blocks in response to said reconstructed frequency-domain transform coefficients, said pair
of blocks representing adjacent blocks of quantized input samples from one channel of audio information.

10. A decoder according to claim 8, wherein said coded signal represents two channels of audio
information, each transform coefficient in said reconstructed pairs of frequency-domain transform coefficients
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k = frequency coefficient nunber. n = input-signal HJEBEF“-““_-SB-
V(u) = real part of sanple x[err](n), q(n) = |nag|n ﬂi "e
x[err](n), and x(n)y = recovered quantized signal x(

w ridowi ng, overl ap-addi ng, and si gnalyzout put processing is i dent’i cal to
t hat descri bed above for the E-TDAC i npl ementati on.

represeating one of said two channels of audio information, wherein said means for generating time-domain
signal sample blocks. generates pairs of blocks in response to said reconstructed pairs of coefficients, each of

said pairs of blocks representing a block of quantized input samples from each of said two channels of audio
information.

11. A decoder according to claims 6 or 7 wherein said linearization means reconstructs any missing sign
bit for any of said reconstructed frequency-domain transform coefficients represented in block-floating-point
form comprising a normalized mantissa uniquely associated with an exponeat.

12. A system for the high-quality processing of wideband analog audio information comprising an encoder
according 10 any of claims 1-5 and a decoder according to any of claims 6-11.

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

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

weighting each time-domain signal sample block with an analysis window,

generating frequency-domain transform blocks by applying a discrete transform function to each of said
analysis-window weighted time-domain signal sample blocks, each transform block comprising a set of
frequency-domain transform coefficients generated in response to an anaiysis-window weighted tinie-domain
signal sample block,

nonuniformly quantizing each frequency-domain transform coefﬁc:ent. said quantizing including
grouping the transform coefficients into subbands, adaptively allocating bits, and generating a code word
for each transform coefficient, said quantizing allocating a fixed number of bits to at least the lowest
frequency transform coefficient code words, and

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

14. An encoding method according to claim 13 wherein said code words, other than said at least lowest

frequency transform coefficient code words to which a fixed number of bits are allocated, comprise a fixed
number of bits and an adaptive number of bits.

15. An encoding method according to claims 13 or 14 further comprising storing pairs of adjacent time-
domain signal sample blocks and generating frequency-domain transform-block pairs, wherein each of said
frequency-domain transform-block pairs comprise said frequency-domain transform coefficients generated in
response to each of said pairs of adjacent signal sample blocks, said nonuniform quantizing including
representing the frequency-domain transform coefficients in block-floating-point form comprising a mantissa

associated with an exponent, a single exponent being shared by pairs of subbands, one subband from each
frequency-domain transform block in each of said frequency-domain transform-block pairs.
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1 - 5 bits+ EXP2 44~
3 EXP4 4 EXPS 5 EXP6
6 EXP7 16. An encoding method according to/claims 13 or 14 wherein said wideband analog audio information

represeats two channels of audio input, and wherein said nonuniform quantizing is also for grouping said
frequency-domain transform coefficients into frequency-domain transform-block pairs, each block in each of
said transform-block pairs representing one of said two channels, said nonuniform quantizing further
representing said transform coefficients in block-floating-point form comprising a mantissa associated with an
exponent, a single exponent being shared by pairs of mbbamis, one subband from each transform block in each
of said transform-block pairs.

17. An encoding method according to claims 13 or 14 wherein said nonuniform quantizing further includes
representing the frequency-domain transform coefficients in block-floating-point form comprising a mantissa
associated with an exponent, and normalizing at least some mantissas such that the most significant data bit
of positive nonzero mantissas is nonzero and the most significant data bit of negative-valued mantissas is zero,
whereby the sign bit and the most significant data bit in a normalized mantissa are of opposite value, said
nonuaniform quantizing dropping the superfluous sign bit for subbands represented by a single frequency-domain
transform coefficient and a unique exponent.

18. A decoding method for the high-quality reproduction of wideband analog audio information from 2
coded signal including information digttta!ly encoded by an encoding method that generates code words in
response to quantized input signal samples weighted by an analysis window, said code words corresponding
to nonuniformly quantized transform coefficients, comprising

deriving code words from said coded signal,

linearizing, including adaptive bit allocating, to reconstruct frequency-domain transform coefficients
using the deformatted code words, said linearizing allocating from a set of bits used to represeat said code
words a fixed number of bits to at least the lowest frequency reconstructed frequency-domain transform
coefficients,

generating time-domain signal sample blocks in response to said reconstmcted frequency-domain

transform coefficients by applying an inverse discrete transform function to the reconstructed frequency-
domain transform coefficients,

weighting the time-domain signal sample blocks by a syathesis window,

overlap-adding to cancel window weighting effects to recover a digitized representation of the analog
audio information, and

converting said digitized representation to analog form.

19. A decoding method according to claim 18 wherein said code words, other than said at least lowest
frequency transform coefficient code words to which a fixed number of bits are allocated, comprise a fixed
number of bits and an adaptive number of bits.

20. A decoding method according to claiins 18 or 19 wherein the nonuniformly quantized transform

coefficients are expressed ia block-floating-point form comprising a mantissa associated with an exponent, said
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13-14 4 bits WKP14 15-16 EXPI 5
17-18 EXP16 19- EXP17 21-22
EXPI 8 23-24 NEXPI™ EXP19

25- 217 El%%g further comprising reconstructing pﬁ@é&qmcy-domain transform coefficients from pairs of
mantissas sharing an exponent.

21. A decoding method according to claim 20 wherein a pair of time-domain signal sample blocks is
generated in response to said reconstructed frequency-domain transform coefficients, said pair of blocks
representing adjacent blocks of quantized input samples from one changel of audio information.

22. A decoding method according to claim 20, said coded signal representing two channels of audio
information, each transform coefficient in said reconstructed pairs of frequency-domain transform coefficients
represeating one of said two channeis of audio information, wherein a pair of time-domain signai sample blocks
is generated in response to said reconstructed coefficients, each of said pairs of blocks representing a block
of quantized input samples from each of said two channels of audio information.

.23. A decoding method according to claims 18 or 19 wherein said linearizing reconstructs any missing sign
bit for any of said reconstnucted frequency-domain transform coefficients represented in block-floating-point
form comprising a normalized mantissa uniquely associated with an exponent.

24. A method for the high-quality processing of wideband analog audio information comprising an encoding
. method according to any of claims 13-17 and a decoding method according to any of claims 18-23.
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EXP21 31- 33 EXP22 34- 37 EXP23

38-41 EXP24 42-46 EXP25 47-53
3 bits EXP26 _ 54- 60 EXP27 61467
EXP28 68-77 EXP29 78-87 EXP30
88-97 EXP31 98- 107 EXP32 108-122
2 bits EXP33 123- 137

46

stract of the Disclosure (Fig. la

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

A transform encoder/decoder system employs a discrete transform,
adaptive transform coefficient quantization, and adaptive bit allocation
tc encode high-quality music including broadcast and compact disc applica-
tions at low bit rates (128 kBits per seéond). A fixed number of bits is
allocated to low-frequency transform coefficients to reduce and/or elimi-
nate low-frequency artifacts. Other zransform coefficients are nonuni-
fermly zuantized by assigning a fixed number of bits and a variable number
of bits determined adaptively based on psychoacoustic masking. A technique
is described for assigning the fixed bit and adaptive bit allocations. The

transmission of side information regarding adaptively allcocated bits is

net required.



EXP34 138-152 EXP35 153-167 EXP36
168-182 "The DST al ways produces a zero value for coefficient S(O. This is
known a priori by the decoder, therefore the exponent and manti ssa for S(O
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 | Frequency Coefficients for 15 kHz E- TDAC Coder Mast er
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Exp- Exp Exp Ln Nunmber s Bit Ln
Subbands 0-36 are the sanme as for the 15 kHz coder. See Table 1. NMEXP1

EXP37 4 bits 183-199 2 bits EXP38

200- 216 EXP39 _ 217-233 Table 11 Frequency Coefficients
for 20 kHz E- TDAC Coder Master . 2 Subband

Coef fi ci ent M ni mum Exp . 4/28 Exp ' Exp Ln Nunber s
Bit Ln MEXPO EXPO 4 bits 0 9 bits

Subbands 1-36 same as for E-TDAC (Table 1). Subbands 37-39 sanme as for
E- TDAC (Table 11).
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Table I'll Frequency Coefficients for the O TDAC Coder -41- CLAIMS 1. An
encoder for the high-quality digital encoding of w deband anal og audi o

i nformation, conprising means for sanpling and quantizing said w deband
anal og audio information into tinme-domain signal sanple bl ocks,

anal ysi s-wi ndow neans for weighting each tinme-donmain signal sanple bl ock
with an anal ysis w ndow, neans forrzz;anerati ng frequency-donmain transform

bl ocks, each transform bl ock conpré&sng a set of frequency-domain transform

coefficients generated in responseto an anal ysi s-vi ndow wei ght ed
time-domain
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signal sanpl e bl ock, said neans conprising neans for applying a discrete
transform function to each of said anal ysi s-w ndow wei ghted ti ne-domain

si gnal sanpl e bl ocks, nonuniform subband quantizer means for quantizing
each frequency-domain transform coefficient, said quantier neans including
means for grouping the transformcoefficients into subbands, nmeans for
adaptively allocating bits, and neans for generating a code word for each
transform coefficient, said quantizé@zﬁéans all ocating a fixed nunber of
bits to at | east the | owest frequency transform coefficient code words, and
formatting means for assenbling digital information including said code
words into a digital output having a format suitable for transm ssion or
storage. 2. An encoder according to claim|l wherein said code words, other
than said at |east | owest frequency transform coefficient code words to
which a fixed nunber of bits are allocated. conprise a fixed nunber of bits
and an adaptive nunber of 98pts. 3. An encoder according to clainms 1 or 2
further conprising neansffor storing pairs'pﬂladjacentfqbﬁe-
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donai n..si gnal sanpl e bl ocks and for generating frequency-domain
transf orm bl ock pairs, wherein each of said frequency-donain
transform bl ock pairs conprise said frequency-domain transform coefficients
generated in response to each of said pairs of adjacent signal sanple

bl ocks, said nonuniform subband quanti zer neans incl uding neans for
representing the frequency-domain transformcoefficients in

bl ock-fl oati ng-point form conprising a Gﬁg}issa associated with an
exponent, a single exponent being shared by pairs of subbands, one subband
from each frequency-domain transform bl ock in each of said frequency-domain
transformbl ock pairs. 4. An encoder according to clains 1 or 2 wherein
sai d nonuni f orm subband quanti zes neans further includes neans for
representing the frequency-donain transfoggn.coefficients in

bl ock-fl oati ng-point formconprising a naggifjssa associated with an
exponent, and for nornfl T ZT N atr—teast—serdnant i ssas such that the nost
significant data bit of positive nonzero rantissas is nonzero and the nost
significant data bit of negative- valued rfarfti ssas is zero, whereby the
sign bit and the nost pignificant data bitf ifjn a normalized manti ssa are of
opposite val ue, said npnuni form subband gyanti zer neans dropping the
superfluous sign bit fpr suégands represengt¢d by a single frequency-domain
transform coefficient jand Piuniqup Pxoonemt.
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5.. An encoder according to clains 1 or 2 wherein said w deband anal og audi o
information represents two -42- channel s of audio input, and wherein
sai d nonuni f orm subband quanti zer neans is also for grouping said
frequency-domain transform coefficients into frequency-domain
transform bl ock pairs, each block in each of said transforn-block pairs
representing one of said two channelé gsaid nonuni f orn subband quanti zer
means further including neans for re A senting said transform coefficients
in block-floating-point formconprising a manti ssa associated with an
exponent, a single exponent being shared by pairs of subbands, one subband
fromeach transformblock in each of said transformblock pairs. 6. A
decoder for the high-quality reproduction of w deband anal og audi o

information froma coded signal incl dingai formation digitally encoded by
a transform encoder that generatgg cade wr in response to
\
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quantized input signal sanples weighted by anal ysis w ndow neans, said code
wor ds corresponding to nonuiformy quantized transform coefficients,
conprising deformatti ng nmeans receiving said coded signal for deriving code
words from said coded signal, linearization neans, including adaptive bit

al l ocati on nmeans, for reconstructing frequency-domain transform
coefficients using the defornmatted code words, said |inearization neans
allocating froma set of bits used ¥ggrepresent said code words a fixed
nunber of bits to at |east the | owest frequency reconstructed
frequency-domai n transform coefficients, neans for generating tine-domain
signal sanple blocks in response to said reconstructed frequency- domain
transtrn1coefficient2@ sai d nmeans conprising nmeans for applying an inverse
di screte transformfu k on to the reconstructed frequency-donai n transform
coefficients, synthesis w ndow neans for weighting the tinme-domain signa
sanpl e bl ocks by a synthesis w ndow, signal bl ock overlap-add neans for

cancel l'i ng wi ndow wei ghtj ng e recover aldlgltlzed representation
of the anal og audi o i nfofna |gwﬁﬁa2ﬁMﬂ£ % —
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ti me-domai n signal output neans for converting said digitized
representation to analog form 7. A decoder according to claim®6 wherein
said code words, other than said at |east |owest frequency transform
coefficient code words to which a fixed nunber of bits are all ocated,
conprise a fixed nunber of bits and an adaptive nunber of bits. 8. A
decoder according to clains 6 or 7 wherein the nonuniformy quanti zed
transformcoefficients are expresséﬁ%?h bl ock-fl oati ng-point form
conprising a nmanti ssa associated with an exponent, said |inearization neans
further conprising neans for reconstructing pairs of frequency-donain
transformcoefficients frompairs of manti ssas sharing an exponent. 9. A
decoder according to claim@8 wherein said nmeans for generating tine-domain
signal sanple bl ocks generates a pair ot blocks in response to said
reconstructed frequency-domain transforg coefficients, said pair of blocks
representing adjacent blocks of quantiz®d input sanples from one channel of
audi o information. 10. A decoder accorbimy to claim8. wherein said coded
signal represents two channel s of S%F¢;fiﬁﬁorngtion, each transform
coefficient in said reconstructed garrstet_&r8Quency-donain transform
coefficients
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-43- -43- representing one of said two channels of audio
I nformati on, wherein said neans for generating tinme-donain signal sanple

bl ocks generates pairs of blocks in response to said reconstructed pairs of
caefficients, each of said pairs of blocks representing a bl ock of

guanti zed i nput sanples fromeach of said two channels of audio
information. 11. A decoder accordygg to clains 6 or 7 wherein said
l'inearization means reconstructs any mssing sign bit for any of said
reconstructed fre uenc -do L0 transforn1 jents represented in

bl ock-f 1 oat i ng{ ReeeAt rtamafnmatnammu sa uni quely

associated witlh an 28t he hi gh-qual ity processing
\
of wi deband anal og |on Hb MM encoder according to any
of clainms 1-5 md dec%&rs DAN ggg \ﬁqxgﬂym& b%c?(l -_11.
“: “ u:rr ﬁmm To WRALE ol
ET Nb \
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5ET SUDBARD EXPONENT EXP; — NGO,

FOR SUDDANDY &
F\ND f;MAL ZUOlBANV EXPONENT Xy
fa -T02a
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13. An encoding nethod for the high-quality digital encoding of w deband
anal og audi o informati on, conprising sanpling and quantizing said w deband
anal og audio information into tinme-domain signal sanple bl ocks. weighting
each timedomai n signal sanple block with an anal ysis wi ndow, generating
frequency-domai n transform bl ocks by applying a discrete transform function
to each of said anal ysi s-wi ndow wei ghted ti ne-domai n signal sanple bl ocks,
each transform bl ock conprising’@hSet of frequency-domain transform
coefficients generated in response to an anaIyS|s mnndommelghted

ti me-donmai n signa
frequency- domai n | ik b@&
t he transform coe TE EPEAEN
generating a code|word £ rM
allocating a fixed nu blé
transform coeffi ciient code Wwor ds

7] DAY
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assenbling digital information including said code words into a digital

out put having a format suitable for transm ssion or storage. 14. An
encodi ng nmet hod according to claim 13 wherein said code words, other than
said at |east |owest frequency transform coefficient code words to which a
fixed nunber of bits are allocated, conprise a fixed nunber of bits and an
adaptive nunber of bits. 15. An encodi ng net hod according to clains 13 or
14 further conprising storing pairs of adjacent time- domain signal sanple
bl ocks and generating frequency-dgami n transform bl ock pairs, wherein each
of said frequency-domain transformblock pairs conprise said
frequency-domain transform coefficients generated in response to each of
said pairs of adjacent signal sanple bl ocks, said nonuniform quantizing

i ncluding representing the frequency-donmain transformcoefficients in

bl ock-fl oati ng-point formconprising a manti ssa associated with an
exponent, a single exponent being shared by pairs of subbands, one subband

from each frequency-domain transform bl ock in each of said frequency-domain
t ransf or m bl ock LS
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16.- An encodi ng nethod according to clains 13 or 14 wherein said w deband
anal og audi o information represents two channels of audio input, and
wherein said nonuni formquantizing is also for grouping said
fregquency-domain transform coefficients into frequency-domain
transformbl ock pairs, each block ip, each of said transformblock pairs
representing one of said two channef@b sai d nonuni form quanti zing further

representing sai ¢ jransformcoefficients i lock-floating-point form
conprising a nmantipse dssjoc] af efd W pdndnt 5i 1glle Exponent bei ng
shared by pairs of ['s@ib S| pné S o dach~4Lanarok mj b ock in each
of said transform a1 1—r+g reftgd{adeor™iTg to cl ai s
13 or 14 wherein s@-d—rdanifor ~Ht-horti-Acludpadrepr esent i ng
the frequency-donaijn trénsf)r$1 -0Q ih bl pcl- fll ojat n%zﬁoint form
conpri sing aihantlarf asNciated vy pohepht § gnq npr palii 4i ng at | east
some mantissas sh@ —roqt—|st +-et-g—arti—of—pogttji ve nonzero
manti ssas i s&onzeno land the fogt capt|datq t*i,t of hedatji ve-val ued
mantissas isggero,
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whereby the sign bit and the nost significant data bit in a nornmalized
mant i ssa are of opposite val ue, said nonuniform quantizing dropping the
superfluous sign bit for subbands represented by a single frequency-domain
transform coefficient and a uni que exponent. 18. A decoding nmethod for the
hi gh-quality reproducti on of w deband anal og audi o information froma coded
signal including information digitally encoded by an encodi ng net hod that
generates code words in response to quantized i nput signal sanples wei ghted
by an analysis w ndow, said code words corresponding to nonuniformy

quanti zed transform coefficient $3/xonprising deriving code words from said
coded signal, linearizing, including adaptive bit allocating, to
reconstruct frequency-donain transform coefficients using the deformatted
code words, said linearizing allocating froma set of bits used to
represent said code words a fixed nunber of bits to at |east the | owest
frequency reconstructed frequency-domain transform coefficients, generating

ti me-domai n signal sanple blocks in response to said reconstucted
frequency- domai
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transform coefficients by applying an i nverse discrete transform function
to the reconstructed frequency- domain transformcoefficients, weighting
the tinme-domain signal sanple blocks by a synthesis wi ndow, overl ap-addi ng
to ctancel w ndow wei ghting effects to recover a digitized representation of
t he anal og audi o information, and converting said digitized representation
to analog form 19. A decoding nethod a&cording to claim 18 wherein said
code words, other than said at least |o frequency transform coefficient
code words to which a fixed nunber of bits are allocated, conprise a fixed
nunber of bits and an adaptive nunber of bits. 20. A decoding nethod
according to clains 18 or 19 wherein the nonuniformy quantized transform
coefficients are expressed in bl ock-floating-point formconprising a

manti ssa associ ated with an exponent, said
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-45-

| i nearizing further conprising reconstructing pairs of

frequency-domain transform coefficients frompairs of mantissas sharing an

exponent .

ti me-donai n signal sanpl
reconstructed frequency-domain transformcoefficients, said pair of blocks
representing adj acent bl ocks of quantized i nput sanples from one channel of
audi o i nformation. 22. A decoding net fé&Saccording to clai m 20, said coded
signal representing two

coeffici ent

21. A decoding nmethod according to claim 20 wherein a pair of

e blocks is generated in response to said

channel s of audio information, each transform

in said reconstructed pairs of frequency-domain transform

coefficients representing one of said two channels of audio information,
wherein a pair of tinme-domain signal sanple blocks is generated in response
to said reconstructed coefficients, each of said pairs of bl ocks
representing a block of quantized input sanples fromeach of said two

channel s of audi o i nfor

or

19 wherein said |line
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bit- for any of said reconstructed frequency-domai n transform coefficients
represented in block-floating-point formconprising a nornmalized manti ssa
uni quely associated with an exponent. 24. A nethod for the high-quality
processi ng of w deband anal og audi o i nformati on conprising an encodi ng

met hod according to any of clains 13-17 and a decodi ng net hod according to
any of clains 18-23.
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