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5 Technical Field

The invention relates in general to low bit-rate encoding and decoding of

information such as audio information. More particularly, the invention relates to

computationally efficient adaptive bit allocation and quantization of encoded information

useful in high-quality low bit-rate coding systems with atlowance for decoder spectral
10 distortions.

Background

There is considerable interest among those in the fields of audio- and video-signal
processing to minimize the amount of information required to represent a signal without
perceptible loss in signal quality. By reducing information requirements, signals impose

15 lpwer information capacity requirements upon communication channels and storage media.

Analog signals which have been subject to compression or dynamic range reduction,
for example, impose lower information capacity requirements than such signals without
compression, Digital signals encoded with fewer binary bits impose lower information
capacity requirements than coded signals using a greater number of bits to represent the

20  signal. Of course, there are limits to the amount of reduction which can be realized
without degrading the perceived signal quality. The following discussion is directed more
particularly to digital techniques, but it should be realized that corresponding considerations
apply to analog techniques as well.

The number of bits available for representing each sample of a digital signal

25  establishes the accuracy of the digital signal representation. Lower bit rates mean that
fewer bits are available to represent each sample; therefore, lower bit rates imply greater
quantizing inaccuracies or quantizing errors. In many applications, quantizing errors are
manifested as quantizing noise, and if the errors are of sufficient magnitude, the quantizing
noise will degrade the subjective quality of the coded signal.

30 ~ Various "split-band” coding techniques attempt to reduce information requirements
without any perceptible degradation by exploiting various psycho-perceptual effects. In

audio applications, for example, the human auditory system displays frequency-analysis
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quant i zi hyman avdidoryrsystem varies according to the bandwidth of these filters throughout the
audio spectrum. The effective bandwidth of such an auditory filter is referred to as a
"critical band." A dominant signal within a critical band is more likely to mask the

10 audibility of other signals anywhere within that critical band than it is likely to mask other

signals at frequencies outside that critical band. 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.

Audio split-band coding techniques which divide the useful signal bandwidth into

15  frequency bands with bandwidths approximating the critical bands of the human auditory
system can better exploit psychoacoustic effects than wider band techniques. Such split-
band coding techniques, in concept, generally ébmprise dividing the signal bandwidth with
a filter bank, reducing th;z information requirements of the signal passed by each filter band
to such an extent that signal degradation is just inaudible, and reconstructing a replica of

20  the original signal with an inverse process. Two such techniques are subband coding and
transform coding. Audio subband and transform coders can reduce information
requirements in particular frequency bands where the resulting artifacts are
psychoacoustically masked by one or more spectral components and, therefore, do not
degrade the subjective quality of the encoded signal.

25 Subband coders may use any of various techniques o implement a filter bank with
analog or digital filters. In digital subband coders, an input signal comprising signal
samples is passed through a bank of digital filters. Each subband signal passed by a
respective filter in the filter bank is downsampled according to the bandwidth of that
subband’s filter The coder attempts to quantize each subband signal using just enough bits

30 to render the quantizing noise imperceptible. Each subband signal comprises samples
which represent a portion of the input signal spectrum.

Transform coders may use any of various so-called time-domain to frequency-
domain transforms to implement a bank of digital filters. Individual coefficients obtained

from the transform, or two or more adjacent coefficients grouped together, define
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subband coders, transform coders, and other split-band coding techniques which operate
upon portions of the useful signal bandwidth. The term “subband" shall refer to these
portions of the useful signal bandwidth, whether implemented by a true subband coder, a
transform coder, or other technique. '

10 As discussed above, many digital split-band coders utilizing psycho-perceptual
principles provide high-quality coding at low bit rates by applying a filter bank to an input
signal to generate subband signals, generating quantized information by attempting to
quantize the subband signals using a number of bits such that resulting quantizing noise is
just imperceptible due to psycho-perceptual masking effects, and assembling the quantized

15  information into a form suitable for transmission or storage.

A complementary digital split-band decoder recovers a replica of the original input
signal by extracting quantized information froni’an encoded signal, dequantizing the
guantized information to ;)btain subband signals, and applying an inverse or synthesis filter
bank to the subband signals to generate the replica of the original input signal.

20 The number of bits allocated to quantize the subband signals must be available to
the decoder to permit accurate dequantization. A "forward-adaptive” encoder uses an
allocation function to establish allocation values and explicitly passes these allocation values
as "side information" to a decoder. A “"backward-adaptive” encoder establishes allocation
values by applying an allocation function to selected information and passes the selected

25  information in the encoded signal rather than explicitly passing the allocation values. A
backward-adaptive decoder reestablishes the allocation values by applying an allocation
function to the selected information which it extracts from the encoded signal.

In one embodiment of a backward-adaptive encoder/decoder system, an encoder
prepares an estimate of the input signal spectral envelope, establishes allocation values by

30  applying an allocation function to the envelope estimate, scales signal information using
elements of the envelope estimate as scale factors, quantizes the scaled signal information
according to the established aliocation values, and assembles the quantized information and
the envelope estimate into an encoded signal. A backward-adaptive decoder extracts the

envelope estimate and quantized information from the encoded signal, establishes allocation
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Backward-adaptive techniques are attractive in many low bit-rate coding systems
because no bits are required to pass explicit allocation values. The decoder recreates the
allocation values by applying an allocation function to information extracted from the

10  encoded signal. A backward-adaptive decoder must use an allocation function which is
identical, or at least exactly equivalent, to that utilized by the encoder, otherwise accurate
dequantization in the decoder is not guaranteed. As a result, the complexity or
implementation cost of the decoder is similar to that of the encoder. Any restriction upon
decoder complexity usually imposes restrictions upon the complexity of the allocation

15  function in both the encoder and decoder, thereby limiting overall performance of the
encoder/decoder system.

Generally speaking, it is desirable to use allocation functions based upon perceptual
models which are as sophisticated as can be implemented practically. This is because
complex allocation functions based upon sophisticated psycho-perceptual models are usually

20  able to establish allocation values which achieve equivalent subjective coding quality at
lower bit rates than the allocation values established by less complex allocation functions
based upon simpler models. In addition to using better perceptual models, an allocation
function can further improve coding performance by making proper allowance for spectral
distortions introduced by the decoding process. These distortions generally arise from

25  synthesis filter bank imperfections. Because of practical considerations for the decoder,
however, many backward-adaptive coding systems cannot utilize allocation functions based
upon such computationally intensive models.

Forward-adaptive techniques are attractive in many high-quality coding systems
because overall system performance is not constrained by restrictions to allocation function

30 complexity in the decoder; the decoder does not need to perform an allocation function to
establish allocation values. A forward-adaptive decoder can be computationally less
complex and need not impose any restrictions upon the allocation function performed by
the encoder. In addition, improved allocation functions may be incorporated into the

encoders of forward-adaptive coding systems while maintaining compatibility with existing
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or signal quality may be increased for a given bit rate.

J.

Despite these advantages, however, forward-adaptive coding systems are unsuitable
for many low bit-rate applications because they require a significant number of bits to

10 convey side information. Generally, even more bits are required to convey side
information as allocation functions seek to improve coding performance by dividing the
spectrum into narrower, and therefore more numerous, subbands. Furthermore, the
number of bits required to carry this side information will represent a larger proportion of
the coded signal as improved coding techniques decrease the number of bits required to

IS  carry the remainder of the coded signal.

There is, therefore, a desire to develop_gfﬁcient allocation functions based upon
more sophisticated perceptual models which aré“suitable for low-cost implementation of
coding systems, and which properly allow for spectral distortions produced by the decoding
process.

20 One fairly sophisticated psychoacoustic model based upon the mechanics of human
hearing is described by Schroeder, Atal and Hall, "Optimizing Digital Speech Coders by
Exploiting Masking Properties of the Human Ear,” J. Acoust. Soc. Am., December 1979,
pp. 1647-1652. The model comprises (1) performing a short-time spectral analysis of an
input signal by applying a short-time Fourier transform, (2) obtaining the input signal

25  critical-band densities by mapping the resulting spectral coefficients into critical bands x,
and (3) generating a basilar-membrane "excitation pattern” by convolving the critical band
densities with a basilar membrane "spreading function.” This model is applied to the input
signal and to a noise signal representing quantizing errors to generate a "signal excitation
pattern” and a "noise excitation pattern,” respectively. The loudness of the input signal

30  and the noise signal are calculated by integrating functions of the respective excitation
patterns. The loudness of the input signal and the noise signal whose excitation pattern
falls below a masking threshold is zero; that is, it is inaudible. The masking function is
obtained from the product of the signal excitation pattern and a "sensitivity function" which

defines the threshold of masking. An objective measure of coding performance is a ratio
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5 Disclosure of Invention
It is an object of the present invention to provide an efficient, high-performance
allocation function suitable for use in low bit-rate high-quality encoding/decoding systems
which also provides for proper allowance of decoder spectral distortions.
According to the teachings of one aspect of the present invention, an encoder splits
10 an input signal into a plurality of subbands x to generate subband signals, quantizes the
subband signals according to allocation values established by an allocation function, and
assembles the quantized information into an encoded representation of the input signal.
The allocation function establishes allocation values in accordance with psycho-perceptual
principles and in accordance with decoder spectral distortion characteristics. The decoder
15  distortion model enables the allocation function to allow for subsequent spectral distortions
produced by the decoder. |
In a first embodiment, an allocation function allows for decoder distortion by
(a) establishing a quantizing noise spectrum Q(x) resulting from the quantization of subband
signals, (b) estimating decoded signal noise N(x) by convolving Q(x) with decoder filter
20  bank frequency response D(x); (c) establishing the perceptibility of N(x) by comparing N(x)
with an established masking threshold M(x); (d) establishing whether N(x) is either
imperceptible or substantially minimized in all subbands x; (€) terminating the process if
so; otherwise (f) for each subband x in which N(x) exceeds M(x), identifying the largest
Q(x) components contributing to N(x) in that subband and increasing the allocation values
25  A(x) corresponding to those Q(x) components; (g) reiterating the foregoing steps.
In a second embodiment for an audio coding system, an allocation function allows
for decoder spectral distortion only in subbands of the quantizing noise spectrum in which a
respective subband decoder filter response rolls off at a rate substantially equal to or less
than the rate at which the established masking threshold rolls off. In one implementation
30  of this second embodiment, the allocation function decreases the established masking
threshold M(x) in those subbands below about 3 kHz in which M(x) rolls off in a
downward-frequency direction more rapidly than the lower-frequency roll off of the
decoder filter bank response. The amount by which M(x) is decreased in those subbands
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significantly affect coding system performance, but no parti'cular way is critical in concept
to the practice of the present invention. In preferred embodiments of audio coding
systems, the masking threshold is established by estimating the power spectral density

10 (PSD) of the input signal, generating an excitation pattern by applying a spreading function
to the PSD, adjusting the excifation pattern by an amount equal to a frequency dependent
signal-to-noise ratio (SNR) offset sufficient to achieve psychoacoustic masking, comparing
the level of the adjusted pattern to the threshold of hearing and generating a masking
threshold which is equal to the larger of the two.

15 In backward-adaptive coding systems, the PSD is estimated from information which
is also assembled into the encoded signal. For example, the PSD can be estimated from
scaling factors derived from a spectral envelopc;. In forward-adaptive coding systems, the
PSD may be estimated from information which is and/or is not assembled into the encoded
signal. For example, the PSD can be estimated from a high-resolution spectral envelope of

20 the input signal even though the high-resolution envelope is not included in the encoded
signal. '

In preferred embodiments, an excitation pattern is generated by applying one or
more filters to subband signals in the frequency domain. These filters may be implemented
by recursive or Infinite Impulse Response (IIR) techniques, or by non-recursive or Finite

25  Impulse Response (FIR) techniques. The use of either technique is not critical to the
practice of the present invention.

In a third embodiment, an encoder modifies one or more parameters affecting the
results of the allocation function in response to characteristics detected in either the input
signal and/or the subband signals. For example, the SNR offset mentioned above can be

30  modified to affect overall coding quality. Side information comprising an indication of the
modified parameters is assembled into the encoded signal.

In an implementation of the third embodiment, modified allocation values resulting
from the use of modified parameters are assembled into the encoded signal as explicit

allocation values.
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| nformati Od‘eq%{]nqized information. The allocation function establishes allocation values in
accordance with psychoacoustic principles based upon a masking threshold. The masking

10  threshold is established by obtaining an estimate of the PSD of the original input signal
represented by the encoded signal, generating an excitation pattern by applying a spreading
function to the PSD, adjusting the excitation pattern by an amount equal to a SNR offset
sufficient to achieve psychoacoustic masking, comparing the level of the adjusted pattern to
the threshold of hearing and generating a masking threshold which is equal to the larger of

15  the two.

In backward-adaptive coding systems, the PSD may be estimated from measures of
subband signal amplitude and/or power which é&e extracted from the encoded signal. In
forward-adaptive coding systems, however, decoders generally do not use any allocation
function because explicit allocation values are passed in the encoded signal.

20 In a second embodiment of a decoder, one or more parameters affecting the results
of the allocation function are extracted from the encoded signal. In another
implementation, explicit allocation values representing modified allocation values are
extracted from the encoded signal.

Further embodiments of a decoder according to the teachings of the present

25  invention are possible, including, but not limited to, an embodiment which incorporates a
combination of the embodiments described above. Furthermore, various combinations of
the particular implementations described above are possible.

In a coding system using hybrid-adaptive allocation, side information may convey
only modified allocation values and/or modified parameters. An allocation function known

30 to both the encoder and the decoder provides basic allocation values to the decoder. Side
information provides adjustments to the basic allocation values as necessary to obtain the
same allocation values used in the encoder. In this way, the allocation function in an

encoder may be changed without losing compatibility with existing decoders, and the
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implemented by any of several techniques. In audio coding applications, for example, it

5  should be understood that the use of subbands with bandwidths commensurate with human
auditory system critical bandwidths allows greater exploitation of psychoacoustic effects,
but various aspects of the present invention are not so limited. Therefore, the term
"subband” and the like as used herein should be understood as referring to one or more
frequency bands within the useful bandwidth of an input signal.

10 The various features of the present invention and its preferred embodiments may be
better understood by referring to the following discussion and the accompanying drawings
in which like reference numerals refer to like elements in the several figures. The contents
of the following discussion and the drawings are set forth as examples only and should not
be understood to represent limitations upon the scope of the present invention. For

15  example, this discussion is directed more particularly to audio coding applications, but the
present invention may be practiced in a wider range of psycho-perceptual coding

applications such as video coding.

Figure 1 is a block diagram illustrating one embodiment of an encoder in an
20  encoder/decoder system incorporating forward-adaptive allocation.
Figure 2 is a block diagram illustrating one embodiment of a decoder in an
encoder/decoder system incorporating forward-adaptive allocation.
Figure 3 is a block diagram illustrating another embodiment of an encoder in an
encoder/decoder system incorporating forward-adaptive allocation.
25 Figure 4 is a block diagram illustrating one embodiment of an encoder in an
encoder/decoder system incorporating backward-adaptive allocation.
Figure S is a block diagram illustrating one embodiment of a decoder in an
encoder/decoder system incorporating backward-adaptive allocation.
Figure 6 is a block diagram illustrating one embodiment of an encoder in an
30  encoder/decoder system incorporating hybrid-adaptive allocation.
Figure 7 is a block diagram illustrating one embodiment of a decoder in an

encoder/decoder system incorporating hybrid-adaptive allocation.
This Sheet Has Been Replaced
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Figure 10d is a hypothetical graphical illustration of the composite impulse response
of the embodiment shown in Figure 8 comprising filters having the impulse responses
shown in Figures 10a-10c.

10 Figure 11a is a hypothetical graphical illustration of an impulse response for a filter
with one pole and one or more zeroes.

Figure 11b is a hypothetical graphical illustration of the composite impulse response
of an embodiment similar to that shown in Figure 8 but comprising only two filters, in
which one of the filters has the impulse response shown in Figure 11a.

15 Figures 12a-12b are hypothetical graphical illustrations of passband filter frequency
responses. -

Figures 13a-13d are hypothetical schemitic representations of spectra illustrating the
effects of spectral distortions caused by analysis and synthesis filter banks.

Figure 14 is flow diagram illustrating the steps in one embodiment of a process

20  which incorporates a decoder spectral distortion model.

Figure 15a is a hypothetical graphical illustrations of a passband filter frequency
response compared with the psychoacoustic masking threshold of a high-frequency spectral
component.

| Figure 15b is a hypothetical graphical illustrations of a passband filter frequency
25  response compared with the psychoacoustic masking threshold of a low- to medium-

frequency spectral component.

Mades for Carrying Out the Invention

Forward-Adaptive Allocation
Figure 1 illustrates the basic structure of one embodiment of a split-band encoder
30  used in an encoder/decoder system incorporating forward-adaptive allocation. Filterbank
102 generates subband signals in response to an input signal received from path 100.
Allocation function 110 establishes allocation values in response to the input signal and

passes the allocation values along path 111 to quantizer 104 and formatter 106. Quantizer
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decoder camsedin awemusidet/deoded yystens incorporating forward-adaptive allocation. Deformatter

202 extracts quantized information and allocation values from an encoded signal received
from path 200. The allocation values are passed along path 211 and to dequantizer 204.
10  Dequantizer 204 generates subband signals by dequantizing the quantized information
received from deformatter 202 using a dequantization function adapted in response to the
allocation values. Inverse filterbank 206 generates along path 208 an output signal in
response to the subband signals received from dequantizer 204.
Alternate embodiments of the encoder and decoder are possible. For example, as
15  shown in Figure 3, a forward-adaptive encoder may establish allocation values in response
to the subband signals generated by filterbank 1_92. In yet another embodiment not shown
in any figure, allocation yalues may be established in response to both the input signal and
the subband signals.
As discussed above, because allocation values are explicitly passed in the encoded
20  signal, the allocation function in a forward-adaptive encoder may be changed without
sacrificing compatibility with existing forward-adaptive decoders. Only the format of the
encoded signal must be preserved.
Backward-Adaptive Allocation
Figure 4 illustrates the basic structure of one embodiment of a split-band encoder
25  used in an encoder/decoder system incorporating backward-adaptive allocation. Filterbank
102 generates subband signals in response to an input signal received from path 100.
Converter 112 generates a representation of the subband signals comprising X words and Y
words. The X words are passed along path 113 as input to allocation function 110 and to
formatter 106. Allocation function 110 establishes allocation values in response to the X
30  words and passes the allocation values to quantizer 104. Quantizer 104 generates quantized
information by quantizir{g the Y words received from path 115 using a quantization
function adapted in response to the allocation values, and formatter 106 assembles the

quantized information and the X words into an encoded signal having a format suitable for



conpl ex ARLIIRICHot i npose any restrictions upon t e IIocatlon functlon

performed by the encoder. In addition, inproved aII 754 may be
i ncorporated into the -5- decoders. The all ocatlo d in an
encoder can be the result of an independent design c lity to

i nprove the allocation function in an encoder is signifi | cant. As advances
are nade I r ' ' hngly 5
Sophi ot 1 SafhiSSpf ok e, ARG b SEnaTH Pl Hor 08 M e iR 0 Y

i ncr easi wharnebos stofagstdeyiceiasesifedal | ocati on functions, bit rates may be

decreased for Fﬁglﬂ'ﬁtseﬂugt}g&alhe%agilc' shrbietuld of K S‘angéiﬂéehl of mlit%nh Yebiby ed

for a given bi
used in an encoder/decoder system incorporating backward-adaptive allocation.

5  Deformatter 202 extracts quantized information and X words from an encoded signal
received from path 200. The X words are passed along path 203 to allocation function
210. Allocation function 210 establishes allocation values in response to the X words and
passes the allocation values to dequantizer 204. Dequantizer 204 generates ¥ words by
dequantizing the quantized information received from deformatter 202 using a
10  dequantization function adapted in response to the allocation values. Inverse converter 212
generates subband signals in response to the X words and the ¥ words, and inverse
filterbank 206 generates along path 208 an output signal in response to the subband signals
received from inverse converter 212.
Backward-adaptive coding systems may avoid the overhead required to convey side
15  information in the encoded signal because the atlocation values are represented implicitly
by the X words assembled into the encoded signal. A backward-adaptive decoder can
recover the allocation vatues from the X words.by performing an allocation function which
is equivalent to that previ’ously performed in a backward-adaptive encoder. It should be
understood that accurate decoding of the encoded signal does not require that the encoder
20  and decoder allocation functions themselves be identical, but accurate decoding can be
ensured only if the two functions obtain identical allocation values.
Hybrid-Adaptive Allocation
Figure 6 illustrates the basic structure of one embodiment of a split-band encoder
used in an encoder/decoder system incorporating hybrid-adaptive ailocation. The functions
25  of the various elements within the embodiment shown in Figure 4, discussed above,
correspond to the functions of respective elements in the structure shown in Figure 6. In
addition, adaptor 120 modifies one or more of the allocation values established by
allocation function 110 using either one or both of two basic techniques. The structure
used to implement both techniques is illustrated in Figure 6; however, either technique may
30  be used alone and unnecessary functional elements may be removed from the illustrated
structure.
In the first or "parameter” technique, adaptor 120 modifies one or more parameters
which affect the results of allocation function 110. The modified parameters provided by
adaptor 120 are passed along path 123 to allocation function 110 and to formatter 106.
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quantizer 104. Formatter 106 assembles an indication of the modified values and the
quantized information into an encoded signal having a format suitable for transmission or
storage.

10 The embodiment illustrated in Figure 6 shows adaptor 120 being responsive to the
input signal received from path 100, the subband signals received from path 103, and the X
words received from path 113. In alternate embodiments of a hybrid-adaptive encoder,
adaptor 120 may be responsive to any one of the three paths, responsive to any
combination of the three paths, and/or responsive to other information.

15 Figure 7 illustrates the basic structure of one embodiment of a split-band decoder
used in an encoder/decoder system incorporating hybrid-adaptive allocation. The functions
of the various elements within the embodiment 'éhown in Figure 5, discussed above,
correspond to the functior’ls of respective elements in the structure shown in Figure 7. In
addition, one or more of the allocation values are modified using either one or both of two

20  basic techniques. The structure used to implement both techniques is illustrated in
Figure 7; however, either technique may be used alone and unnecessary functional
elements may be removed from the illustrated structure.

In the first or "parameter” technique, deformatter 202 extracts from the encoded
signal one or more modified parameters which affect the results of allocation function 210,
25  and passes the modified parameters along path 213 to allocation function 210.
In the second or "value" technique, deformatter 202 extracts one or more modified
values from the encoded signal and passes the modified values along path 205 to merge
218. Merge 218 merges the modified values with the allocation values received from
allocation function 210, and passes the merged allocation values to dequantizer 204,
30 Implementation
The various block diagrams referred to below illustrate basic functional structures of
encoders and decoders. The functions discussed below may be implemented in hardware,

in software, or in a combination of the two.
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10 encoder/decoder system implementing a filter bank with the TDAC transform is described

in U.S. patent 5,109,417, referred to above.

No particular implementation is critical to the practice of the present invention.

Although the description herein of the present invention is more particularly directed
toward digital split-band coding implementations, it should be understood that an

15  encoder/decoder system incorporating aspects of the present invention may use analog filter
banks as well. For example, filterbank 102 may comprise one or more analog filters and
an analog-to-digital converter (ADC) which geriérates digital samples for each subband
signal. Inverse filterbank 206 may comprise a digital-to-analog converter (DAC) which
generates analog subband signals in response to digital samples and a component which

20 combines the analog subband signals into a composite analog output signal.

Converter
Converter 112 and inverse converter 212 which generate and recover the X words

and Y words may also be realized by a wide variety implementations. As discussed above,
the X words are characterized by the fact that they are available to both encoder and

25  decoder to inform the allocation function., The X words may, in general, correspond to
scale factors and the Y words may correspond to values scaled in accordance with the scale
factors. In embodiments utilizing various floating-point representations of numerical
quantities, the X words may correspond to the floating-point exponents and the Y words
may correspond to the floating-point mantissas.

30 In some implementations, groups or blocks of Y words are associated with a
common X word exponent, forming a block-floating-point (BFP) representation. In a
preferred embodiment, however, a higher-resolution spectral envelope is obtained from the

X words by associating each Y word mantissa with one respective X word exponent.
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general, given the same allocation values, dequantization function d(x) is the inverse of

quantization function q(x) such that the original quantity x = d{q(x)}. Strict equality is not
expected because quantization usually results in the loss of some accuracy.

In response to the allocation values, quantizer 104 may adapt its quantization
function in any of several ways. For example, quantizer 104 may set the number of
quantizing levels according to the allocation values. An eight-level quantization function
and a four-level quantization function could be used in response to values indicating an
allocation of three bits and two bits, respectively. As another example, quantizer 104
could use a logarithmic quantization functions in response to allocation values greater than
or equal to a specified level, say six bits, and use linear quantization functions in response
to smaller values.

Quantizer 104 may also adapt its quantization function by switching between
symmetric and asymmetric functions, or by adaptively using one or more quantizing levels
to represent special ranges of amplitude. For éiample, an N-bit quantization function may
reserve one of its 2V quantizing levels as a "small-zero” quantizing level. Such a quantizing
level, otherwise used to represent large amplitudes, is used instead to represent very small
amplitudes. By using such a quantization function, an encoder can allow a decoder to
easily distinguish between small amplitude signals, which are quantized to a value of zero,
from very small amplitude signals, which are quantized to the “small-zero" quantizing
level.

In response to the allocation values, dequantizer 204 adapts its dequantization
function in a manner which is complementary to the manner in which quantizer 104 adapts
its quantization function.

Merge

The methods used by merge 118 and merge 218 are not critical to the practice of
the present invention. In concept, merge 118 and merge 219 combine into one set of
values the corresponding values from a set of allocation values and a set of modified
values. This may be done in a variety of ways. For example, an allocation value may be
replaced by a corresponding modified value, In a split-band encoder, each allocation value

represents the number bits to use to quantize a subband signal in a respective subband.
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signal. Alternatively, the modified value may represent a factor by which the

10  corresponding allocation value should be scaled.

Formatter
In many coding systems where the encoded signal is represented by a serial bit
stream, the functions provided by formatter 108 and deformatter 202 substantially
correspond to serial-bit-stream multiplexing and demultiplexing, respectively. Although the

15  implementation of the formatting and deformatting functions may be important to a
particular application, it is not critical to the practice of the present invention. Any process
is suitable which can put’the encoded signal int£> a form suitable for transmission or
storage, and can recover the encoded signal from the formatted representation.

Allocation Function
20 Overview
Allocation 110 establishes allocation values such that, if possible, the resulting
quantizing noise in the decoded signal does not exceed a masking threshold. Although the
discussion herein is directed more particularly to audio coding systems, the concepts
presented may be used in a wider range of applications such as video coding. In video

25 coding applications, for example, these concepts may be applied to a psycho-visual model
which establishes a masking threshold in response to a variety of characteristics such as the
apparent hue, saturation, brightness and size of a visual stimuli, corresponding
characteristics of other stimuli within the field of view, and the nature of other stimuli
viewed prior to the present ones.

30 The masking threshold is established by applying a model of human perception. A
wide variety of models ma;y be used. Figure 9 is a block diagram illustrating one
embodiment comprising several steps which implement a psychoacoustic model similar to
that described by Schroeder, et al., cited above. In this embodiment, power spectral
density 402 estimates the power spectral density (PSD) of an input signal received from
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human audibility and allocation values 412 establishes allocation values in response to the
audibility threshold and critical-band density information received from path 405 and passes
10  them along path 414,

Some of these steps illustrated in Figure 9 may be combined or performed in a
different order. For example, power spectral density 402 and critical band density 404 can
be reversed somewhat by first mapping the spectral components of an input signal into
critical bands and then generating the critical-band density by estimating the power spectral

15 density of the mapped components. As another example, step 404 through step 408 can be
combined into a single step to generate an interim masking threshold by applying an
appropriate spreading function directly to the input signal PSD.

The following discussion is more particularly directed toward embodiments
incorporating variations of the steps listed above and shown in Figure 9. A discussion of

20  these steps is used to explain various concepts but the steps themselves are not required to
practice the present invention. Various embodiments thay incorporate other perceptual
models which comprise different steps.

The concepts underlying an allocation function based upon only a perceptual model
are discussed first. Because of coding system spectral distortions, however, the allocation

25  values established by allocation functions based upon only perceptual models are not always
correct. Following the initial discussion of allocation functions, the nature of coding
system spectral distortions and some ways in which allowances for such distortions can be
made are described.

Power Spectral Density

30 Encoders in forward-adaptive systems such as those shown in Figures 1 and 3 may
estimate the PSD of an input signal from information received from path 100 and/or path
103. For example, in systems incorporating filter banks implemented by a Fast Fourier
Transform (FFT), the PSD may be obtained from the square of the magnitude of each of

the resulting transform coefficients. Encoders in backward-adaptive systems such as that
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represented in a conventional binary floating-point form comprising an exponent X and a
mantissa Y, the power of the spectral components in dB may be estimated directly from the
values of the exponents. The value of each exponent is the power of two used to

normalized the associated mantissa, or C = Y-2%, From this representation, the power of

each spectral component may be estimated from an expression such as
S, =~ -6(X+0.5)dB. (1)

where §, = power of spectral component C,, and

X; = value of the floating-point exponent for spectral component C,.

In a preferred embodiment, each spectral component C is represented in floating-
point form comprising a normalized mantissa ¥ and an exponent X. The PSD is estimated
by grouping one or more spectral components into bands and obtaining the "log sum" of
the exponents for the specfral components in each band. One way in which a log sum may
be calculated is discussed below. ;

Conceptually, no particular method for estimating the PSD is critical to the practice
of the present invention. As a practical matter, however, the accuracy of the method can
significantly affect coding system performance.

Critical-Band Density

Split-band coding systems are generally more able to exploit psychoacoustic effects
by dividing the input signal into subbands having bandwidths no more than one-half the
critical bandwidths. This is usually necessary because coding system subbands have fixed
center frequencies unlike the human auditory system critical bands which have variable
center frequencies. It is sometimes incorrectly assumed that a dominant spectral
component will mask other low-level spectral components throughout a split-band coder
subband having a critical bandwidth. This assumption may not be {rue because the
masking effects of a dominant spectral component diminish outside the frequency interval
of one-half a critical bandwidth on each side of the spectral component. If this dominant
spectral component occurs at the edge of a coding system subband, other spectral
components in the subband can occur outside the actual critical bandwidth unless the

subband bandwidth is n6 more that one-half a critical bandwidth.
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the encoded signal. In preferred enbodi nents, an excitation pattern is

gener at ed myfeapgnyamgngmetep;esented by the entries shown in Table I.
Alternate mapping functions and bandwidths may be used without departing from

the concepts of the present invention. For example, from Schroeder, et al., a frequency f

below about 5 kHz can be mapped into critical bands by the expression

10 f = 650 - sinh ; )

where x = critical band number.

To simplify the following discussion, the term "critical-band density" shall refer to
an input signal PSD mapped into frequency bands of any convenient bandwidth including
critical bandwidths and subcritical bandwidths. The critical-band density of the input signal

15  can be obtained from the appropriate mapping function according to

s = St & g 3)

where §(x) = power spectral density of the input signal, and
S(x) = critical-band density of the input signal..
In some embodiments of digital split-band coding systems, S(x) is a discrete
20  function of the log-power of signal critical band density with values which are multiples of
approximately 6 dB. Critical band density information may be efficiently encoded
differentially by constraining the values of S(x) such that the change between adjacent
subbands x does not exceed 412 dB. Differential encoding of spectral information is
disclosed more fully in U.S. patent application Serial No. 08/115,513 filed August 31,
25 1993 which is incorporated herein by reference in its entirety.
Excitation Pattern
An excitation pattern approximately describes the distribution of energy along the
basilar membrane which results from the acoustic power represented by an interval of the
input signal. An excitation pattern can be calculated from the convolution
30 E() = S * B®) @
where E(x) = is the excitation pattern resulting from the input signal, and
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where Ax = x-x,.

The convolution of the input signal critical-band density S(x) and the spreading
function B(x) is computationally intensive, having a computational complexity on the order
of N-M, where N is the number of points in S(x) and M is the number of points in B(x).

10 As a result, it is not practical to use the Schroeder model in many coding systems,
particularly in backward-adaptive coding systems.

A practical approach obtains an excitation pattern by filtering a spectral
representation of an input signal. This filtering is performed in a "spectral domain” such
as the mapped and unmapped frequency domains discussed herein.

15 Figure 8 illustrates one embodiment of a process by which the excitation pattern
may be obtained more efficiently, having a comiputational complexity on the order of N.
According to this embodiment, information conveying input signal critical-band density is
received from path 300, passed through three filters, and combined to form the excitation
pattern.

20 The PSD may be scaled as a linear, logarithmic or other representation of power.
If the PSD is a linear representation of input signal power and if the higher-frequency
bands x have a bandwidth expressed in Barks which is substantially constant, then these
filters can be implemented as a single-pole IIR filter with a transfer function represented by

the recursive expression

25 F,(x) = a,(x)-S(x) + b,(x) F,(x-1) ©)
where a,(x) = gain factor for filter i, ‘ - - ' R
bfx) = rate of decay for filter i, : This Sheet Has Been Replaced
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F,(x) = output of filter 304 at frequency band x, and
30 F;(x) = output of filter 310 at frequency band x.
Hypothetical impulse responses of filter 302, filter 304 and filter 310 are illustrated in
Figures 10a-10c, respectively.
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If the higher-frequency bands x do not have bandwidths expressed in Barks which

5  are substantially constant, then a more complex transfer function may be required for one
or more of the filters. For example, if the frequency bands have a constant bandwidth,
filter 302 preferably has one or more zeroes with a transfer function such as

R

F,(x) = a,(x)-5¢) + b,(0)-F,(x~1) + [1-b,(x)] ’2; S(x) )
where R(x) = number of zeroes for filter F; at frequency band x.

10 The third term in expression 7, in effect, delays the exponential decay in the
impulse response. A hypothetical impulse response is shown in Figure 11a. Each zero
adds a “"delay” of one frequency band. In general, more zeroes are used for higher-
frequency bands. For example, if each element in the PSD of a 20 kHz bandwidth input
signal corresponds to a transform coefficient generated by a 512-point transform, then

15  perhaps as many as ten zeroes will be required"‘ffor the highest-frequency bands, but no
zeroes are required for bands below about 500 Hz.

The accuracy of the spreading function can be improved at the expense of greater
computational complexity by using filter coefficients which are functions of the frequency
band number x. Preferably, the recursive term coefficient b(x) provides more spreading

20  for spectral components at higher frequencies. By mapping the input signal PSD into a set
of frequency bands having appropriate bandwidths, however, a spreading function with
reasonable accuracy can be obtained using a recursive term coefficient b; which is
substantially invariant. Some variation in coefficient b, is more likely required in many
coding systems for lower-frequency bands because the critical bandwidths are much

25  narrower.

The filter characteristics may be established according to the needs of the coding
application. It should be emphasized that these filters operate in a frequency-band domain
which is a mapped frequency domain. The decay term for the filters represents a
spreading of acoustic energy along the basilar membrane and provides an effect similar to

30  that provided by convolution with a spreading function.

Referring to Figure 8, reverse 308 performs a frequency-band reversal of the

information received from path 300 prior to filtering by filter 310, and reverse 312
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Figure 8 which incorporates filters having the characteristics shown in Figures 10a-10c. If
the critical-band density information received from path 300 is expressed in the log-power
domain, then the sums calculated by component 306 and component 314 are log sums.
10  One way in which log sums may be calculated is discussed below.
Many alternative embodiments are possible. For example, an embodiment having
lower computational complexity may comprise only filter 302, filter 304 and component
306, and component 306 may combine the two filtered outputs by simply selecting the
larger of the two. The results obtained by this simpler embodiment are acceptable in many
15  high-quality coding applications. For example, Figure 11b illustrates a hypothetical
composite impulse response of this embodiment:in which filter 302 has the impulse
response shown in Figure 11a and filter 304 has the impulse response shown in
Figure 10b. Table II shows filter coefficients a,(x) and b,(x) for filter 302 and coefficients
a,(x) and b,(x) for filter 304 which are suitable for use in an embodiment using the PSD
20  mapping shown in Table I. The coefficients are expressed in dB for use in the log-power
domain, but may be easily converted to coefficients for use in the linear-power domain by
dividing the entries in the table by ten and taking the antilogarithm of the quotient.
The filters may be implemented as IIR filters, FIR filters or lattice filters, for
example, but IIR filters are generally preferred because they are usually more efficient
25  computationally. Computational complexity may be further reduced by performing the
filter calculations in the log-power domain. The multiplications required to calculate

expression 6 in the power domain can be implemented as additions in the log-power

domain, or
log A = log[a,(x)‘S()] = log a,(x) + log S(x) ®
30 log B = log [5,(x)-F,(x-1)] = log b,(x) + logF,(x-1). )]

The addition of the two terms in expression 6 cannot be performed in a straight forward
manner in the log-power domain. This addition, referred to as a "log sum," can be

performed using the identity This Sheet Has Been Rerlaced
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5 for a suitable range of values | log 4 - Iog B | , the addition in expression 6 may be

performed in the log-power domain by (1) finding the absolute value of the difference
between log 4 and log B, (2) obtaining a value from the lookup table by using this
difference as a key, and (3) adding the value obtained from the lookup table to the larger

of log 4 and log B. This implementation is not essential to practice the present invention,

10 but it is useful in many embodiments to further reduce computational complexity.

The lookup table can be reasonably compact because the smaller term is essentially
negligible for differences in | log A - log B | greater than approximately 24 dB. In other
words, reasonably accurate approximations of the log sum can be obtained for differences
greater than approximately 24 db by assuming that the entry in the table is equal to zero.

15 Sensitivity Punction

The basis of psyclioacoustic masking effects is the fact that the human auditory
system is desensitized by the presence of acoustic energy. A low-level signal, which is
audible when isolated, may not be audible when accompanied by a much louder signal.
The "sensitivity function” w(x) of Schroeder, et al. approximates the degree to which the

20  human auditory system is desensitized. This function, which provides the SNR required to

ensure psychoacoustic masking within a critical band x, may be expressed as
101og,, w(x) = -(15.5 + x) dB. (12)
A simpler approach uses a sensitivity function of w(x) = -20 dB which simply sets the

required SNR at a constant 20 dB.
25 In a preferred embodiment in which the maximum digital value represents 105 dB

SPL, a conservative level is used to ensure masking by low-amplitude spectral components
even when a playback system volume control is set to a very high level. This sensitivity

function represented by the expression

-40 dB for 1 <x <36
wix) = 11.923x-107.308 dB for 36 <x <49 (13)
-15 dB for 499 <x o T '
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5 Z(x) = wx) + E() (14)
in the log-power domain, or from the expression
Z(x) = w(x)-E(x) (15)
in the linear-power domain.
Masking Threshold
10 By definition, all acoustic energy below the threshold of hearing is inaudible;

therefore, the SNR required to ensure that quantizing noise is masked does not need to

suppress the quantizing noise any lower than the threshold of hearing. The threshold of

hearing is well defined in the art. For example, see ISO standard 226 which provides

information pertaining to equal-loudness contours of a "minimum audible field" in the ISO
15  Standards Handbook, Acoustics, 1990, pp. 20-25. The function 8(x) is used herein to

represent an analytical expression of this threshold.

The psychoacoustic masking threshold M(x) may be obtained by comparing the
threshold of hearing with the interim masking threshold and choosing point by point the

larger of the two thresholds. This may be represented as
20 M@®) = max[Z(x),0 ®)]. : (16)
Allocation Values
In one simple embodiment, bits may be allocated at a rate of one bit for each 6 dB
of required SNR, or

S(x) - M@) _
AG) = —— for S(x) = M() an

0 for S(x) < M(x)

25  where A(x) = allocation value for each spectral component in frequency band x.
In preferred embodiments, a more effective allocation is obtained by table lookup.
The required SNR of the estimated spectral power S(x) to the masking threshold M(x) is
used as the key into the lookup table, and each entry in the table represents the number of

quantizing levels required to achieve the required SNR.
Been Reiaced
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functions which are forced to quantize spectral information into a given number of
quantizing levels. Table III, for example, indicates that a SNR of 8.21 dB and 11.62 dB
are obtained by a particular embodiment of a coding system which uses a quantization

10 function having three quantizing levels and five quantizing levels, respectively. According
to the entries in this table, spectral components requiring a SNR of more than 8.21 dB but
less than or equal to 11.62 dB should be allocated enough bits to be quantized into five
levels.

In this implementation, the lower bound of the table is zero quantizing levels at

15  0dB, and the upper bound of the table is set at some maximum number of bits referred to
herein as the "allocation ceiling." According to the example shown in Table III, the
allocation ceiling corresponds to 65,536 quanti;ing levels, which can be represented by 16
bits. '

In many coding systems, the total of the allocation values is limited by a specified

20  number of bits. This number is referred to herein as the "bit budget.” If the total number
of allocated bits exceeds the bit budget, the allocation function must revise the allocation
values accordingly.. If the total number of allocated bits is less than the bit budget,
preferably the allocation function revises the allocation values to optimize the use of the
residual bits.

25 In some embodiments, allocation values are refined by adjusting the level of the
masking threshold M(x) and recalculating the allocation values. Preferably, the threshold
of hearing is taken into account as the masking threshold is raised and lowered. In one
embodiment, this is accomplished by raising and lowering the interim masking threshold
Z(x) across some or all of the spectrum and reestablishing the masking threshold according

30  to expression 16 until the total number of allocated bits is sufficiently close to the bit
budget. For ease of discussion, the notation My(x) is used to refer to an initial or "ideal"
masking threshold obtained from a perceptual model before any adjustments are made to

refine allocation values.
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spectral component, respectively. Initially, the masking threshold is set to a level 24 dB
5  below My(x), which is mid-way between the two extremes of 72 dB and -24 dB. The
allocation values are calculated and compared to the bit budget. A binary search technique
makes coarse adjustments to the masking threshold to converge the total bit allocation to a
value which is equal to or less than the bit budget. The binary search reiterates the coarse
adjustments until either the total bit allocation equals the bit budget or until the incremental
10 adjustment to the masking threshold is less than 1.5 dB. Following these coarse
adjustments, the binary search makes fine adjustments to the masking threshold to establish
a level as much as 6 dB lower which converges the total bit allocation more closely to the
bit budget. This binary search reiterates the fine adjustments until either the total bit
allocation equals the bit budget or until the incremental adjustment to the masking threshold
15  isless than 0.375 dB. The difference between the adjusted threshold and My(x) may be
passed in the encoded signal, allowing the decoder to establish the allocation values directly
without repeating the convergence process. |
This same coarse/fine adjustment process may be used in multi-channel coding
systems in which bits are allocated to spectral components in all channels from a common
20  pool of bits. In an alternative embodiment, coarse adjustments are made only to a masking
threshold common to all channels. After the total allocation for all channels has converged
sufficiently, fine adjustments are made to masking thresholds associated with individual
channels until the total allocated bits is equal to or sufficiently close to the bit budget. The
fine adjustments may be made by: (1) completing one adjustment to a respective masking
25  threshold for each channel in turn, adjusting across all the channels until converging, or
(2) adjusting a respective masking threshold for each channel in turn until converging,
starting with a highest-priority channel and proceeding to a lowest-priority channel.
A process similar to that just described for multi-channel coding systems may be
used in other coding systems with one or more channels. Bits may be allocated from a
30 common pool of bits to spectral components over an extended period of time. In a
transform coding system for example, coarse adjustments are made to allocations across
multiple blocks of transform coefficients until the total allocation for the multiple blocks
converges sufficiently close to the bit budget. The fine adjustments may be made by
adjusting a respective masking threshold for each block in turn, adjusting across all of the
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filters, should not allow an allocation value to exceed this ceiling.

If the masking threshold is raised to bring the total bit allocation within a bit
budget, it is possible that one or more "intermediate” spectrﬂ components may exceed the
initial threshold My(x) but not exceed the adjusted threshold M(x). According to expression

10 17, these intermediate spectral components are not allocated any bits and are, therefore,
excluded from the encoded signal. This exclusion may be perceptible, especially if the
exclusion is intermittent. For example, the harmonics of a sustained note may be
intermittently excluded during intervals having considerable acoustic energy elsewhere in
the spectrum.

15 If bits are allocated to these intermediate spectral components, the bit budget can be
balanced by decreasing the allocation to larger spectral components; however, the resulting
degradation in the coding quality of the larger spectral components is likely to be
perceptible. Preferably, bits should be allocated so as to obtain a balance between the
perceptible effects of excluding intermediate spectral components on the one hand and

20  degrading the coding quality of larger spectral components on the other hand.

In one embodiment, an attempt to achieve such balance is made by allocating only a
minimum number of bits to all intermediate spectral components. In a particular
implementation, this is accomplished by quantizing all intermediate spectral components
using the quantization function having thq minimum number of gquantizing levels.

25 In another embodiment, balancing is attempted by allocating a minimum number of
bits to only those intermediate spectral components within a limited frequency range. This
range extends from the highest-frequency spectral component which exceeds the adjusted
masking threshold up to the upper limit of the encoded signal bandwidth.

In yet another embodiment, balancing may be attempted by allocating bits to only

30  those intermediate spectfal components which are no more than some level, say 9 dB,
below the adjusted masking threshold. In a variation of this embodiment, the level below
the adjusted threshold is modified to ensure that the number of bits allocated to
intermediate spectral components does not exceed a percentage of the bit budget. As

another example, the number of bits allocated to these intermediate spectral components
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by reducing the allocation bandwidth over an interval of several hundreds of milliseconds.
In effect, modifications to criteria used to exclude intermediate spectral components are
subject to a low-pass filter.

Allocation of Residual Bits

10 If the number of bits allocated thus far is less than the bit budget, the residual bits
may be allocated in any number of ways. In one embodiment, a two-step process is used:
(1) starting with the lowest-frequency band and proceeding upward in frequency, the
allocation for a frequency band is increased if either (a) the respective allocation value is
more than zero and less than the allocation ceiling, or (b) the allocation value is zero and

15 the allocation value for either adjacent frequency band was more than zero at the start of
step 1; and (2) while any bits remain, starting with the lowest-frequency band and
proceeding upward in frequency, the allocation value for each frequency band is increased
if the respective allocation value is less than the allocation ceiling. Step 2 reiterates until
no residual bits remain.

20 The allocation of residual bits can be avoided or minimized by allowing the
convergence process to converge sufficiently close to the bit budget so that there are very
few if any residual bits.

Decoder Spectral Distortion
' Overview

25 The analysis and synthesis filter banks used in various split-band coding systems
may be thought of as a plurality of passband filters. Figure 12a illustrates the frequency
response of an ideal passband filter having'unitary gain in the passband 500, infinitely steep
transitions 502 and 504 at the passband cutoff frequencies, and zero gain in stopbands 506
and 508.

30 Figure 12b illustrates the frequency response of a practical passband filter. Unlike
the ideal passband filter, many practical passband filters have main lobe 500 with varying
gain in the passband, passband skirts 502 and 504 with finite slope in the transition regions
between the passband and the stopbands, and stopbands 506 and 508, possibly with
sidelobes, providing a varying amount of gain. The width of the passband, rate of roll off
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5  similar to that shown in Figure 12b. Figure 13a illustrates the true spectrum of a signal
comprising two spectral components 600 and 610. Figure 13b illustrates spectra 602 and
612 passed by the analysis filter bank in response to the true spectral components 600 and
610, respectively. The shape of the spectra may be established from the convolution of the
analysis filter bank frequency response with the true spectrum of the original signal. The
10  non-ideal frequency response of the passband filters cause the analysis filter bank to smear
the shape of the true spectral components.

The characteristics of non-ideal filter banks used in signal analysis are generally
well understood. For example, the effects of analysis windows upon the frequency
response of a Discrete Fourier Transform is discussed in Harris, "On the Use of Windows

15 for Harmonic Analysis with the Discrete Fourier Transform," Proc, of IEEE, vol. 66,
January 1978, pp. 51-83. The response characteristics of several digital quadrature filters
are discussed in Barnwell, "Subband Coder Deéign Incorporating Recursive Quadrature

Filters and Optimum ADPCM Coders," 1EEE Trans, Acoust., Speech and Signal Proc,,
vol. ASSP-30, October 1982, pp. 751-65, and in Rothweiler, "Polyphase Quadrature

20  Filters -- A New Subband Coding Technique,” Proc, Int. Conf, Acoust., Speech and Signal

Proc., 1983, pp. 1280-1283. |
In principle, analysis filter bank spectral smearing need not cause a problem because

a complementary synthesis filter bank may reverse the effects of the smearing and recover
the exact original signal. This is true only in principle, however, because the synthesis

25  filter bank can recover the exact original signal only if it is provided with the exact output
of the analysis filter bank. In psycho-perceptual based coding systems, subband signals
obtained from the analysis filter bank are quantized to reduce informational requirements
and the resultant quantizing error prevents the synthesis filter bank from recovering the
exact original signal. |

30 The effects of synthesis filter banks may be better understood from the following
discussion and by referring to Figures 13c and 13d which provide a hypothetical graphical
illustration of spectral distortion caused by a synthesis filter bank. Figure 13c illustrates
the smeared spectra 602 and 612 passed by an analysis filter bank with additional noise
components 604 and 614 added to each respective smeared spectrum. The noise
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yet anot her enffiglireddt iludtratdsdhe spectral shape of the signal recovered by a decoder
synthesis filter bank in response to the signal illustrated in Figure 13c. Spectral

components 608 and 618 correspond to true spectral components 600 and 610 in the

10 original signal, and artifacts 606 and 616 are spectral distortions generated by the synthesis
filter bank in response to quantizing noise components 604 and 614, respectively. The
shape of artifacts 606 and 616 may be established from the convolution of the synthesis
filter bank frequency response with noise components 604 and 614. In practical split-band
coding systems, the spectral distortion is even greater because all components of the

15  analysis filter bank output are quantized.

Although many practical split-band coding systems quantize subband signals
nonuniformly, it may be instructional to point out that the distortion of a signal’s true
spectrum by a coding sys'tem using uniform quantization may be modeled by the
convolution of the analysis filter bank frequency response with the synthesis filter bank

20  frequency response. _

This distortion model is not very useful in practical coding systems, however,
because the signal’s true spectrum is not available. Instead, a smeared representation of
the true spectrum is available from the analysis filter bank. It is this smeared
representation which is subject to reduction of information requirements such as by

25  quantization. The quantized subband signals in an encoder, for example, already reflect
the part of the.total coding system distortion caused by the analysis filter bank. The
distortion caused by the synthesis filter bank can be obtained by convolving the spectrum of
the quantization noise with the frequency response of the synthesis filter bank.

The spectral distortion of the synthesis filter bank is responsible for why allocation

30  functions which are based upon only perceptual models cannot always obtain correct
allocation values. Many perceptual models are based upon empirical tests which attempt to
establish the masking properties of signals comprising either a single-frequency sinewave or
a very narrow band of noise. These masking models are based upon the true spectral

shape of both the masking signal and the masked signals. Such perceptual models do not
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response ffipdrb@tible by adding a margin to the information requirements suggested by perceptual
models. In one embodiment, for example, an encoder applies a perceptual model to
establish information requirements and then allocates one or two more bits to ensure that
quantization noise will be masked. This marginal allocation is suboptimal unless synthesis

10 filter bank distortion effects are properly accounted for.

An allocation function may make allowances for decoder spectral distortions in a
number of ways such as by adapting the psycho-perceptual model, by altering the
established masking threshold, and/or by adjusting allocation values. For example,
information requirements may be increased to allow for decoder spectral distortions by

15 (1) reducing portions of excitation pattern E(x) obtained from expression 4, (2) by reducing
portions of sensitivity function w(x) used in expressions 14 and 15, (3) by reducing
portions of interim masking threshold Z(x) used in expression 16, (4) by reducing portions
of established masking threshold M(x) obtained from expression 16, or (5) by increasing
selected aliocation values A(x).

20 The terms "adjusting bit allocation" and the like are used in the following discussion
as generic terms for such allowances. In preferred embodiments, allowances are made by
adapting the excitation pattern E(x); therefore, the embodiments discussed below illustrate
how to adjust the excitation pattern. It should be understood, however, that these
embodiments may be altered to use any of the other ways listed above.

25 Complex Process

Figure 14 illustrates the steps in one embodiment of a process which incorporates a
decoder spectral distortion model. At ENTRY 700, an allocation function has already
established preliminary allocation values in accordance with psycho-perceptual principles.

NOISE 702 establishes a quantizing noise spectrum Q(x) in accordance with the

30  established allocation values. A hypothetical example of the quantizing noise spectrum
resulting from the quantization of subband signals obtained from an analysis filter bank is
illustrated in Figure 13c. Unlike this hypothetical example, however, all components of

the subband signals are quantized.
This Sheet Has Been Re
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quantizing nmse spectrum Q(x) to obtain a decoder distortion spectrum N(x).

The convolution is computationally intensive. A process similar to that discussed
above for obtaining an excitation pattern, an embodiment of which is illustrated in
Figure 8, may also be used to implement an efficient process to estimate decoding spectral
distortion.

CHECK 706 establishes whether any portion of N(x) will be perceptible in the
signal recovered by the decoder by comparing N(x) with an established masking threshold
M(x). If any portion of N(x) exceeds a respective portion of M(x), that portion of N(x) is
expected to be perceptible.

TERM 708 determines whether to reiterate the foregoing steps. If N(x) does not
exceed M(x) anywhere, no further processing is required because all N(x) is expected to be
imperceptible. EXIT 712 is performed next.

If N(x) exceeds M(x) in a substantially uniform manner across the spectrum and no
additional bits are available for allocation, further processing is not expected to reduce the
perceptibility of N(x). EXIT 712 is performed next.

Otherwise, ADJUST 710 is performed next.

ADJUST 710 adjusts the bit allocation for selected spectral components to reduce
the perceptibility of coding artifacts. This may be accomplished by identifying Q(x)
components which are large contributors to the portions of N(x) which exceed M(x), and
increasing the bit allocation to selected Q(x) components which are the largest contributors.

A way in which the largest contributors may be identified can be derived by first
recalling that the decoder distortion spectrum N(x) is obtained from the convolution
Q(x)*D(x), which may be expressed as

N@ = ¥ QWD) (18)

f=~00

The largest Q(x) contributors to a specific portion of the distortion spectrum, say N(xp),
may be identified by ascertaining for which subbands x the terms Q(x)-D{x-x) are largest.
This is equivalent to weighting each Q(x) component with frequency response D(-x)
centered about a subband x, in which N(x) is expected to be perceptible, and selecting the

Q(x) components corresponding to the largest weightings.
is Sheet Has Been Re laced
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At EXIT 712, the process of making allowance for decoder spectral distortions is

completed.
Simplified Process

10 A simpler process can achieve good results by exploiting the fact that the effects of
decoder spectral distortion are usually imperceptible unless the synthesis filter bank smears
the quantizing noise more widely in frequency than can be masked by the true spectral
components of the coded signal. This condition is more likely to exist when the masking
threshold established from spectral components passed by the analysis filter bank rolls off

15  more rapidly than the synthesis filter bank frequency response.

In many filter bank implementations, the rate of frequency response roll off may be
increased but, as a conségucnce, the depth of sibpband rejection is decreased. For many
implementations of synthesis filter banks, even minimal requirements for stopband rejection
prevent response roll off from equalling or exceeding established masking threshold roll off

20  for lower-frequency masking by low- to medium-frequency spectral components. For
example, a filter bank implemented by a 512-point transform with a sampling rate of
48 kHz generally cannot achieve a filter response with roll off more than about 12 dB per
coefficient or 93.75 Hz (48 kHz / 512) without reducing the level of stopband rejection
below about 100 dB.

25 In comparison to the filter frequency response, a masking threshold for spectral
components above about 4 kHz rolls off at approximately 2 dB per coefficient for
downward-frequency masking. By contrast, a masking threshold of spectral components
within the range from about 400 Hz to about 3 kHz rolls off at approximately 10 to 15 dB
per coefficient for downward-frequency masking. As a result, coding systems

30  incorporating synthesis filter banks with characteristics similar to those just described
should make allowances for decoder spectral distortions at frequencies below about 3 kHz,
but probably do not need to make allowances at higher frequencies.

Referring to Figure 15a, threshold 802 represents a psychoacoustic masking
threshold of a high-frequency spectral component and response 800 represents a frequency
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techniques is illTustrated in Figure 6; however, either techni que nmay
threshold of a low- to medium-frequency spectral component and response 804 represents a

frequency response of a respective passband filter in a hypothetical synthesis filter bank.
For frequencies below the masking component, masking threshold 806 rolls off more

10  rapidly than filter frequency response 804. It is much more likely that decoder spectral
distortion may smear low- and medium-frequency coding artifacts to such an extent that
they become perceptible; therefore, an allocation function may not safely ignore decoder
spectral distortions for lower frequencies. The example illustrated in Figure 15b indicates
that quantizing noise must be reduced on the low-frequency side of dominant spectral

15  components to ensure that coding system artifacts are inaudible.

Whether allowances must be made for decoder spectral distortions depends upon the
masking threshold established in response to thé spectral shape of the signal to encode. It
is important to recall that masking thresholds such as those shown in Figures 15a and 15b
pertain to the masking characteristics of single-frequency spectral components or very

20  narrow bands of noise. The masking characteristics of a complex signal with many
spectral components is very different. For example, the masking threshold of white noise
is fairly flat; therefore, decoder spectral distortion is of no particular concern for signals
with essentially flat spectral shapes.

A simplified process identifies potential situations like that illustrated in figure 15b

25 by examining the critical band density S(x) of subband signals passed by an analysis filter
bank in low- and medium-frequency subbands. If changes in S(x) across the lower part of
the spectrum are substantially equal to or greater than the rate of frequency response roll
off for respective passband filters in the synthesis filter bank, then allowances are made for
decoder spectral distortions. | |

30 The concepts of the simplified process may be used in a variety of implementations
and embodiments but the embodiments described here are based upon the following
assumptions: (1) the implementations are for digital audio coding systems; (2) the critical
band density is approximated by a discrete log-power function S(x) constrained to multiples

of 6 dB increments between adjacent subbands of no more than 412 dB, (3) the synthesis



30 be UB@UO2A BEF and unnecessary functional elenents may be renoved from
the illustrated structure. In the first or "paraneter" techni que, adaptor
120 nodi fies one or nore paraneters which affect the results of allocation
function 110. The nodified paraneters prggvi ded by adaptor 120 are passed
al ong path 123 to allocation function 110 and to formatter 106. REPLACEMENT

B T R R
havi ng a ffegquenty respanadrell pffroftabant1ad dBipen cgcfﬁgteot agbstopband rejection of about
: 100 dB; (4) the number of bits allocated to quantize the subband signals without regard for
decoder spectral distortions is just enough to reduce the quantizing noise below the
5  established masking threshold; and (5) the masking threshold is established according to the
most accurate psychoacoustic model which can be implemented practically.
First Embodiment
The following program fragment illustrates a first embodiment of a simplified
process which may be incorporated into an allocation function to allow for decoder spectral
10  distortion,

(101) for i from 0 to 25
(102) if S@i+1) - S@) = 12 then

(103) setj =i+ 1
(104) setk =0
15 (105) while k = Qand j < 26
(106) if SG+1) - S¢) # 12 then
(107) : setk=j-i
(108) endif
(109) setj=j+1
20 (110) endwhile
(1) °  ifk <3andk # O then
(112) seta =6
(113) else
(114) seta = 12
25 (115) endif
(116) forifromi+ 1toj- 1
(117) set E() = EB@) -a
(118) if E(}) < O then
(119) set B(() = 0
30 (120) endif
(121) endfor
(122) if S¢) - S¢-1) = This Sheet Has Been R
FE LT | [
- (124) endif ’
35 (125) seti =j

(126) endif
(127) endfor

Line (101) reiterates the process performed in lines (102) to (127) for subbands zero
to twenty five which cover the spectrum below about 2.4 kHz. If line (102) determines
40  that the critical band density increases by 12 dB from subband 7 to i+1, then lines (103) to
{126) are performed; otherwise, the process continues with line (102) checking the next
subband.
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density increases by 12 dB. If line (106) determines that the increase between subband
j+1 and subband j is not 12 dB, then line (107) sets variable k equal to the number of
subbands in the interval. This causes line (105) to stop reiterating lines (106) to (110).

10 Line (109) increments the variable j to reference the next subband.
If line (111) determines that the length of the interval is less than three, then
line (112) sets variable a to six; otherwise, line (114) sets the variable a to twelve. The
variable a represents the amount in dB by which the excitation pattern E(x) will be reduced
to allow for decoder spectral distortion. The pattern is reduced more for longer intervals
15  of subbands in which the critical band density increases by 12 dB because larger amounts
of spectral smearing occurs for longer intervals, The reason for the additional reduction
may be appreciated by recalling that the spectrai distortion may be modeled by convolving
the synthesis filter frequency response with the quantization noise spectrum, and that the
synthesis filter frequency response rolls off at about 12 dB per transform coefficient (or per
20  critical band at lower frequencies) which is substantially the same as the rate of increase in
the critical band density. The convolution will smear the quantization noise spectrum more
widely in frequency for longer intervals.
Line (116) reiterates the process performed in lines (117) to (121) in which E() is
reduced by the amount specified by variable a. The subbands in which the pattern is
25  reduced correspond to the subbands in the interval across which the critical band density
increases by 12 dB. If line (118) determines that the excitation pattern has been reduced to
less than zero for any subband, then line (119) resets the pattern to zero for that subband.
If line (122) determines that the increase in critical band density following the
interval is 6 dB, then the excitation pattern is also adjusted in that following subband.
30 Line (125) sets the variable i equal to the variable j. This causes the reiteration of
lines (102) to (127) to continue with the subband following subband j.
Several tables illustrate the results of the process just described. Table IV
represents an interval of two subbands across which the critical band density S{x) increases
by 12 dB. This interval is followed by an increase which is not 6 dB. The row for A(x)
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density increases by 12 dB. The interval of 12 dB increases is followed by an increase

which is equal to 6 dB.
Table VII represents an interval of three subbands across which the critical band
10  density increases by 12 dB. The interval of 12 dB increases is followed by an increase
which is equal to 6 dB.
Second Embodiment
The following program fragment illustrates a second embodiment of a simplified
process which may be incorporated into an allocation function to allow for decoder spectral
15  distortion. Although the results obtained by this second embodiment are generally not as
good as those obtained by the first embodiment,, the second embodiment is attractive in

certain implementations because it is computationally more efficient.

(201) a=0
(202) for i from O to 25
20 (203) if S(i+1) - S(i)) = 12 then
(204) if a < 18 then
(205) ssta=a+6
(206) endif
207) set E() = E() - a
25 (208) else
(209) if S(i+1) - S(i) < -6 then
210) if @ > 0 then
(21 1) seta=a-6 This Sheet Has Been Replaced
212) ‘endif
0 i = E0 =50 -0 MIHHATH
' (214) endif

(215) endif
(216) endfor

Line (201) initializes variable a to zero. Line (202) reiterates the process performed
35 in lines (203) to (216) for subbands zero to twenty five.
If line (203) determines that the change in the critical band density from subband i
to subband i+1 is 412 dB, then lines (204) to (206) increase variable ¢ by 6 dB, up to a
maximum of 18 dB. The variable a represents the amount in dB by which the excitation

pattern E(x) will be reduced to allow for decoder spectral distortion. This amount
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ill-ustrated in Figures 1-7 may be realized by a wide variety of
12 dB because larger amounts of spectral smearing occurs for longer intervals. Refer to
the discussion above for the first embodiment which provides more details. Line (207)
reduces E(i) by the amount specified by variable a.
5 If line (203) determines that the change in the critical band density from subband i
to subband i+1 is not +12 dB, then line (209) determines if the change is -6 dB or less.
If it is, lines (210) to (212) decrease variable a by 6 dB, down to a minimum of 0 dB.
Line (213) reduces E(i) by the amount specified by variable a.

Third Embodiment

10 The following program fragment illustrates a third embodiment of a simplified
process which may be incorporated into an allocation function to allow for decoder spectral
distortion.

(301 a=0
: (302) for i from O to 25
15 (303) switch
(304) case S(i+1)-S() = 12:
(305) seta=a+ 6
306) case SG+1)-S@Ef = 6:
307 if S(+2) - S(i+1) = 12 then
20 (308) seta=a-3
(309) else
(310) seta=a-6
311) endif
(312) case S(i+1)-S() =0

25 (313) seta=a-6
(314) case S(i+1) - S@) = -6 :
(315) if S(i+2) - S(i+1) = 12 then
(316) seta=a-6
(317 else

30 (318) seta=a-9
319) endif
(320) case S(i+1) - S(i) = -12:
(321) setg=a-12
(322) endswitch

35 (323) ifa > 18 then
(324) seta = 18
(325) endif
(326) ifa < 0 then
(327) seta =0

40 (328) endif

(329) set E() = E(@) - a
{(330) endfor

This Sheet Has Been RTiaced
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either decrease variable a by 3 if the critical band density changes by +12 dB from
subband i+1 to subband i+2, or decrease variable a by 6 otherwise. Lines (323) to (328)
ensure that variable g is not greater than 18 and is not less than zero. Line (329) reduces
10 excitation pattern E(j) by the amount specified by variable a.

This embodiment "looks ahead" to the next higher-frequency subbands. Other
embodiments may look even further ahead. If computational resources permit, an
embodiment could analyze the change in critical band density across all or substantially all
subbands of interest before adjusting the excitation pattern.

15 Adaptor

In split-band coding systems using allocation functions which are based upon
various psycho-perceptual effects, any parametér affecting the underlying psycho-perceptual
model may be modified to adapt the allocation function. In audio coding applications, for
example, such parameters include (1) the filter coefficients of equation 6 or equation 7

20  which model the level of psychoacoustic masking above and/or below a masking tone,
(2) the characteristics of the sensitivity function which provides the SNR offset from the
excitation pattern, (3) the level of inter-channel masking in a multi-channel system, (4) the
bandwidth of the input signal, (5) the minimum number of bits to allocate to subband
signals as a function of frequency, (6) the allocation ceiling, possibly as a function of

25  frequency, (7) the number of additional bits to allocate to a spectral component for each
incremental increase in amplitude as a function of spectral amplitude, and (8) the amount
by which to adjust an excitation pattern when decoder spectral distortions are expected to
be perceptible. Empirical evidence indicates that a higher SNR is required to achieve
masking at higher amplitudes; therefore, an allocation of one additional bit per 6 dB

30  increase in amplitude may be required at high amplitudes but an allocation of only one bit
per 12 db increase may be adequate at lower amplitudes.

Adaptor 120 may utilize either or both of the "parameter” technique and the “value"
technique to adapt the results of the allocation function. The "parameter” technique entails

modifying one or more parameters such as those discussed above. The "value" technique



banks as RELO29 BET exanple, filterbank 102 may co L anal o
filters and an anal og-to-digital converter (A>IZ/)C) W‘g %et%&egﬁk | gi tal °
sanpl es for each subband signal. |nverse fllterbank se a

di gital -to-anal og converter (DAC) which ggnerates a ignals in
response to digital sanples and a conponent which 20 conblnes t he anal og
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112 and i nver se conv rter enerate a recover the X words and
[err] \Aorcdztamayfrahsﬂnebﬂoca;wmﬁnmdny a wide variety inplenentations. As

di scussed abov. wor ds are.characteri zed fact that, 1 are
qvar L abl e to nobafiedubpross as & Fudehmend Aer ntaniae HEton driEht foolé
functi on.priftRe’of\iRé PresBRVinvéntioflC B hppréath @hitRides b&f&fﬁﬁhﬁ ahaWAfativénd t he
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exponent 2
value where the difference between it and the respective basic value is significant. The

complexity of the basic allocation function may be restricted so as to simplify the decoder,
but the alternate allocation function may be as complex as desired. In audio coding

10 applications, for example, the alternate function may use a more sophisticated
psychoacoustic model including consideration for signal characteristics such as the flatness
of the input signal spectrum, the average or peak amplitude of the input signal, and
whether a masking component is tone-like or noise-like.

Another exemplary adapting process avoids performing a complete allocation

15  function, merely generating adjustments to the basic allocation values in response to the
detection of various signal characteristics. For gxample, the basic allocation values may be
increased in response to detecting tone-like masking components, or the basic allocation
values may be decreased in response to detecting that the input signal spectrum is
essentially flat.

20 As discussed above, adaptor 120 may be responsive to the input signal, the subband
signals obtained from filterbank 102, the X words obtained from converter 112, or any
other information of significance to the particular application. In a coding system for a
long-distance telephone network, for example, adaptor 120 may be responsive to date,
time-of-day and day-of-week information so as to provide an allocation function which

25  reduces bit allocations, thereby trading off lower information requirements with higher
fidelity coding, in anticipation of forecasted increases in traffic through the network.

In a digital video display system, for example, adaptor 120 may provide an
allocation function which is responsive to operator input, thereby allowing the operator to
tradeoff shorter display response times against higher picture resolutions.

30 As these examples show, adaptor 120 may be responsive to any information which
is desired in a particular application. The choice of this information is not critical to the
practice of the present invention.

It should be appreciated that the present invention may be practiced within

numerous embodiments implemented by a wide variety of techniques.



may cor rBé’&é’%ﬁ }%%rt he fl oating-point mantissas. 30 In sone
“inplementations, groups or blocks of Y words are associated with a common X
word exponent, form ng a bl ock-floating-point (BFP) representation. In a
preferred enbodi ment, however, a higher4tesol ution spectral envelope is
obtained fromthe X words by associating each Y word manti ssa with one

respective X word exponent. REPLACEMVENabMSEET 25 JA - 15 - Quantizer The
particular functions used by quantizer 104 and dequantizer 204 are not
critical  Band No. Low Freq. High Freq. Band No. Low Freq. High Freq.
- X (kHz) {(kHz) X {kHz) (kHz)
1 0.0250 0.0750 26 1.9250 2.0750
5 2 0.0750 0.1250 27 2.0750 2.2375
3 0.1250 0.1750 28 2.2375 2.4125
4 0.1750 0.2250 29 2.4125 2.6000
5 0.2250 0.2750 30 2.6000 2.8000
6 0.2750 0.3250 31 2.8000 3.0250
10 7 0.3250 0.3750 32 3.0250 3.2750
8 0.3750 0.4250 33 3.2750 3.5500
9 0.4250 0.4800 34 3.5500 3.8500
10 0.4800 0.5400 35 3.8500 4.2000
11 0.5400 0.6025 36 4.2000 4.6000
15 12 0.6025 0.6675 37 4.6000 5.0500
13 0.6675 0.7350 38 5.0500 5.5500
14 0.7350 0.8050 39 5.5500 6.1000
15 0.8050 0.8800 40 6.1000 6.7000
16 0.8800 0.9600 41 6.7000 7.3750
20 17 0.9600 1.0425 42 7.3750 8.1250
18 1.0425 1.1275 _ 43 8.1250 9.0000
19 1.1275 1.2200 44 9.0000 10.0000
20 1.2200 1.3200 45 10.0000 11.2500
21 1.3200 1.4275 - 46 11.2500 12.7500
25 22 1.4275 1.5425 47 12.7500 14.5625
23 1.5425 1.6625 48 14.5625 16.6875
24 1.6625 1.7875 49 16.6875 18.8750
25 1.7875 1.9250 50 18.8750 21.0620
Table I
30 Critical-Band Mapping
eet Has Been Reéplaced
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to the prQQH)E%P&Tthe present invention, but the two functions should be
conplenentary. In general, given the sane allocation val ues, dequantization
function [err] is the inverse of 5 qguanti zation function g(x) such that
the original quantity [err]. Strict eque#2ty is not expected because

gquanti zation usually results in the | oss of sonme accuracy. In response to

t he al | ocBdridon g4é)ues b@pant ufey 10B(ay adaPind t se;()ant ibg@) i onafnct i Bx)i n
any® of sevaral_®ys. KaB) exade, qedBYizer 1G4 magBjet _t(HB) nunigdB) of _(dB)
quanti zi ng 1l evgbeo aceesh Ng4b@obhe- labb@catlomelalweeo Ag, pd@ht-2b0el  -0.400
quanti zati gn fo&oeéiorsécﬁ) -gad)o@ fopipod evel optantd pabi o S8 1ct.2orgggoul lobe
used gn resgoorg; 0 atlp @n al | 0§8at| f Lguig szgsngnd 6090

bits, respec quantjg US@4%

lﬁgﬁ“‘*%ﬁ”@ 'Z"’“é‘ *3 g
quanti zati P} mal | er R/al @antg%

104 may aI ct i on :%/ S hi rgggget ngfgr;3

10 0. -6 7 333 3 0.000
9 0.000 -6.700 -18.667 -1.783 34 0.000 -5.722 —29. 1 1 1 0 000
10 0000 -6.700 -18.000 -1.800 35 0.000 -5.600 -30.000 0.000
11 0.000 -6.700 -18.000 -1.771 36 0.000 -5.554 -31.923 0.000
12 0.000 -6.700 -18.000 -1.743 37 0.000 -5.508 -33.846 0.000
15 13 0.000 -6.700 -18.000 -1.714 38 0.000 -5.462 -35.769 0.000
14 0.000 -6.700 -18.000 -1.686 39 0.000 -5.415 -37.692 0.000
15 0.000 -6.700 -18.000 -1.657 40 0.000 -5.369 -39.615 0.000
16 0.000 -6.700 -18.000 -1.629 41 0.000 -5.323 -41.538 0.000
17 0.000 -6.700 -18.000 -1.600 42 0.000 -5.277 -43.461 0.000
20 18 0.000 -6.700 -18.444 -1.467 43 0.000 -5.231 -45.38¢ 0.000
19 0.000 -6.700 -18.889 -1.333 44 0.000 -5.185 -47.307 0.000
20 0.000 -6.700 -19.333 -1.200 45 0.000 -5.139 -49.230 0.000
21 0.000 -6.700 -19.778 -1.067 46 0.000 -5.092 -51.153 0.000
22 0.000 -6.700 -20.222 -0.933 F 47 0.000 -5.046 -53.076 0.000
25 23 0.000 -6.700 -20.667 -0.800 48 0.000 -5.000 -54.999 0.000
24 0.000 -6.700 -21.111 -0.667 49 0.000 -5.000 -55.000 0.000
25 0.000 -6.700 -21.556 -0.533 50 0.000 -5.000 -55.000 0.000

Table II
Filter Coefficients.

i



symret r i DQIARIRGFnetric functions, or by adaptively using one or nore.
quanti zing levels to represent special ranges of anplitude. For exanple, an
N-bit quantization function nmay reserve one of its 2" quantizing |levels as
a "small-zero" quantizing |evel. Such ag4guantizing |evel, otherw se used to
represent large anplitudes, is used instead to represent very snmall 20

anplitudes. By using such a qt;@&i"' to fu } an encoder can allow a
decoder to easily distinguish be héénsr\sslilmal I mlEnllt‘i)ifl'?gude signals, which are
guanti zed to a value of zero, f %‘r‘y SnH i

uan

204

tude signals, which are
guantized to the "small-zero" ¢

: L4zing level: [,n response to the
al | ogati on val ues, dequanti zer '%éapt s its dequantization 25 function

in a’manner which is conpl enentar 1 t he manner Zin which quantizer 104
adapts its quantization function. Wge The nethdds used by nerge 118 and
merge 218 are not critical to thegr?ggcti ce of

34.01 64

10 39.99 128
| 46.16 256

52.12 512

58.19 1,024

64.14 2,048

15 70.11 4,096
76.23 8,192

82.21 16,384

88.11 32,768

94.32 65,536

20 Table II1
Allocation Lookup Table

.

Subbands x
0 6 18 30 30 36
-6 6 12 12 0 6
0 0 -6 -6 0 0

S¢xy O
Alx) -
25 ex) O

S

Table IV :
Threshold Adjustment

Subbands x
0 6 18 30 42 36
-6 6 12 12 12 -6
0 0 -12  -12  -12 0

Sx) 0
30 Ax) -
ex) 0O

(=~ o W -

Table V
Threshold Adjustment

Subbands x
0 6 18 30 36 36
-6 6 12 12 6 0
0 0 -6 -6 -6 0

35 Sx) ©
AR) -
e(x) 0O

S OO

Table VI
Threshold Adjustment This Sheet Has Been Reﬂlaced
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_the presBQLU2ARGTi on. I n concept, nerge 118 and nerge 219 conbine into one
set of 30 val ues the correspondi ng values froma set of allocation val ues
and a set of nodified values. This may be done in a variety of ways. For
exanpl e, an allocation value may be replgaced by a corresponding nodified
value. In a split-band encoder, each allocation value represents the nunber
bits to use to quantize a subband SIO.wb. g respective subband. - 16 -
& two . sets of val ues
al 'ocati on val ues.
5 Table VII

Each nodified vaIu§;§ ' gy val ue and is
used by the quant| X 1% tg
ied valué§ to-4dju coryespondi ng
Threshold Adjustment

may be comnbi ned by t he. nodi’
rgmmﬁe e ndlifiek var cad  -12

i



5 reprgggdpgéHTYncrenental anount by which the corresponding all ocation
val ue should be changed. In a split-band encoder, the number of bits used
to quantize the subband signal in a particular subband coul d be defi ned by

the al gebraic sumof the respective allagation value ia ng
nodi fied value, if the nodified value is present in thgﬂm[ﬁum,lmmﬁml
Al ternatively, the nodified val ue maycLamvssent a factor® by which the "10

cot respondi ng al |l ocati on val ue shoul d be scaled. Fornmatter In many codi ng
systens where the encoded signal is represented by a serial bit stream the

functions proyi daknbydihg meiliddfor LofstAitting ah @hoRicl aepréSehtAioassfadi inpld signal
correspond to serial-bit-stream multiplexing and derrul tiplexing,

r espect i {f8Idpeoding ki dgdecodiag Taeth Oq,rﬁﬁld@f@ﬁ@lagllmi o COMPrisiag matt i ng and
def tt f t t i
G0 ST 10 UCtLG  REAER 8, BEE) R S B

sui t abl e whi csigoalp put the encoded signal into a formsuitable for
transm ssi on or .. . . . . .
producing, in response to said subband signals, encoded information having
lower informational requirements than said subband signals, wherein said lower
information requirements are achieved according to psycho-perceptual principles and
10 by allowing for spectral distortions introduced by said decoding method; and

assembling said encoded information into said encoded representation.

2. An encoding method according to claim 1 wherein said plurality of filters is
implemented by one or more digital filters.
15
3. An encoding method according to claim 1 wherein said plurality of filters is

implemented by one or more digital transforms.”

4. An encoding method according to any one of claims 1 through 3 wherein said
20  subband signals are represented by a first number of bits, and wherein said producing
produces said encoded information by quantizing said subband signals using a second
number of adaptively atlocated bits, wherein said second number of bits is less than said

first number of bits.

25 5. An encoding method according to any one of claims 1 through 4 wherein said
allowing for spectral distortions comprises
establishing allocation values in accordance with a psycho-perceptual model,;
establishing a noise spectrum in accordance with said allocation values;
estimating perceptual effects of decoding spectral distortion by generating a
30 decoding distortion spectrum in response to said noise spectrum; and
adapting said psycho-perceptual model and/or said allocation values in
response to said estimated perceptual effects of said decoding spectral distortion.

This Sheet 14
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st or age, ]3%‘0%%5)(‘? e COMEShedt Qs Bag Repidedsi gnal from t he formatted

Goryrow a1 ocat i”o'n"fjmuﬁgm Mm al | ocat i on val ueJ’ﬂlHHﬂlﬂﬂl’HM”lll!

possi ble, the resulti oi sed6 n t he decoded si gnaLI doe$ ndt
exceed a masking threshold. Al though the discussion herein is directed nore
particul arly t&@ Awndhecodhegimethodysterding ﬁ)hﬂamﬂﬁwmein mid&bawdg methdae used in
a Wi der range, of applicatjons such as, video COdI i deo 25 codi ng
appl i cat | SHPTsEY, AP, @Q ing.5 plurality, of sy %erﬁ’a‘}}‘db SHeH I UINg RFEHPMA s ual
nodel  whi Gfecfsdontiirisefies a masking threshold in response to a variety of
characteristics such as the apparent hue, saturation, brightness and size
of a visual stinul |gen§mtmg§pdrf§qc¢@ng persmmbmco@vql'emngmse wi thin

;Pgsgntel gngfs V@S&mﬁ%tﬁg%%@&n%kﬁ%’eﬁwggﬁ% I's esée%? ﬁé gP%mb IHP@Y”Q a

model of humarofieynthesis ifiters; And
estimating said perceptual effects by establishing which if any portions of

said decoding distortion spectrum exceeds a masking threshold.

10 7. An encoding method according to claim 6 wherein said adapting said psycho-
perceptual model and/or said allocation values comprises
selecting noise spectrum components which are large contributors to portions
of said decoding distortion spectrum exceeding said masking threshold, and
increasing information requirements of encoded information corresponding to

15 said selected noise spectrum components.

8. An encoding method according to claim 7 wherein said selecting noise spectrum
components comprises
weighting said noise spectrum with a frequency-reversed representation of
20 said respective frequency response centered about each subband in which said

decoding distortion spectrum exceeds said masking threshold;

generating a weighted noise spectrum by summing the results of said
weighting for each noise spectrum component; and

selecting noise spectrum components corresponding to large weighted noise

25 spectrum components.

9. An encoding method according to claim 6 wherein said psycho-perceptual model
comprises said masking threshold, wherein said adapting adapts said psycho-perceptual
model to achieve a reduction in said threshold, thereby increasing information requirements

30  of said encoded information corresponding to portions of said decoding distortion spectrum,
if any, exceeding said masking threshold.

10. An encoding method according to any one of claims 1 through 9 wherein said
decoding method comprises applying a plurality of synthesis filters having respective



wi de vari ®QLA2O P@Hel s nmay be used. Figure 9 is a block di aﬁram

il lustrating one enbodi nent conprising several steps L "ﬂlﬁﬂﬂlﬂ”ﬂ, d
te

psychoacoustic nodel simlar to that described by Schr
above. In this enbodi ment, power spectralzdensity 402 est i mates®t ht power
spectral density (PSD) of an input signal received from - 17 - path 400,

critical ?'?ﬁ“"e '}éitpbxseé%ﬂpgtr@l e, 3§ E%irll 3@&1 a}%%gdfa?%hidvspe&rsﬂtﬁstbﬁm&

si ghal Into cri'tica excitation pattern 4
gener at escempasnsl ar-menbrane excitati on pat tern by appl ying a

basi | ar- nmenbrane spreadi.n unction t Cri.t] nd density
i nformati on, sensi th}"P%;"'%Lﬁ] {5 %508&? Pﬁ‘f’ég ‘§ 5'maeri m maski ng
threshold by 5  adio am% &di@sﬁaécmt aivieRipe Rt Sfid réype@tivefiBjiiehcyE fispbnses, a
signal -to-noise ratio of fset
5 identifying portions of said spectral envelope which change at a rate
substantially equal to or greater than the roll off of said respective frequency
responses;
adapting a psycho-perceptual model, whereby higher information
requirements are imposed upon selected encoded information corresponding to said
10 portions of spectral envelope; and
establishing information requirements of said selected encoded information

according to said psycho-perceptual model.

11. An apparatus for constructing an encoded representation of an input signal for
15  decoding by a decoder, said apparatus comprising
means for generating subband signals by applying a plurality of filters to said
input signal; '
means for i)roducing, in response to said subband signals, encoded
information having lower informational requirements than said subband signals, said
20 means for producing encoded information comprising
means for achieving said lower information requirements according to
psycho-perceptual principles; and
means for allowing for spectral distortions introduced by said
decoder; and
25 means for assembling said encoded information into said encoded

Tepresentation,

12. An apparatus according to claim 11 wherein said plurality of filters is

implemented by one or more digital filters.
30 '
13. An apparatus according to claim 11 wherein said plurality of filters is

implemented by one or more digital transforms.
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suf fi ci eMOBRIRETeve psychoacoustic masking, perceptual threstotd 410
" generates a masking threshold which is equal to the Iﬂ]ﬂm rim
maski ng threshold and a threshold of human audibility m m M‘m‘mal ues
412 establishes allocation values in regganse to the afdibility threshol d
and critical -band density information received from path 405 and passes 10

t hem al ong pa , rgt |

cofrbi ned or pg?’f é&é&ggﬁ? E@a&g?%ﬂg n@sle&% de dlgég{rs ngtgpn%*gﬂ,ﬁpgy\é@lngsgg%ﬁegﬁs
density #i2genechtiog |repxewnt§3mnﬂ subiband signdleAvitaa fivet number ©F bits,camivvherelnysdid r st
mappi ng the spectr nents, of a ut sij i nt,q critic bands . and
then gondiean it PRRgsSsaifensered owRation b, RGN 18 SURRAI LA o
15 denﬁglhg' a%céd@nd}ﬁl%}%? Lfcaeﬁ%xﬁn%léﬁéin i@ Bedhd Minfier R bifsi§ ough
step 408 can be conbi ned |nto a single step to generate an interi mmasking
t hr eShol teshhanseid, firsy numbenof bigs.i at e spreadi ng function directly to the

I nput signal PSD. The follow ng discussion is nore particularly directed

toward enbodi nents
15. An apparatus according to any one of claims 11 through 14 wherein said means

for allowing for spectral distortions comprises
means for establishing allocation values in accordance with a psycho-
10 perceptual model;
means for establishing a noise spectrum in accordance with said allocation
values;
means for estimating perceptual effects of decoding spectral distortion by
generating a decoding distortion spectrum in response to said noise spectrum; and
15 means for adapting said psycho-perceptual model and/or said allocation
values in response to said estimated perqutual effects of said decoding spectral

distortion.

16. An apparatus according to claim 15 wherein said decoder comprises means for
20  applying a plurality of synthesis filters, and wherein said means for estimating perceptual
effects comprises
means for generating said decoding distortion spectrum by convolving said
noise spectrum with a respective frequency response of a respective one of said
plurality of synthesis filters; and
25 means for estimating said perceptual effects by establishing which if any
portions of said decoding distortion spectrum exceeds a masking threshold.

17. An apparatus according to claim 16 wherein said means for adapting comprises
means for selecting noise spectrum components which are large contributors
30 to portions of said decoding distortion spectrum exceeding said masking threshold;
and
means for increasing information requirements of encoded information

corresponding to said selected noise spectrum components.
This Sheet Has Beer R
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_incorpor ath@pO¥KPCAt i ons of the steps |isted above and™shown in Figure 9. A
di scussi on of 20 these steps is used to explain varj t he
steps thensel ves are not required to practice the prelsmmmﬂmﬁmmﬂm

Various enbodi ments may incorporate otherggerceptual nodets whi*ch®cohprise

different steps. The concepts underlying an all ocation function based upon

only a percept h 15t tﬁ‘%s'?
spectral dist Oli:jﬁ onsgﬁjr? VEr, ﬁé%a?llaocal'?l%lh Fi“es eggg% I°s e% by
al | ocat i orgpédtnsmh ico msgebmmsonl y perceptual rmdel s are not al ways

correct. Foll ow ng the initial discussion of allocatign functions,, the
nature of coding sys‘!‘%@’é&?@ﬂ“&lﬁ%‘f’dﬂﬁecﬁ@cw withya fxggyency evgrsed,

Il f
2 ovances Tor ehibeallhote LRl Resfi@five SrofdiRy HeGpolSs GLiube abBREEN S0ENETh

ers | n stens such as those shown
in Fidgures 1 anwhigh sxiy cbe«bdmgﬂstdrhm Bsiotraim ameedmnid siagkiag tlireshuold;nf or mat i on
received frompath 100 ar}d/ or Pa
means for generating a weighted noise spectrum by summing the results of
said weighting for each noise spectrum component; and
s means for selecting noise spectrum components corresponding to large

weighted noise spectrum components.
10
19. An apparatus according to claim 16 wherein said psycho-perceptual model

comprises said masking threshold, wherein said means for adapting adapts said psycho-
perceptual model to achieve a reduction in said threshold, thereby increasing information
requirements of said encoded information corresponding to portions of said decoding

15  distortion spectrum, if any, exceeding said masking threshold.

20. An apparatus according to any one of claims 11 through 19 wherein said
decoder comprises means for applying a plurality of synthesis filters having respective
frequency responses with a roll off, and wherein said means for allowing for said spectral

20  distortions comprises
means for estimating a spectral envelope of said input signal;
means for comparing said spectral envelope with said respective frequency
responses;
means for identifying portions of said spectral envelope which change at a
25 rate substantially equal to or greater than the roll off of said respective frequency
responses;
means for adapting a psycho-perceptual model, whereby higher information
requirements are imposed upon selected encoded information corresponding to said
portions of spectral envelope; and
30 means for establishing information requirements of said selected encoded

information according to said psycho-perceptual model.
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103. For BXUMIOLCTn systems incorporating filter banks inplenented by a -
Fast Fourier Transform (PFT), the PSD may be obtained fromthe square of

t he magni tude of each of the resulting transform coefficients. Encoders in
backwar d- adapti ve systens such as that -50- 18 - shown in Figure 4,
however, generally estimate the PSD fromthe X words received from path
113. In one inpl enentation iABSTRACT OF THE DISCEOSURECh spectral
conponent Cis represented in a conventional binary floating-point form
conprising an exponent X and a 5 manti ssa Y, the power of the spectral

conponents in cf?g'myen «;a& g Alrtﬂqg&vﬁ]{f%&al ﬁﬂ%&m

exponents. The I"'ue o eac onent e power two used to
information such as audio mformatlon More particularly, the invention relates to

computationally efficient adaptive bit allocation and quantization of encoded information
useful in high-quality low bit-rate coding systems. In audio applications, a digital split-
band encoder splits an input signal into frequency subband signals having bandwidths
commensurate with the critical bandwidths of the human auditory system, quantizes the
subband signals according to values established by an allocation function, and assembles
the quantized subband signals into an encoded signal. The allocation function establishes
allocation values in accordance with psychoacoustic principles with allowance for decoding
synthesis filter bank spectral distortions. In one embodiment, an allocation function
establishes allocation values using a psychoacoustic masking threshold generated by
estimating the power spectral density (PSD) of the input signal, generating an excitation
pattern by applying a basilar-membrane spreading function to the PSD, adjusting the
excitation pattern by an amount equal to a sensitivity function which specifies a signal-to-
noise ratio (SNR) sufﬁciept to achieve psychoaébustic masking, comparing the level of the
adjusted pattern to the threshold of hearing and generating the psychoacoustic masking
threshold which is equal to the larger of the two. An allocation function may allow for
decoder synthesis filter bank spectral distortions in any of a number of ways such as by
adapting the sensitivity function.
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_ DOLO29 PCT _ _ :
.normal i zed the associated mantissa, or C = [err]. Fromthis representation,

t he power of each spectral conponent may be estimted from an expression
such as [err] 10 where [errr] = power of spectral conmponent [err], and
[err] value of the floating-point exponent for spectral conponent [err] In
a preferred enbodi ment, each spectral corfpbh®nt Cis represented in
floating- point fornlconpr|51n91@ normal i zed manti ssp1Y and an exponent X
The PSD i s estimated by gne or nore spectr conmponents i nto bands
and obtaining the "l og t he exponents fpr the spectral
conponents in each_ban n which a Log suni may be cal cul ated is

di scussed bel ow. G particul ar fret hod tfor estimafing the PSD
is critical to the present ifvention. As a praftica
matter, however, t he met hod ¢an significantly pffect coding
system performance 102 104 108
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A

20 DOL029 PCT Critical-Band Density Split-band coding
" systens are generally nore able to exploit psychoacoustic effects by

di viding the input signal into subbands having bandw dths no nore than
one-half the critical bandw dths. This is usually necessary because codi ng
system subbands have fixed center frequentil®#s unlike the human auditory
systemcritical bands which have variable 25 center frequencies. It is
sofreti mes incorrectly assunmed that a dom nant spectral conponent will mask
ot.her |l ow'l evel spectral conponents throughout a split-band coder subband
having a critical bandw dth. This assunption may not be true because the
masSki ng effects of a dom nant spectral conmponent dim nish outside the
frequency interval of one-half a critical bandwi dth on each side of the
spectral component. If this dom nant 30 spectral conponent occurs at the
edge of a codi ng system subband, other spectral conponents in the subband
can occur outside the actual critical bandw dth unl ess the subband

bandwi dth is no nore that one-half a ceptical_.bandw dth.
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- 19 - In QﬁgﬂgﬂﬂHEYnent, the input signal PSD is mapped into bands each

* having a bandwi dth of about one critical bandw dth of the human auditory
system Each of the bands has a width of one Bark. In a preferred

enbodi ment, the input signal PSD is mapped into "subcritical bands" having
bandw dt hs of about one-half the criticag /g5 bandw dths of the human
auditory system or widths of approximately one-half Bark. This preferred

mapping is represented by the entries shown in Table |I. Alternate napping
functions and bandw dt hs may be used wi thout departing fromthe concepts of
the present invention. For exanple, from Schroeder, et al., a frequency

[err] bel ow about 5 kHz can be mapped into critical bands by the expression

©
- T
i

105

©

o

i

\H OIS <EERAMD l
_’/

=

H
= @)
: T
« [
i
\N OOoOZ>=>rMpe=RM
Al
O
i
\ — IR M < 2N

100

eet Has Been Replaced

BT



[err] \/\hereDQLozgrli)(ETcal band nunmber. To sinplify the foll ow ng di scussion,
the term"critical -band density" shall refer to an input signal PSD napped
into frequency bands of any conveni ent bandwi dth including critical
bandw dt hs and subcritical bandw dths. The critical-band density of the

i nput signal 15 can be obtained fromthe fafpropri ate mappi ng function
according to where [err] = power spectral density of the input signal, and
[err] = critical-band density of the input signal. In sonme enbodi nents of
digital split-band coding systens, [err] is a discrete 20 function of the
| og- power of signal critical band density with values which are nultiples
of approximately 6 dB. Critical band density information may be efficiently
encoded differentially by constraining the values of [err] such that the
change bet ween adj acent subbands x does not exceed [err] dB. Differential
encodi ng of spectral information is

(a0}
(]
N\?

= B M<Z ]
—Z >N NE

[2%

a2
i
N VOZ> EMEFX
N — 1z, > [ @ 00 1) ] . L
] . 'y 0
o ¥ 7 .
i (]
o o = QS
\ Q0 4 Z —
+— 38 D [
™) — (e 2
S <5 2 |
\_J Qk B
__.—/ N
)
o
o
\ammomz<eemm|
o
)]
oQ
Thlisllslhiﬂtlil{iiﬁleﬂi{eﬂilm




di scl osed ﬁ%?%g¥hﬁ$§ in U S. patent application Serial No. 08/115,513 filed
“August 31, 25 1993 which is incorporated herein by reference inits
entirety. Excitation Pattern An excitation pattern approxinmately describes
the distribution of energy along the basilar nenbrane which results from
the acoustic power represented by an int&AH of the input signal. An
excitation pattern can be calculated fromthe convolution [err] where E(x)
= i*s the excitation pattern resulting fromthe input signal, and
RERLACEMENT SHEET 25 JAN 1997
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- 20 - Jerr (3%929§u51ba5|Iar-nenbrane spreadi ng function. Schroeder, et al.

" provide a conveni ent anal ytical expression for a spreading function across
frequency bands having critical bandw dths. The expression, which provides
the | evel of spreading in frequency band x resultlng froma spectral
conmponent in frequency band [err], is [efr/]15The convol ution of the i nput
signal critical-band density S(x) and the spreading function [err] is
coaput ational Iy intensive, having a conputational conplexity on the order
of:. N°M where N is the nunber of points g S(x) and Mis the nunber of
points in [err]. 10 As a result,4t isgnot practical to use the Schroeder
nodel in many codi ng systens, partcxul arlly in backward-adaptive coding
systems. A practical approach obtathd~an |excitation pattern by filtering a

spectral representation of an input signgl. This filtering is perforned in
a "spectral domain" such
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DOL029 PCT _ _ .
as the mapped and unmapped frequency domai ns di scussed herein. 15

Figure 8 illustrates one enbodi nent of a process by which the excitation
pattern may be obtained nore efficiently, having a conputational conplexity
on the order of N. According to this enbodi nent, information conveying

i nput signal critical-band density is recf ¥#d from path 300, passed
through three filters, and conbined to formthe excitation pattern. 20
Thé PSD may be scaled as a linear, logarithmc or other representation of
povier. If the PSDis a |inear representation of input signal power and if
t he hi gher-frequency bands x have a bandw dth expressed in Barks which is
substantially constant, then these filters can be inplenented as a
single-pole IR filter with a transfer function represented by the
recursive expression [err] where [err] = gain factor for filter [err],
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[err] = rROLO2Y PgACay for filter [err], [err] = output of filter 302 at
frequency band x, [err] output of filter 304 at frequency band x, and 30
[err] = output of filter 310 at frequency band x. Hypothetical inpulse
responses of filter 302, filter 304 and filter 310 are illustrated in
Figures 10a-10c, respectively. If the/R§D is a logarithmc
representation of input signal power, filter calculations may be perforned
npre efficiently in the |og-power domain. One way in which these

cal cul ations may be perforned is discussed below If the higher-frequency
bands x do not have bandw dt hs expressed in Barks which
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5 are suH@FéH?ﬂﬁ+4y constant, then a nore conplex transfer function may

" be required for one or nore of the filters. For exanple, if the frequency
bands have a constant bandwi dth, filter 302 preferably has one or nore
zeroes with a transfer function such as [err] where [err] = nunber of
zeroes for filter [err] at frequency bandé /x5 10 The third termin
expression 7, in effect, delays the exponential decay in the inpulse
response. A hypothetical inpulse response is shown in Figure 1la. Each zero
adds a "del ay" of one frequency band. In general, nore zeroes are used for
hi gher- frequency bands. For exanple, if each elenent in the PSD of a 20
kH2 bandw dth i nput signal corresponds to a transform coefficient generated
by a 512-point transform then 15 per hagsias nmany as ten zeroes will be
required for the highest-frequency bands, but*no zeroes are required for
bands bel ow about 500 Hz. The accuracy of thej{spreading function can be
i nproved at the expense of greater

F'l1G. 10a

e

FIG. 10b

FIG. 10c
FIG. 10dj ,

AR
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g
__conputatioHéPigg%p %xity by using filter coefficients which are functions

of the frequency band nunber x. Preferably, the recursive termcoefficient
[err] provides nore spreadi ng 20 for spectral conponents at higher
frequencies. By mapping the input signal PSD into a set of frequency bands
havi ng appropri ate bandwi dt hs, however, 18 Ky eading function with
reasonabl e accuracy can be obtained using a recursive term coefficient
[esr] which is substantially invariant. Sone variation in coefficient [err]
is,nore likely required in many codi ng systens for | ower-frequency bands
because the critical bandw dths are nuch 25 narrower. The filter
characteristics may be established according to the needs of the coding
application. It should be enphasized that these filters operate in a
frequency- band donain mhicqpis a mapped frequency domain. The decay term
for the filters represents a spreadi ng of acoustic energy along the basilar
menbr ane and provi des an effec
convolution with a spreading f

imlar to 30 t hat provi ded by

Fl1G. 11a

FIG. 11b

i



ReferringDﬁBLPPdﬂ?E 8, reverse 308 performs a frequency-band reversal of
the information received frompath 300 prior to filtering by filter 310,
[err] - 22 - perfornms a frequency-band reversal of the filtered out put.
The two reverse elenents and the interposed filter represent the spreading
function along the basilar nmenbrane at ffiiregsienci es bel ow a sti nul us
frequency. Conponent 306 and conponent 314 obtain the sumof their
respective inputs. The 5 sum resulting from conponent 314, which is the
calcul ated excitation pattern, is passed along path 316. Figure 10d
represents the conposite response of the structure illustrated in Figure 8
whi ch incorporates filters having the characteristi'cs shown in Figures

10a-10c. If
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the criti dPLZhBCEensity information received frompath 300 is expressed
in the | og- power domain, then the suns cal cul ated by conponent 306 and
conponent 314 are | og sunms. 10 One way in which | og suns may be
calculated is discussed below. Many alternative enbodi nents are possible.
For exanpl e, an enbodi ment having | ower yggngut ati onal conpl exity may
conprise only filter 302, filter 304 and conponent 306, and conponent 306
mey conbine the two filtered outputs by sinply selecting the |arger of the
two. The results obtained by this sinpler enbodinent are acceptable in many
15 high-quality coding applications. For exanple, Figure 11b illustrates
a hypot hetical conposite inpul se response of this enbodi ment in which
filter 302 has the inmpul se response shown in Figure 1la and filter 304 has
t he i mpul se response shown in Figure 10b. Table Il shows filter
coefficients [err] and [err] for filter 302 and coefficients [err] and
b2(x) for fiI%ﬁ 04 which are suitable for use in an enbodi nent using the
PSD 20 mappi 6 in Table |I. The coefficients are expressed in dB for
use in the | og- pomer
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1

domai n, bE%nﬁgglﬂgleasily converted to coefficients for use in the

| i near - power donmain by dividing the entries in the table by ten and taking
the antilogarithmof the quotient. The filters nmay be inplenented as IIR
filters, FIRfilters or lattice filters, for exanple, but IIRfilters are
generally preferred because they are usual |y nore efficient 25
conputationally. Conputational conplexity may be further reduced by
performng the filter calculations in the | og-power domain. The

mul tiplications required to calculate expression 6 in the power domain can
be inplemented as additions in the | 0og- power domain, or

[&rr] The addition of the two terns in expression 6 cannot be performed in
a straight forward manner in the |og-power donmain. This addition, referred
to as a "log sum" can be perfornmed using the identity

C(x) &
FIG. 13c
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- 23 - err?lgangn; a suitable range of values [err]the addition in
expreSS|on 6 may be perfornmed in the | og-power domain by (1) finding the
absol ute val ue of the difference between log [err] and log [err], (2)
obtaining a value fromthe | ookup table by using this difference as a key,
and (3) adding the value obtained from y4fg {sookup table to the larger of
log [err] and log [err]. This |nplenentat|on is not essential to practice
the present invention, 10 but it is useful in nmany enbodi nents to further
regjuce conputati onal conplexity. The | ookup tabl e can be reasonably conpact
because the smaller termis essentially negligible for differences in [err]
greater than approximately 24 dB. In other words, reasonably accurate
approxi mati ons of the | og sum can be obtained for differences greater than

approximately 24 db by assuni ng nt g N the table is equal to

zero.
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15 DOL029 PCT Sensitivity Punction The basis of
psyclioacoustic masking effects is the fact that the human auditory system
is desensitized by the presence of acoustic energy. A lowlevel signal,

whi ch is audi bl e when isolated, may not be audi bl e when acconpani ed by a
much | ouder signal. The "sensitivity fgg;Hlon" wW(x) of Schroeder, et at.
approxi mates the degree to which the 2 uman auditory systen1|s
desensitized. This function, which provides the SNR required to ensure
psychoacousti ¢ nmaski ng mnthln a critical band x, may be expressed as [err]
_A si mpl er approach uses a sensitivity function of [err] = -20 dB which
stmply sets the required SNR at a constant 20 dB. 25 In a preferred
enbodi ment in which the maxi mumdigital value represents 105 dB SPL, a
conservative level is used to ensure masking by | ow anplitude spectra
conponents even when a pl ayback system volune control is set to a very high
| evel . This sensitivity
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function r
in an enbo
threshofd Z
by the anoyn

Pz B

t hreshol d i{soBbstrased f'm@ﬁfftth
fromthe eXpression [err]

REP A B‘E}{ThSH o re err] - 24 - is sui tabl%?&gﬂé‘és
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COMPUTATIONALLY EFFICIENT ADAPTIVE BIT ALLOCATION
FOR ENCODING METHOD AND APPARATUS
WITH ALLOWANCE FOR DECODER SPECTRAL DISTORTIONS

inical Field
The invention relates in general to low bit-rate encoding and decoding of
information such as audio information. More particularly, the invention relates to
computationally efficient adaptive bit allocation and quantization of encoded information

useful in high-quality low bit-rate coding systems with allowance for decoder spectral
distortions, |

Background

There is considerable interest among those in the fields of audio- and video-signal
processing to minimize the amount of information required to represent a signal without
perceptible loss in signal quality. By reducing information requirements, signals impose
lower information capacity requirements upon communication channels and storage media.

Analog signals which have been subject to compression or dynamic range reduction,
for example, impose lower information capacity requirements than such signals without
compression. Digital signals encoded with fewer binary bits impose lower information
capacity requirements than coded signals using a greater number of bits to represent the
signal. Of course, there are limits to the amount of reduction which can be realized
without degrading the perceived signal quality. The following discussion is directed more
paiticularly to digital techniques, but it should be realized that corresponding considerations
apply to analog techniques as well.

The number of bits available for representing each sample of a digital signal
establishes the accuracy of the digital signal representation. Lower bit rates mean that
fewer bits are available to represent each sample; therefore, lower bit rates imply greater
quantizing inaccuracies or quantizing errors. In many applications, quantizing errors are
manifested as quantizing noise, and if the errors are of sufficient magnitude, the quantizing
noise will degrade the subjective quality of the coded signal.

Various "split-band” coding techniques attempt {o reduce information requirements
without any perceptible degradation by exploiting various psycho-perceptual effects. In
audio applications, for example, the human auditory system displays frequency-analysis
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in the |inear-power domain. Masking Threshold 10 By definition, all
acoustic energy below the threshold of hearing is inaudible; therefore, the
SNR required to ensure.that quantizing noise is masked does not need to
suppress the quanti zing noise any |ower than the threshold of hearing. The
threshold of hearing is well defined in the art. For exanple, see |ISO
standard 226 mhich provi des information pe?taining to equal -1 oudness

contours of a "mnj rmm dible field" inthe |IS Handbook,
Acoustics, 198FPPefliss resgm ggag ‘A‘ﬁ% l‘l‘ﬁ\l‘ﬁ’ AP “1"&‘} ?}E@'& Eﬁ"é‘?geY"‘W 6‘8 U esent

an anal yti cal f&l{ﬁh’n&lﬁsatﬂfbaﬁﬂwiihlb $hat hi@&klalfﬁhcua'mef e yerig foquaicy.c Thesbilitypf
threshold [err btal b the t reshold ring. wth
the interim né‘i?'i‘%‘é’"t‘l’ﬁ‘ H’G‘Y {g&" Bi gr?fm'ﬁv Bgmﬁcs ?sn(&' Fﬁf (5‘f t he
two t hreshol ddreqiidncy bemyetblhe Ronps msmad\MVe{r,eme]resolvmg ability of the human
5  auditory system remains substantially constant for frequency differences less than the
bandwidth of the above mentioned filters. Thus, the frequency-resolving ability of the
human auditory system varies according to the bandwidth of these filters throughout the
audio spectrum, The effective bandwidth of such an auditory filter is referred to as a
"critical band." A dominant signal within a critical band is more likety to mask the
10 audibility of other signals anywhere within that critical band than it is likely to mask other
signals at frequencies outside that critical band. 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.
Audio split-band coding techniques which divide the useful signal bandwidth into
15 frequency bands with bandwidths approximating the critical bands of the human auditory
. syStem can better exploit psychoacoustic effects than wider band techniques. Such split-
band coding techniques, in concept, generally comprise dividing the signal bandwidth with
a filter bank, reducing th; information requirements of the signal passed by each filter band
to such an extent that signal degradation is just inaudible, and reconstructing a replica of
20  the original signal with an inverse process. Two such techniques are subband coding and
transform coding. Audio subband and transform coders can reduce information
requirements in particular frequency bands where the resulting artifacts are
psychoacoustically masked by one or more spectral components and, thercfore, do not
degrade the subjective quality of the éneoded signal.

Subband coders may use any of various techniques to implement a filter bank with
analog or digital filters. In digital subband coders, an input signal comprising signat
samples is passed through a bank of digital filters. Each subband signal passed by a
respective filter in the filter bank is downsampled according to the bandwidth of that
subband’s filter The coder attempts to quantize each subband signal using just enough bits
30 to render the quantizing noise imperceptible. Bach subband signal comprises samples

which represent a portion of the input signal spectrum.

Transform coders may use any of various so-called time-domain to frequency-
domain transforms to implement a bank of digital filters. Individual coefficients obtained

from the transform, or two or more adjacent coefficients grouped together, define
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Al'l ocation Values In one sinple enbodinent, bits may be allocated at a rate
of one bit for each 6 dB of required SNR, or [err] 25 where [err]

al l ocation value for each spectral conponent in frequency band x. In
preferred enbodi nents, a nore effective allocation is obtained by table

| ookup. The required SNR of the estimated spectral power S(x) to the
maski ng threshold Mx) is used as the key imto the | ookup table, and each

entry in the table represents the nunber of quantizing levels required to
achi eve the r e'('ﬁyplpaggs" dhaming effective fandwidths which are sums of individual transform coefficient

bandwidths. The coefficients in a subband constitute a respectivé subband signal. The

coder attempts to quantize the coefficients in each subband using just enough bits to render
the quantizing noise imperceptible.

5 Throughout the following discussion, the term “split-band coder* shall refer to
subband coders, transform coders, and other split-band coding techniques which operate
upon portions of the useful signal bandwidth. The term “subband" shall refer to these
portions of the useful signal bandwidth, whether implemented by a true subband coder, a
transform coder, or other technique.

10

As discussed above, many digital split-band coders utilizing psycho-perceptuat
principles provide high-quality coding at low bit rates by applying a filter bank to an input
signal to generate subband signals, generating quantized information by attempting to
quantize the subband signals using a number of bits such that resulting quaatizing noise is
just imperceptible due to psycho-perceptuat masking effects, and assembling the quantized
15  information into a form suitable for transmission or storage.

' A complementary digital split-band decoder recovers a replica of the original input
signal by extracting quantized information from an encoded signal, dequantizing the
quantized information to ;abtain subband signals, and applying an inverse or synthesis filter
bank to the subband signals to generate the replica of the original input signal.

The number of bits allocated to quantize the subband signals must be available to
the decoder to permit accurate dequantization. A "forward-adaptive” encoder uses an
allocation function to establish allocation values and explicitly passes these allocation values
as "side information" to a decoder. A “"backward-adaptive” encoder establishes allocation
values by applying an allocation function to selected information and passes the selected
information in the encoded signal rather than explicitl}' passing the allocation values, A
backward-adaptive decoder reestablishes the allocation values by applying an allocation
function to the selected information which it extracts from the encoded signal.

In one embodiment of a backward-adaptive encoder/decoder system, an encoder
prepares an estimate of the input signal spectral envelope, establishes allocation values by
30  applying an allocation function to the envelope estimate, scales signal information using

25

elements of the envelope estimate as scale factors, quantiies the scaled signal information
according to the established allocation values, and assembles the quantized information and
the envelope estimate into an encoded signal. A backward-adaptive decoder extracts the
envelope estimate and quantized information from the encoded signal, establishes allocation
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The | ookup table entries may be based upon quantizing relationships well
known in the art and used in various prior art coding systens.

Cbnceptually, no particular |lookup table is critical to the practice of the
present invention but as a practical matter, the entries in the | ookup
table can significantly affect coding system perfornmance. 5 One way
in which entries in the table may be derived for a particular coding system
is to measure the SNR resulting fromthat coding systemincorporating

quanti zation fyuRed wﬂfmm slalfRERioh Qﬁtﬁ:ﬁgn IthQHﬁl@foF@ &tﬁﬁﬁ:c h&ﬁ.hnﬁzaé @emation
into a given nunber uanti zing | evels. Table f of exan‘g | ndi cat es

that a SNR of q@“"é‘f“b’Bf?{ “‘1“1 apdreyprses the spting ofdhe 89““:5 infosmafior;| Sealingisoisedre
of a codi ng syeinreayhihe dyrsnns raagquamdrmaﬁdnamnaocan ﬁ‘euq%se@:ad B tiegmitdar ee

et 2109, e TR g K BB R RS Y. ¥,
8.21 dB bu$ | eseodetidecodar sgsqumhretd)sch‘setﬁﬁ (dlB pfaemi 4, 79601 dnchat(Bd! 1@netbigh atel t s
to be quanti Zqﬁ]c r&trﬁeci ﬁergn Vrgflersehce in their entirety.

Backward-adaptive techniques are attractive in many low bit-rate coding systems
because no bits are required to pass explicit allocation values. The decoder recreates the
allocation values by applying an allocation function to information extracted from the

10 encoded signal. A backward-adaptive decoder must use an allocation function which is
identical, or at least exactly equivaleat, to that utilized by the encoder, otherwise accurate
dequantization in the decoder is not guaranteed. As a result, the complexity or
implementation cost of the decoder is similar to that of the encoder. Any restriction upon
decoder complexity usually imposes restrictions upon the complexity of the allocation

15  function in both the encoder and decoder, thereby limiting overall performance of the
encoder/decoder system. .

Generally speakmg, it is desirable to use allocation functions based upon perceptual
models which are as sophisticated as can be implemented practically. This is because
complex allocation functions based upon sophisticated psycho-perceptual models are usually

20  able to establish allocation values which achieve equivalent subjective coding quality at
lower bit rates than the allocation values established by less complex allocation functions
based upon: simpler models. In addition to using better perceptual models, an allocation
function can further improve coding performance by making proper allowance for spectral
distortions introduced by the decoding process. These distortions generally arise from

25  synthesis filter bank imperfections. Because of practical considerations for the decoder,
however, many backward-adaptive coding systems cannot utilize aliocation functions based
upon such computationally intensive models.

Forward-adaptive techniques are attractive in many high-quality coding systems
because overall system performance is not constrained by restrictions to allocation function

30  complexity in the decoder; the decoder does not need to perform an allocation function to
establish allocation values. A forward-adaptive decoder can be computationally less
complex and need not impose any restrictions upon the allocation function performed by
the encoder. In addition, improved allocation functions may be incorporated into the
encoders of forward-adaptive coding systems while maintaining compatibility with existing
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In this inplementation, the | ower bound of the table is zero quanti zi ng

| evel s at 15 0 dB, and the upper bound of the table is set at sone

maxi num'nunber of bits referred to herein as the "allocation ceiling."
Accarding to the exanple shown in Table 111, the allocation ceiling
corresponds to 65,536 quantizing |l evels, which can be represented by 16
bits. In many coding systens, the total of gthe allocation values is [imted
by a specified 20 nunber of bits. This nunber is referred to herein as

the "bit budgefecoderf. hCaticehtihn fAMGBE bselfin @k bROArTEn BL r@s‘ﬁﬁ%?Q§ id@fenBint

budget, the allocation function.nmust revise the allocation val ues
accordingly. |fesigAsheige-al nunber of allocated bits is Iess than the bit

budget, preferably m%aidmaﬁmetﬁémwt@ﬁ fﬁ&ubmsantéasodei is‘%%\fﬂ&ﬁ VRd ues to
optim ze the use of the residual bits. | n sonme enbodj nent s,

al | ocati on val adances are madeia theryts of sigaal |°ﬁ‘§}“8 aed signabprogrssing, dnoreasinglyy
threshol d [rT kophiRfcatéaCillotation iricfors becote R6dtnticilly pRacied. By'ifdrisiBlive the

threshol d sophistication of allocation functions, bit rates may be decreased for a given signal quality,
or signal quality may be increased for a given bit rate.
Despite these advantages, however, forward-adaptive coding systems are unsuitable
for many low bit-rate applications because they require a significant number of bits to

10  convey side information. Geunerally, even more bits are required to convey side
information as allocation fuactions seek to improve coding performance by dividing the
spectrum into hatrower. and therefore more numerous, subbands. Furthermore, the
number of bits required to carry this side information will represent a larger proportion of
the coded signal as improved coding techniques decrease the number of bits required to

15  carry the remainder of the coded signal.

' There is, therefore, a desire to develop efficient allocation functions based upon
more sophisticated perceptual models which are suitable for low-cost implementation of
coding systems, and which properly allow for spectral distortions produced by the decoding
process.

20 One fairly sophisticated psychoacoustic model based upon the mechanics of human
hearing is described by Schroeder, Atal and Hall, "Optimizing Digital Speech Coders by
Exploiting. Masking Properties of the Human Ear,” ). _Acoust, Soc, Am,, December 1979,
pp. 1647-1652. The model comprises (1) performing a short-time spectral analysis of an
input signal by applying a short-time Fourier transform, (2) obtaining the input signal

25  critical-band densities by mapping the resulting spectral coefficients into critical bands x,
and (3) generating a basilar-membrane "excitation pattern” by convolving the critical band
densities with a basilar membrane "spreading function.” This model is applied to the input
signal and to a noise signal representing quantizing errors to generate a “signal excitation
pattern* and a “noise excitation pattern,” respectively. The loudness of the input signal

30 and the noise signal are calculated by integrating functions of the respective excitation
patterns. The loudness of the input signal and the noise signal whose excitaiion pattern
falls below a masking threshol& is zero; that is, it is inaudible. The masking function is
obtained from the product of the signal excitation pattern and a "sensitivity function® which
defines the threshold of masking. An objective measure of coding performance is a ratio
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of hearing is taken into account as the masking threshold is raised and

| onered. In one enbodinment, this is acconplished by raising and | owering
the interimmasking threshold Z(x) across sonme or all of the spectrum and
reestabl i shing the masking threshold according 30 to expression 16 until
the total nunmber of allocated bits is sufficiently close to the bit - 26

- In one enbodi nent, the nmasking threshol d6 may be | owered by as nuch as 72
dB and raised by as much as 24 dB with respect to the [err] nasking

t hr eshol d. Thaﬁﬁnam VAR AmB e l%@duchQﬁEin&Q s@%nhps,ame REhdRRP bOHE mehgnaﬁ

addi ti onal i,ﬁ and 4 fe‘fl\ff‘ bi tr‘ﬁqp ectr co nent , res tively

Initially, 'hﬁ‘?%] Hepargandprav “t“c'f“‘&“apgv@"g Sepulfffor, spec I"Bnger r],

which is m d belyw hadsmvsema bet it Wrompitatoialy intensive &l ilds nd 4lialncel foe decoder
spectral distortions.

5 Disclosure of Invention
It is an object of the present invention to provide an efficient, high-performance
allocation function suitable for use in low bit-rate high-quality encoding/decoding systems
which also provides for proper allowance of decoder spectral distortions.
According to the teachings of one aspect of the present invention, an encoder splits
10  an input signal into a plurality of subbands x to generate subband signals, quantizes the
subband signals according to allocation values established by an allocation function, and
assembles the quantized information into an encoded representation of the input signal.
The allocation function establishes allocation values in accordance with psycho-perceptual
principles and in accordance with decoder spectral distortion characteristics. The decoder
15  distortion model enables the aflocation function to allow for subsequent spectral distortions
produced by the decoder.
In a first embodiment, an allocation function allows for decoder distortion by
(a) establishing a quantizing noise spectrum Q(x) resulting from the quantization of subband
signals, (b) estimating decoded signal noise N(x) by convolving Q(x) with decoder filter .
20  bank frequency response D(x); (c) establishing the perceptibility of N(x) by comparing N(x)
with an established masking threshold M(x); (d) establishing whether N(x) is either
imperceptibie or substantiaily minimized in all subbands x; (e) terminating the process if
s0; otherwise (f) for each subband x in which N(x) exceeds M(x), identifying the largest
Q(x) components contributing to N(x) in that subband and increasing the allocation values
25  A(x) corresponding to those Q(x) components; (g) reiterating the foregoing steps.
In a second embodiment for an audio coding system, an allocation function allows
for decoder spectral distortion only in subbands of the Quantizing noise spectrum in which a
respective subband decoder filter response rolls off at a rate substantially equal to or less
than the rate at which the established masking threshold rolis off. In one implementation
of this second embodiment, the allocation function decreases the established masking
threshold M(x) in those subbands below about 3 kHz in which M(x) rolls off in a
downward-frequency direction more rapidly than the lower-frequency roll off of the
decoder filter bank response. The amount by which M(x) is decreased in those subbands

30
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al l ocation values are cal cul ated and conpared to the bit budget. A binary
search techni que nakes coarse adjustnents to the nasking threshold to
converge the total bit allocation to a value which is equal to or less than
the; bit budget. The binary search reiterates the coarse adjustnents until
either the total bit allocation equals the bit budget or until the
incremental 10 adjustnent to the masking,threshold is |less than 1.5 dB.
Fol | owi ng these coarse adjustnents, the bihary search nmakes fine

adj ustment s t ?&nﬁ | f t Rh nehhRstoRY @dcreases Mosd rapillyd dB
| ower whi ch cge ver “@ﬁ%g‘q?‘%}a % itagdasl Bdcgikiﬁon nor. e begﬁ‘?’w krg the@ i)?
budget. This WrmHefiltsepseqnse ellioff s Thesdacrraser in {he magkingt MR icpuses PRer t he
total bit all geRitiRTuRGYRGatiobAe Riditidhdtibtio @ianusd (he sitibend sigmairie nlicad

adj ustnent to the‘rraskiaglg threshold 15 is Igdss th‘?‘nﬁg 375 lgg& Thgein
di fference befaiRestive syhbagds, tharehy reducingifhe expacief pudibity of theguaniizing igise Jn 1,
encoded signalhoseddubBatid§)0 t he decoder to establish the allocation val ues

OO e s e beaaR 7o s et a1 1
significantly affect coding system performance, but no particular way is critical in concept
to the practice of the present inveation. In preferred embodiments of audio coding
systems, the masking threshold is established by estimating the power spectral density

10  (PSD) of the input signal, generating an excitation pattern by applying a spreading function
to the PSD, adjusting the excitation pattern by an amount equal to a frequency dependent
signal-to-noise ratio (SNR) offset sufficient to achieve psychoacoustic masking, comparing
the level of the adjusted pattern to the threshold of hearing and generating a masking
threshold which is equal to the larger of the two.

15 In backward-adaptive coding systems, the PSD is estimated from information which

‘ is also assembled into the encoded signal. For example, the PSD can be estimated from
scaling factors defived from a spectral envelope. In forward-adaptive coding systems, the
PSD may be estimated f;om information which is and/or is not assembled into the encoded
signal. For example, the PSD can be estimated from a high-resolution spectral envelope of

20 the input signal even though the high-resolution envelope is not included in the encoded
signal. '

In preferred embodiments, an excitation pattern is generated by applying one or
more filters to subband signals in the frequency domain. These filters may be implemented
by recursive or Infinite Impulse Response (fIR) techniques, or by non-recursive or Finite

25  Impulse Response (FIR) techniques. The usé of either technique is not critical to the
practice of the present invention.

In a third embodiment, an encoder modifies one or more parameters affecting the
tesults of the allocation function in response to characteristics detected in either the input
signal and/or the subband signals. For example, the SNR offset mentioned above can be

30  modified to affect overall coding quality. Side information comprising an indication of the

modified parameters is assembled ihto the encoded signal.

In an implementation of the third embodiment, modified allocation values resulting

from the use of modified parameters are assembled into the encoded signal as explicit
allocation values.
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systens in which bits are allocated to spectral conponents in all channels
froma comon 20 pool of bits. In an alternative enbodi nent, coarse

adj ustnments are nade only to a masking threshold common to all channels.
Aft'er the total allocation for all channels has converged sufficiently,
fine adjustments are nmade to masking thresholds associated wi th individual
channels until the total allocated bits isgequal to or sufficiently close
to the bit budget. The fine adjustnents may be made by: (1) conpleting one
adj ustnent to a r cpthet ¢nboditasnksi of n 25codert dvcerding Ital the deaciagshofaheapresht i N t ur n,

adj usting acr gssntfdhlard &Estﬁl@aﬂPﬁhﬁ%%%%lﬁﬂM% gdnrkq“bo&me{ﬂtz\l'lluagin %}n’ags g

respective masking threshold annel in turn un conver gi ng,
starting wit hegmbinajien of therambediments ideseribed abave. pRestherirp.gvariguscombinations of

| owest - prlorltx&;ﬁh@ﬂﬁ@impi&,MRé&s&ib%h%eta& le) USt described for
mul ti - channel codi ngaté stems may be used in other coding systenms with one
i

or more chtannel s. 8% st embodimest piangudie deposier, guaatized infprmation s sxtrasted frans t o

spectral Corrpemewo&ed)sigifal afe @iﬁhmd@ﬂomxbﬂﬁ uanti?®-acddiding to AdSLOh Vamedi Ng

system for exarm)l oarse adj u§ nents are nmade, t g al |l ocations across
lisied by an allocation function, and an output signal is generated in response to the

dequantized information. The allocation function establishes aliocation values in
accordance with psychoacoustic principles based upon a masking threshold. The masking

10 threshold is established by obtaining an estimate of the PSD of the original input signal
represented by the encoded signal, generating an excitation pattern by applying a spreading
function to the PSD, adjusting the excitation pattern by an amount equal to a SNR offset
sufficient to achieve psychoacoustic masking, comparing the level of the adjusted pattern to
the threshold of hearing and generating a masking threshold which is equal to the larger of

15  the two.

' In backward-adaptive coding systems, the PSD may be estimated from measures of
subband signal amplitude: and/or power which a;'e extracted from the encoded signal. In
forward-adaptive coding systems, however, decoders generally do not use any allocation
function because explicit allocation values are passed in the encoded signal.

20 In a second embodiment of a decoder, one or more parameters affecting the results
of the allocation function are extracted from the encoded signal. In another
implementation, explicit allocation values representing modified allocation values are
extracted from the encoded signal.

Further embodiments of a decoder according to the teachings of the present

25  invention are possible, including, but not limited to, an embodiment which incorporates a
combination of the embodiments described above. Purthermore, various combinations of
the particular implementations described above are possible.

In a coding system using hybrid-adaptive allocation, side information may convey
only modified allocation values and/or modified parameters. An allocation function known

30  to both the encoder and the decoder provides basic allocation values to the decoder. Side
information provides adjustments to the basic allocation values as necessary to obtain the
same allocation values used in the encoder. In this way, the allocation function in an

encoder may be changed without losing compatibility with existing decodefs, and the
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mul tiple blocks of transformcoefficients until the total allocation for
the nultiple blocks converges sufficiently close to the bit budget. The

fine adjustnments nay be made by adjusting a respective masking threshold
for, each block in turn adjusting across all of the -27 - bl ocks until

converging. This process is applicable to other split-band codi ng systens
such as subband coding systens. It may al sqQ be adapted for use in

mul ti-channel coding systens. As these exarﬁﬂ es show, many variations in
t he convergence s Mged

in a particul aﬂ""ﬁ’%&gt’sﬁé r{faqrri‘?r %g&%‘%gﬁfo?ﬁagog g%wg#ﬁg@n%%%gé%@gg gms?h%u not
al l ow an al | oadztedenisveduced.t 0 exceed this ceiling.
The present inveation may be used in split-band coders with filter banks
implemented by any of several techniques. In audio coding applications, for example, it
5  should be understood that the use of subbands with bandwidths commensurate with human
auditory system critical bandwidths ailows greater exploitation of psychoacoustic effects,
but various aspects of the present invention are not so limited. Therefore, the term
*subband” and the like as used herein should be understood as referring to one or more
frequency bands within the useful bandwidth of an input signal.

10 ‘The various features of the present inveation and its preferred embodiments may be
better understood by referring to the following discussion and the accompanying drawings
in which like referénce numerals refer to like elements in the several figures. The contents
of the following discussion and the drawings are set forth as examples only and should not
be understood to represent limitations upon the scope of the present invention. For

15 example, this discussion is directed more particularly to audio coding applications, but the
present invention may be practiced in a wider range of psycho-perceptual coding
applications such as video coding.

Brief Description of Drawings
Figure 1 is a block diagram illustrating one embodiment of an encoder in an
20  encoder/decoder system incorporating forward-adaptive allocation.
Figure 2 is a block diagram illustrating one embodiment of a decoder in an
encoﬂerl_decoder system incorporating forward-adaptive allocation.
| Figure 3 is a block diagram illustrating another embodiment of an encoder in an
encoder/decoder system incorporating forward-adaptive allocation.
25 Figure 4 is a block diagram illustrating one embodiment of an encoder in an
encoder/decoder system incorporating backward-adaptive allocation.
Figure 5 is a block diagram illustrating one embodiment of a decoder in an
encoder/decoder system incorporating backward-adaptive allocation.
Figure 6 is a block diagram illustrating one embodiment of an encoder in an
30  encoder/decoder system incorperating hybrid-adaptive allocation.
Figure 7 is a block diagram illustrating one embodiment of a decoder in an
encoder/decoder system incorporating hybrid-adaptive allocation.
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If the masking threshold is raised to bring the total bit allocation within
a bit budget, it is possible that one or nore "internedi ate" spectral
conponents nay exceed the initial threshold [err] but not exceed the
adj.usted threshold M x). According to expression 10 17, these

I nternmedi ate spectral conponents are not allocated any bits and are,
therefore, excluded fromthe encoded signajg. This exclusion may be
perceptible, especially if the exclusion is intermttent. For exanple, the
har noni cs of a susFigieeis Adil@kBRigrdneiliunittatingai tabddigied o€ h peeelssdyrvwiich an

I nterval s having consi der abl Qusti.c.energy el sewhere in the spectrum 15
If bits are alef‘glég?'bﬁauf‘%‘ e e&ﬁ‘ﬁ't@r %?"g‘?'e spectral conponents, the bit
budget can be bal aRigert is adderkatiegrany iltusteatin; looc embaiimens of ar gilacatinpcurdtian

argor spect r kst a THIcaf fnCREBARBHREROT, | 7“0 S erabl v: Vpits
shoul d be &I 1 ocat eHigyres 48a-10s asb hypotheticah graphicl iliustrafiang of frapyberesprenrl
effects of exqlyfli R ke WARA WA Be IRBfoFAd HRORORARITe GRWaNR Fighee Band and

Figure 10d is a hypothetical graphical illustration of the composite impulse response
of the embodiment shown in Figure 8 comprising filters having the impulse responses
shown in Figures 10a-10c.

10 Figure 11a is a hypothetical graphical illustration of an impulse response for a filter
with one pole and one or more zeroes.

Figure 11b is a hypothetical graphical illustration of the composite impulse response
of an embodiment similar to that shown in Figure 8 but comprising only two filters, in
which one of the filters has the impulse response shown in Figure 1la.

15 Figures 12a-12b are hypothetical graphical illustrations of passband filter frequency
- responses. ' .

Figures 13a-13d are hypothetical schematic representations of spectra illustrating the
effects of spectral distortions caused by analysis. and synthesis filter banks.

Figure 14 is flow diagram illustrating the steps in one embodiment of a process

20  which incorporates a decoder spectral distortion model.

Figure 15a is a hypothetical graphical iltustrations of a passband filter frequency
response compared with the psychoacoustic masking threshold of a high-frequency spectral
component. :

Figure 15b is a hypothetical graphical illustrations of a passband filter frequency

25  response compared with the psychoacoustic masking threshold of a low- to medium-
frequency spectral component. '

Modes for Carrying Out the Invention
Forward-Adaptive Allocation
Figure 1 illustrates the basic structure of one embodiment of a split-band encoder
30 used in an encoder/decoder system incorporating forward-adaptive allocation. Filterbank
102 generates subband signals in response to an input signal received from path 100.
Allocation function 110 establishes allocation values in response to the input signal and
passes the allocation values along path 111 to quantizer 104 and formatter 106. Quantizer
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20 degrading the coding quality of |arger spectral conponents on the

ot her hand. In one enbodinent, an attenpt to achi eve such bal ance is nade
by allocating only a m ni mum nunber of bits to all internediate spectral
conponents. In a particular inplementation, this is acconplished by
quantizing all internmediate spectral conponents using the quantization
function having the m nimum number of quant LZI ng | evels. 25 I n
anot her enbodi nent, balancing is attenpted by allocating a m ni mum nunber
of bits to onl yo4 Eamwsremnﬁadm;rﬁaw.{lahumemm shnbRirbeeRred i@kt €d
frequency rangﬁ] S‘{Zhl S e extends from the highest-frequency spectral
cormponent whi ch™g “afﬁ']“'ﬂ?’?‘é‘?!‘ fiyactiop ﬁ@ai’ﬁeﬁ'r‘éé%?'ﬁe tpthe allcation, yaes,

limt of the emaoﬂ:edatmfgoahss&amels/\thdhbanukw MRirmaTatang theebs@ibiRalties ik@laanci ng
may be attenpte atln bits '

spectral conpomne ecopgd ﬁlﬁ'l‘a avé'?ge F?(Smﬁtcﬁ“ ?q’t'gg’:ﬁ)(?ﬁws"f"té‘\t}g fé‘e"'%ggty e!ré‘rered I,°%t5‘gfi§%i fshe
adj ust ed neSki pgssechalesghptid 108 fo aatmﬁmisﬁb:i olianfd! of Blofage dbviek a3riBfired! he | evel
g Ie: g\évai 23 ?SJ ust ed H& S{'?llugrates tlrxg) bas1 ?dcl;[n% %ﬁggl%bédh t%ént E)P a s{{ —l?;g de?:gdctx? 'ts
used in an encoder/decoder system incorporating forward-adaptive allocation. Deformatter
202 extracts quantized information and allocation values from an encoded signal received
from path 200. The allocation values are passed along path 211 and to dequantizer 204,
10 Dequantizer 204 generates subband signals by dequantizing the quantized information

received from deformatter 202 using a dequantization function adapted in response to the
allocation values. Inverse filterbank 206 generates along path 208 an output signal in
response to the subband signals received from dequantizer 204.
Alternate embodiments of the encoder and decoder are possible. For example, as
15  shown in Figure 3, a forward-adaptive encoder may establish allocation values in response
to the subband signals generated by filterbank 102. In yet another embodiment not shown
in any figure, allocation values may be established in response to both the input signal and
the subband signals.
As discussed above, because allocation values are explicitly passed in the encoded
20  signal, the allocation function in a forward-adaptive encoder may be changed without
sacrificing compatibility with existing forward-adaptive decoders. Only the format of the
encoded sngnal must be preserved.
Backward-Adaptive Allocation
Figure 4 illustrates the basic structure of one embodiment of a split-band encoder
25  used in an encoder/decoder system incorporating backward-adaptive allocation, Filterbank
102 generates subband signals in response to an input signal received from path 100.
Converter 112 generates a representation of the subband signals comprising X words and Y
words. The X words are passed along path 113 as input to allocation function 110 and to
formatter 106. Allocation function 110 establishes allocation values in response to the X
30  words and passes the allocation values to quantizer 104, Quantizer 104 generates quantized
information by quantizi:{g the Y words received from path 115 using a quantization
function adapted in response to the allocation values, and formatter 106 assembles the
quantized information and the X words into an encoded signal having a format suitable for
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I nternmedi ate spectral conponents does not exceed a percentage of the bit
budget. As anot her exanple, the nunber of bits allocated to these

i nt érmedi ate spectral conponents - 28 - may be bal anced by controlling
t he-bandwi dt h of the frequency range within which these allocations may
take place. The perceptibl e consequences of allocating bits to these

i ntermedi ate spectral conponents may be regdiced by controlling the rate at
whi ch these allocations nay be 5 changed. For exanple, internedi ate

spectral conpamashissioRyr Hsragx CTh@Poded Gighallit pHadl Mdhg Phthr BBUS b MBndnkiSion
al l ocation bangwi dif h over an.interval of several hundreds of mlliseconds.
In effect, nnacl'?'f"é:g?ri %Hgg"t Kr ot g?si"ﬁé'used to exclude internediate spectral
conponents are Figure 5 illustrates the basic structure of one embodiment of a split-band decoder

used in an encoder/decoder system incorporating backward-adaptive allocation.

5  Deformatter 202 extracts quantized information and X words from an encoded signal

received from path 200. The X words are passed along path 203 fo allocation function
210. Allocation function 210 establishes allocation values in response to the X words and
passes the allocation values to dequantizer 204. Dequantizer 204 generates ¥ words by
dequantizing the quantized information received from deformatter 202 using a
dequantization function adapted in response to the allocation values. Inverse converter 212
generates subband signals in response to the X words and the ¥ words, and inverse
filterbank 206 generates along path 208 an output signal in response to the subband signals
received from inverse converter 212,

10

Backward-adaptive coding systems may avoid the overhead required to convey side
15  information in the encoded signal because the allocation values are represented implicitly
' by the X words assembled into the encoded signal. A backward-adaptive decoder can
recover the allocation values from the X words by performing an allocation function which
is equivalent to that previ'ously performed in a backward-adaptive encoder. It should be
understood that accurate decoding of the encoded signal does not require that the encoder
20  and decoder allocation functions themselves be identical, but accurate decoding can be
ensured only if the two functions obtain identical aflocation values.
Hybrid-Adaptive Allocation
" Figure 6 illustrates the basic structure of one embodiment of a split-band encoder
used in an encoder/decoder system inéorpomting hybrid-adaptive allocation. The functions
25  of the various elements within the embodiment shown in Figure 4, discussed above,
correspond to the functions of respective elements in the structure shown in Figure 6. In
addition, adaptor 120 modifies one or more of the allocation values established by
allocation function 110 using either one or both of two basic techniques. The structure
used to implement both techniques is illustrated in Figure 6; however, either technique may
30  be used alone and unnecessary functional elements may be removed from the illustrated
structure.
In the first or "parameter" technique, adaptor 120 modifies one or more parameters
which affect the results of allocation function 110. The modified parameters provided by
adaptor 120 are passed along path 123 to allocation functi(.)n 110 and to formatter 106.
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subject to a lowpass filter. Allocation of Residual Bits 10 If the
nunber of bits allocated thus far is |less than the bit budget, the residual
bits nay be allocated in any nunber of ways. In one enbodi nent, a two-step
proeess is used: (1) starting with the |owest-frequency band and proceedi ng
upward in frequency, the allocation for a frequency band is increased if
either (a) the respective allocation valuB is nore than zero and | ess than

e 2L 052! St 108y i o B A S R,
the start of isfommtibn iman e@pdedsigral Bavingti fosmatesnitable fos transmissipnwir istordghe
val'ue for each 1 r B Eq B ARE b Bhibud Iop TRAHBI Bl ot e A0GAGH 10
val ue i s | esyvalubanThhmodified valuds provided by radapt@t B0 are passedalongepathullitb no
;52: gggl 0? i %%ﬂtlrn?%wglle g)%%:gatﬁrsw lr?g %E@eqllé %?éek e t%difi&s\iamé? Lvitt? itﬁéa!ﬁ@ﬂione
values received from allocation function {10 and passes the merged allocation values to
quantizer 104, Formatter 106 assembles an indication of the modified values and the
quantized information into an encoded signal having a format suitable for transmission or
storage.
10 The embodiment illustrated in Figure 6 shows adaptor 120 being responsive to the
input signal received from path 100, the subband signals received from path 103, and the X
words received from path 113, In alternate embodiments of a hybrid-adaptive encoder,
adaptor 120 may be responsive to any one of the three paths, responsive to any
combination of the three paths, and/or responsive to other information.
15 Figure 7 illustrates the basic structure of one embodiment of a split-band decoder
" used in an encoder/decoder system incorporating hybrid-adaptive allocation. The functions
of the various elements wjthin the embodiment s'hown in Figure 5§, discussed above,
correspond to the functions of respective elements in the structure shown in Figure 7. In
addition, one or more of the allocation values are modified using either one or both of two
20  basic techniques. The structure used to implement both techniques is illustrated in
Figure 7; however, either technique may be used alone and unnecessary functional
elements may be removed from the illustrated structure,
. In the first or “parameter” technique, deformatter 202 extracts from the encoded
signal one or more modified parameters which affect the results of allocation function 210,
25  and passes the modified parameters along path 213 to aflocation function 210,

In the second or "value" technique, deformatter 202 extracts one or more modified
values from the encoded signal and passes the modified values along path 205 to merge
218. Merge 218 merges the modified values with the allocation values received from
allocation function 210, and passes the merged allocation values to dequantizer 204.

Implementation
The various block diagrams referred to below illustrate basic functional structures of

encoders and decoders. The functions discussed below may be implemented in hardware,
in software, or in a combination of the two.

30
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convergence process to converge sufficiently close to the bit budget so
that there are very fewif any residual bits. Decoder Spectral Distortion
Overvi ew 25 The anal ysis and synthesis filter banks used in
various split-band coding systens may be thought of as a plurality of
passband filters. Figure 12a illustrates the frequency response of an ideal
passband filter having unitary gain in thelgassband 500, infinitely steep
transitions 502 and 504 at the passband cutoff frequencies, and zero gain

i n stopbands 506 and 508. 30 Fi glg{[ljg_u]aﬁp illustrates the frequency
response of a practical passband filter. Unlike the ideal passband filter,

many practical pasJbactbedimeats lussaed ndFiguresobd nsgbepatiged by 3 wids \GEEW of n t he

passband, passhigntheilalibdsS ARabaRA029fd Wvbfie FiliBbidk BORR ekdinglé)andy gNSi ti on
regi ons between 't he passband and the stopbands, and stopbands ? 6 apd 508,
possibly with implemented by a variety of digilal filtering techniques known in' the art including, but not

S limited to, Quadrature Mirror Filters (QMF), polyphase filters and various Fourier
transforms. A preferred embodiment uses the Time Domain Aliasing Cancellation (TDAC)
transform disclosed in Princen, Johnson and Bradiey, “Subband/Transform Coding Using
Filter Bank Designs Based on Time Domain Aliasing Cancellation,” ings In nf,
Acoust,, Speech, and Signal Proc,, May 1987, pp. 2161-2164. An example of a transform

10 encoder/decoder system implementing a filter bank with the TDAC transform is described
in U.S. patent 5,109,417, referred to above.

No particular implementation is critical to the practice of the present invention.

Although the description herein of the present invention is more particularly directed
toward digital split-band coding implementations, it should be understood that an

15  encoder/decoder system inoorporaiing aspects of the present invention may use analog filter
banks as well. For example, filterbank 102 may comprise one or more analog filters and
an analog-to-digital converter (ADC) which generates digital samples for each subband
signal. Inverse filterbank 206 may comprise a digital-to-analog converter (DAC) ;\/hich
generates analog subband signals in response to digital samples and a component which

20  combines the analog subband signals into a composite analog output signal.

| Converter
Converter 112 and inverse converter 212 which generate and recover the X words

and Y words may also be realized by a wide variety implementations. As discussed above,
the X words are characterized by the fact that they are available to both encoder and

25  decoder to inform the allocation function. The X words may, in general, correspond to
scale factors and the Y words may correspond to values scaled in accordance with the scale
factors. In embodiments utitizing various floating-point representations of numericat
quantities, the X words may correspond to the floating-point exponents and the Y words
may correspond to the floating-point mantissas.

30 In some implementations, groups or blocks of Y words are associated with a
common X word exponent, forming a block-floating-point (BFP) representation. Ina
preferred embodiment, however, a higher-resolution spectral envelope is obtained from the

X words by associating each Y word mantissa with one respective X word exponent.
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si del obes, providing a varying anount of gain. The width of the passband,
rate of roll off - 29 - in the transition regions, and | evel of stopband
rejection are filter response characteristics which may be traded off

agai nst one another by filter design. Figures 13a and 13b provide a

hypot heti cal graphical illustration of the effects caused by an anal ysis
filter bank conprising passband filters hié[ng frequency responses 5
simlar to that shown in Figure 12b. Figu 13a illustrates the true

spectrum of a signal conprising two spe&;,{iﬁ%ercorrponents 600 and 610. Figure
13b illustrates spectra 602 and 612 passe y the analysis_filter bank in

response to the t e papgedar Binctioospisd dyiayansieer 4 and dequantizen 24 arg apteritieg] o
shape of the GREEHLAICEDY HRGrEMANERE Buf HETS ARcEME Riul bOdnplenidhfiry. In
general, given the same allocation values, dequantization function d(x) is the inverse of
5  quantization function q(x) such that the original quantity x = dfq(x)]. Strict equality is not
expected because quantization usually resuits in the loss of some accuracy.

In response to the allocation values, quantizer 104 may adapt its quantization
function in any of several ways. For example, quantizer 104 may set the number of
quantizing levels according to the allocation values. An eight-level quantization function

10 and a four-level quantization function could be used in response to values indicating an
allocation of three bits and two bits, respectively. As another example, quantizer 104
could use a logarithmic quantization functions in response to allocation values greater than

or equal to a specified level, say six bits, and use linear quantization functions in response
to smaller values.

15 Quantizer 104 may also adapt ils quantization function by switching between
sy'mmetric and asymmetric functions, or by adaptively using one or more quantizing levels
to represent special fangqs of amplitude. For example, an N-bit quantization function may
reserve one of its 2¥ quantizing levels as a "small-zero" quantizing level. Such a quantizing
level, otherwise used to represent large amplitudes, is used instead to represent very small
20  amplitudes. By using such a quantization function, an encoder can allow a decoder to
easily distinguish between small amplitude signals, which are quantized to a value of zero,
from very small amplitude signals, which are quantized to the “small-zero” quantizing
level, '

In response to the allocation values, dequantizer 204 adapts its dequantization

25  function in a manner which is complementary to the manner in which quantizer 104 adapts
its quantization function.
Merge
The methods used by merge 118 and merge 218 are not critical to the practice of
the present invention. In concept, merge 118 and merge 219 combine into one set of
30

values the corresponding values from a set of allocation values and a set of modified
values. This may be done in a variety of ways. For example, an allocation value may be
replaced by a corresponding modified value. In a split-band encoder, each allocation value

represents the number bits to use to quantize a subband signal in a respective subband.
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analysis filter bank frequency response with the true spectrum of the
original signal. The 10 non-i deal frequency response of the passband
filters cause the analysis filter bank to snear the shape of the true
spectral conmponents. The characteristics of non-ideal filter banks used in
signal analysis are generally well understood. For exanple, the effects of
anal ysi s wi ndows upon the frequency respopge of a Discrete Fourier
Transformis discussed in Harris, "On the Use of Wndows 15- for Harnonic

Anal ysi s W t hedeh enddified VBhE siffREEdes ltheléorieSonding alldtamsh valie sl RFused BY 1he66,
January 1978, pgl., 51-83. The response characteristics of several digital
quadr at ur e fi9upRzer Wsteady; scussed in Barnwel |, "Subband Coder Design

| ncor porating RecWsSinver@iampr] the@wlristts of Galues thapide icombindDBYCMirgomie nidifiell EEE
T e S T B Gt i S P el
Subband Cd&di ngpressnhan inceenientat smount by whichtlie cofresposding Shealidn whe sBhgdbe Proc
1983, pp. 1288far]ig2e%§'ln a split-band encoder, the number of bits used to quantize the subband signal in

a particular subband could be defined by the algebraic sum of the respective allocation

value and the corresponding modified value, if the modified value is present in the encoded

-signal. Alternatively, the modified value may represent a factor by which the

10  corresponding allocation value should be scaled.

Formatter
In many coding systems where the encoded signal is represented by a serial bit
stream, the functions provided by formatter 108 and deformatter 202 substantially
correspond to serial-bit-stream multiplexing and demuitiplexing, respectively. Although the

15  implementation of the formatting and deformatting functions may be important to a

' particular application, it is not critical to the prgctice of the present invention. Any process
is suitable which can put the encoded signal into a form suitable for transmission or
storage, and can recover ’the encoded signal from the formatted representation.

Allocation Function
20 Overview
Allocation 110 establishes allocation values such that, if possible, the resulting
quantizing noise in the decoded signal does not exceed a masking threshold. Although the
discussion herein is directed more particularly to audio coding systems, the concepts
presented may be used in a wider range of applications such as video coding. In video

25 coding applications, for example, these concepts may be applied to a psycho-visual model
which establishes a masking threshold in response to a variety of characteristics such as the
apparent hue, saturation, brightness and size of a visual stimuli, corresponding
characteristics of other stimuli within the field of view, and the nature of other stimuli
viewed prior to the present ones.

30 The masking threshold is established by applying a model of human perception. A
wide variety of models ma-xy be used. Figure 9 is a block diagram illustrating one
embodiment comprising several steps which implement a psychoacoustic model similar to
that described by Schroeder, et al., cited above. In this embodiment, power spectral
density 402 eslimates the power spectral density (PSD) of an input signal received from
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In principle, analysis filter bank spectral snearing need not cause a
probl em because a conpl ementary synthesis filter bank may reverse the
effects ‘'of the smearing and recover the exact original signal. This is true
only in principle, however, because the synthesis 25 filter bank can
recover the exact original signal only if it is provided with the exact
output of the analysis filter bank. |In psydhe-perceptual based coding
systens, subband signals obtained fromthe analysis filter bank are

quantized to reathudQ, icrifical hand densily 404 cpbiains theriticalibdnd demsityeafithe input sigmhby zi ng
error pr event Smﬁﬁﬁng?_l}{@i’gﬁ%tﬁ ciflhl:d:l gﬁmﬁ aﬂJ&tItfoﬁ el A %één@ﬁte% Q%aﬁi&?%m@HnQ' nal

S|gnal fects of esl| S ter anks my
under st ood f r opcitationtpatiers By Fgplying. ems;!a&ﬁ!ealha%wwwrfwcr\gn ‘bthmcgmvér&a@sc
and 13d whi ch genQyy MeorMation? eédamu,fc ﬁlncwnam mé& dotiniefinl mRRingfmRRR 6y2

di stortion caused by a synthesis fjlter gure 13c illustrates the

smear ed spect r ¥IwHE 91?(?"8’1“2‘% gultegybygn %.'H°‘%i‘ﬁ &‘l"}‘%ﬁ"sa signal-tornose tia fSNR) offset
addi tional noi sARGENIEORMRIVE phidfloadtwktid iasiatk] Percklu AFEHERISA0 GeherResSITRANRE

spectru noise
P threshold which is equal to the larger of the interim masking threshold and a threshold of

human audibility and allocation values 412 establishes allocation values in response to the
audibility threshold and critical-band density information received from path 405 and passes
10 them along path 414, |
Some of these steps illustrated in Figure 9 may be combined or performed in a
different order, For example, power spectral density 402 and critical band density 404 can
be reversed somewhat by first mapping the spectral components of an input signal into
critical bands and then generating the critical-band density by estimating the power spectral
15 density of the mapped components. As another example, step 404 through step 408 can be
. combined into a single step to generate an interim masking threshold by applying an
appropriate spreading function directly to the input signal PSD.
The following discussion is more particularly directed toward embodiments
incorporating variations of the steps listed above and shown in Figure 9. A discussion of
20  these steps is used to explain various concepts but the steps themselves are not required to
practice the present invention. Various embodiments may incorporate other perceptual
models which comprise different steps.
- The concepts underlying an allocation function based upon only a perceptual modet
are discussed first, Because of coding system spectral distortions, however, the allocation
25  values established by allocation functions based upon only pereeptua!' models are not always
correct. Following the initial discussion of allocation functions, the nature of coding
system spectral distortions and some ways in which allowances for such distortions can be
made are described.
Power Spectral Density
30 Encoders in forward-adaptive systems such as those shown in Figures 1 and 3 may
estimate the PSD of an input signal from information received from path 100 and/or path
103. For example, in systems incorporating filter banks implemented by a Fast Fourier
Transform (FFT), the PSD may be obtained from the square of the magnitude of each of
the resulting transform coefficients. Encoders in backward-adaptive systems such as that
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- 30 - components represent the quantizing error resulting from quanti zi ng
only one principal conponent in each of the snmeared spectra. Al other
conponents are not quantized. In practical split-band codi ng systens,
unlike the illustration shown in Figure 13c, all conponents of the encoder
analysis filter bank output are quantized; however, in this 5

hypot heti cal exanple, only one principal c onent in each sneared spectrum
is quantized to nore clearly show the effects of decoder synthesis filter

bank spectral (it Ardipee 4, howdies gladatly ésli'iﬁ{;t&%e adn Er&_nsd?@f(t\(«&hs RRARA Rémt he

signal recovered by a decoder synthesi's filter In response to the
signal illustmated3in Figure 13c. Spectral conponents 608 and 618

correspond to trueysaRGhpRimehQERCMSHich RO ImpitddddtGatspetfal component C is
represented in a conventional binary floaling-point form comprising an exponent X and a
5  mantissa Y, the power of the spectral components in dB may be estimated directly from the
values of the exponents. The value of each exponent is the power of two used to
normalized the associated mantissa, or C = Y-2*. From this representation, the power of
each spectral component may be estimated from an expression such as
§, = -6(X,+0.5)dB. Q)
10  where S, = power of spectral component C,, and

X, = value of the floating-point exponent for spectral component C,.

In a preferred embodiment, each spectral component C is represented in floating-
point form comprising a normalized maatissa Y and an exponent X. The PSD is estimated
by grouping one or more spectral components into bands and obtaining the "log sum” of

IS  the exponents for the spectral components in each band. One way in which a log sum may
be calculated is discussed below.

Conceptually, no particular method for estimating the PSD is critical to the practice
of the present invention. As a practical matter, however, the accuracy of the method can
significantly affect coding system performance.

20 Ciritical-Band Density

' Split-band coding systems are generally more able to exploit psychoacoustic effects

by dividing the input signal into subbands having bandwidths no more than one-half the
critical bandwidths. ‘This is usually necessary because coding system subbands have fixed
center frequencies unlike the human auditory system critical bands which have variable

25  center frequencies, It is sometimes incorrectly assumed that a dominant spectral
component will mask other low-level spectral components throughout a split-band coder
subband having a critical bandwidth. This assumption may not be true because the
masking effects of a dominant spectral component diminish outside the frequency interval
of one-half a critical bandwidth on each side of the spectral component. If this dominant

30  spectral component occurs at the edge of a coding system subband, other spectral

components in the subband can occur outside the actual critical bandwidth unless the
subband bandwidth is no more that one-half a critical bandwidth.
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10 original signal, and artifacts 606 and 616 are spectral distortions
generated by the syntheS|s filter bank in response to quanti zi ng noise
components 604 and 614, respectively. The shape of artifacts 606 and 616
mays be established fromthe convolution of the synthesis filter bank
frequency response with noi se conponents 604 and 614. In practical
split-band coding systens, the spectral dlgiortlon I S even greater because
all conponents of the 15 analysis filter bank output are quantized.

Al though many pracgg &@Ienﬁ,mnlhknbamnﬁﬁqatgnﬂ r%bsits%{)&ﬁﬁﬁtﬁaﬁﬁ abbRafg i gnal s

nonunlformy, It malx be instructional oint out that the distortion of a

signal's true b§ tth ofrbgyt 3““(:‘6&1%‘9"%9‘!‘9%“@? bignag audidnpsypteaht Eackofdbe may be
nodel ed by thebamma@hwmrafeﬁe B4R, analpyaersedféxﬁﬁoarméaanﬂfei&\ RGPANDSD RSponse

e A gy b b e T SBR eER FBcnee e
signal's tpue tapdeitths of the homhn Aditbiydsyhtem, biNwideRGFf approximateRConehalf Backt THis On
of preferred mapping is represented by the entries shown in Table I. )
Allernate mapping functions and bandwidths may be used without departing from
the concepts of the present invention. For example, from Schroeder, et al., a frequency f
below about 5 kHz can be mapped into critical bands by the expression

10 f = 650 - sinh ; @)

where x = critical band number.

To simplify the following discussion, the term *critical-band density" shall refer to
an input signal PSD mapped into frequency bands of any convenient bandwidth including
critical bandwidths and subcritical bandwidths. The critical-band deasity of the input signal

15  can be obtained from the appropriate mapping function according to

S = 9W)1%" @)

where S$(x) = power spectral density of the input signal, and
S(x) = critical-band density of the input signal,
In some embadiments of digital split-band coding systems, S(x) is a discrete
20  function of the log-power of signal critical band density with values which are multiples of
approximately 6 dB. Critical band density information may be efficiently encoded '
differentially by constraining the values of S(x) such that the change between adjacent
subbands x does not exceed +12 dB. Differential encoding of spectral information is
disclosed more fully in U.S. patent application Serial No. 08/115,513 filed August 31,
25 1993 which is incorporated herein by reference in its entirety.
Excitation Pattern
An excitation pattern approximately describes the distribution of energy along the
basilar membrane which results from the acoustic power represented by an interval of the
input signal, An excitation pattern can be calculated from the convolution
30 E(x) = S{x) * B(x) )

where E(x) = is the excitation pattern resulting from the input signal, and
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the true spectrumis available fromthe analysis filter bank It is this
snmeared representation which is subject to reduction of information

requi renents such as by 25 guanti zati on. The quanti zed subband signals in
an -encoder, for exanple, already reflect the part of the total coding
system di stortion caused by the analysis filter bank. The distortion caused
by the synthesis filter bank can be obtai_pgd by convol ving the spectrum of
the quantization noise with the frequency response of the synthesis filter

bank. The spectraln(ey stih bhdRr-Mkmbiafe SirQiding Fukctibh.! t er bank is responsible
for why aIIocé 0 functions which are, based u on onl r cept ual

model o cannos SFSeTs ot BIOE o cpatepien SPaTHcH BrProsol 68  MARin SYEoR feapse
m)dEI s are baﬁer;inenqydnf ndm!ruvfng(bahcdl ®addwvidus, c'theﬁéxb&mm tvmums bfhbidwhnethhel of

maski ng propert| s af s risi ei t her a S|n uen i newave
or a very nar % B‘&HH f’&ﬂ‘%ﬁ E’é‘ﬁ ?&‘H‘g P ARPCTrR é“tfréﬁgﬂ‘cﬁ%ﬁfﬁhﬁ
true spectqd al shap th | a ﬁe—mk—e&l—ﬁ—)gﬂ S. .Such
per cept uaI§ nmodel s oﬁ P%EP'LA&K%\#SQ%E 1‘9%) ']95 & (5§

where Ax = x-x,.

The convolution of the input signal critical-band density S(x) and the spreading
function B(x) is computationally intensive, having a computational complexity on the order
of N-M, where N is the number of points in S(x) and M is the number of points in B(k).

10 Asa result, it is not practical to use the Schroeder model in many coding systems,
particularly in backward-adaptive coding systems.

A practical approach obtains an excitation pattern by filtering a spectral
representation of an input signal. This filtering is performed in a “spectral domain® such
as the mapped and unmapped frequency domains discussed herein.

15 . Figure 8 illustrates one embodiment of a process by which the excitation pattern
may be obtained more efficiently, having a computational complexity on the order of N.
According to this embodiment, information conveying input signal critical-band density is
received from path 300, passed through three filters, and combined to form the excitation
pattern, :

20 The PSD may be scaled as a linear, logarithmic or other representation of power.
If the PSD is a linear representation of input signal power and if the higher-frequency
bands x have a bandwidth expressed in Barks which is substantially constant, then these
filters can be implemented as a single-pole IIR filter with a transfer function represented by
the recursive expression

25 F, () = a,x):S(x) + b,(x)-F,(x-1) ®)
where a(x) = gain factor for filter i,

b{x) = rate of decay for filter i,

F,(x) = output of filter 302 at frequency band x,

E,(x) = output of filter 304 at frequency band x, and

30 F;(x) = output of filter 310 at frequency band x.

Hypothetical impulse responses of filter 302, filter 304 and filter 310 are illustrated in
Figures 10a-10c, respectively.
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- 31- account for the synthesis filter bank snmearing the spectrum of the

‘noise resulting fromquantization. As a result, allocation functions which

‘base al'l ocation decisions upon only such perceptual nodels cannot al ways
obt.ain correct allocation values because the perceptual nodel overestimates

maski ng effects. 5 Sone al location functions attenpt to ensure that

all coding artifacts will be inperceptible,by adding a margin to the

i nformati on requirements suggested by pef?éﬁtual nodel s. I n one enbodi nent,

for exanple, an e |, . b [
requi renents and {1 ﬁ@%%ﬂﬁ%%&@ﬁth%n@%g?&?&ﬂﬁhgfyﬁl s’é‘&l E&gﬁsﬁirl%%k%%lﬂm on
quant i zati on may bepeddrined moneefRcientlyTihithe logpgweradomain. o@ag Wahin whighuthesst i rmal

unl ess synt he§ak§ﬂauons may be performed is discussed below.
If the higher-frequency bands x do not have bandwidths expressed in Barks which
5  are substantially constant, then a more complex transfer function may be required for one
or more of the filters. For example, if the frequency bands have a constant bandwidth,
filter 302 preferably has one or more zeroes with a transfer function such as
R@®

F,0) = 4050 + b0) FG-1) « [1-5,@1) @) m
where R{x) = number of zeroes for filter F, at frequency lgand x.

10 The third term in expression 7, in effect, delays the exponential decay in the
impulse response. A hypothetical impulse response is shown in Figure 11a. Each zero
adds a *delay” of one frequency band. In general, more zeroes are used for higher-
frequency bands. For example, if each element in the PSD of a 20 kHz bandwidth input
signal corresponds to a transform coefficient generated by a 512-point transform, then

15  perhaps as many as ten zeroes will be required"for the highest-frequency bands, but no

zeroes are required for bands below about 500 Hz.

The accuracy of the spreading function can be improved at the expense of greater
computational complexity by using filter coefficients which are functions of the frequency
band number x. Preferably, the recursive term coefficient b(x) provides more spreading
for spectral components at higher frequencies. By mapping the input signal PSD into a set
of frequency bands having appropriate bandwidths, however, a spreading function with
reasonable accuracy can be obtained using a recursive term coefficient b; which is
substantially invariant. Some variation in coefficient b, is more likely required in many

coding systems for lower-frequency bands because the critical bandwidths are much
25 narrower.

20

The filter characteristics may be established according to the needs of the coding
application. It should be emphasized that these filters operate in a frequency-band domain
which is a mapped frequency domain. The decay term for the filters represents a
spreading of acoustic energy along the basilar membrane and provides an effect similar to

30 that provided by convolution with a spreading function.
Referring to Figure 8, reverse 308 performs a frequency-band reversal of the

information received from path 300 prior to filtering by filter 310, roé-mm:s&ln
REPLACEMENT SHEET

25 JAN 1997




10 filter bank distortion effects are properly accounted for. An

all ocation function may nmake all owances for decoder spectral distortions in
a nunber of ways such as by adapting the psycho-perceptual nodel, by

al tering the established nasking threshold, and/or by adjusting allocation
val ues. For exanple, information requirenents may be increased to allow for
decoder spectral distortions by 15 (1) -prduci ng portions of excitation
pattern E(x) obtained fromexpression 4 (2) by reducing portions of

sensitivity fperfotnsonfrequehcytmed révarsabafissSitenioutplit SFie (49 reyedse diymentscndi ng

Feduci ng por (e erplsEE BirPhrbsthERE Grfrotle dnefDR UchE oS RE Ribraley |00 B
expressi on 16_req0¢nc($))ebyastmn&mﬁqqgensbl ected allocation values A(x). 20

The terns "adj ust i . ti W ng
di scussi on as generl f?m[‘erms ?ﬁ%h%en??ﬂo%ﬁ%eﬂg@ ?\Jfglgégfsgs)regﬁme ct)glo*rriéér)\ts
al | owances arsmmesidtingyfrarnd zpmpongatt 3id, which isthe calcylated encitatipppptternnispassed e, t he

SILCE R dz'ﬂg:g:gus Sjlﬁb ehg}ﬂe' lbli vép‘i&%? the composite response of the structure illustrated in
Figure 8 which incorporates filters having the characteristics shown in Figures 10a-10c. If
the critical-band density information received from path 300 is expressed in the log-power
domain, then the sums calculated by component 306 and component 314 are log sums.

10  One way in which log sums may be calculated is discussed below.
Many alternative embodiments are possible. For example, an embodiment having
lower computational complexity may comprise only filter 302, filter 304 and component
306, and component 306 may combine the two filtered outputs by simply selecting the
larger of the two. The results obtained by this simpler embodiment are acceptable in many
15 high-quality coding applications. For example, Figure 11b illustrates a hypothetical
coinposite impulse response of this embodiment.in which filter 302 has the impulse
response shown in Figure 11a and filter 304 has the impulse response shown in
Figure 10b. Table II sht;ws filter coefficients a,(x) and b,(x) for filter 302 and coefficients
ax(x) and b,(x) for filter 304 which are suitable'for use in an embodiment using the PSD
.20  mapping shown in Table I. The coefficients are expressed in dl} for use in the log-power
domain, but may be easily converted to coefficients for use in the linear-power domain by
dividing the entries in the table by ten and taking the autilogarithm'of the quotient.
* The filters may be implemented as R filters, FIR filters or lattice filters, for
example, but TIR filters are generally preferred because they are usually more efficient
25  computationally. Computational complexity may be further reduced by performing the
filter calculations in the log-power domain. The muitiplications required to calculate

expression 6 in the power domain can be implemented as additions in the log-power

domain, or
logA = log [a,(x)-S(0)] = log a,(x) + log S(x) ®)
30 log B = log [b,(x) F,(x-1)] = logb,(x) + log F,(x-1). ®

The addition of the two terms in expression 6 cannot be performed in a straight forward

manner in the log-power domain. This addition, referred to as a "log sum," can be
performed using the identity .
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how to adjust the excitation pattern. It should be understood, however,
that these enbodinents nay be altered to use any of the other ways |isted

above. 25 Compl ex Process Figure 14
illustrates the steps in one enbodi nent of a process which incorporates a
decoder spectral distortion nodel. At ENTRY 700, an allocation function has
al ready established prelinmnary allocatiofval ues in accordance with
psycho- perceptual principles. NO SE 702 establishes a quant i zi ng noi se

t ' tahl t lugs. A
ypot het | cal  exarmioh ot 1 Ravartiokh b)Y ioel £ %8B ROER - e P07 om (0
quanti zation QheRUABE) L %tﬂ%ﬁhﬁln{)&t @ﬂuf R B¢ Borf ti\éﬁ'aﬁocfﬂubrt&ie SaRk 1S

illustrated in Figure 13c Ilket ot heti cal exanple, however, all
conponent s of SkMess®bband signals are quant i zed.

log[l + exp(-{iog 4 -logBI)] (11

5  for a suitable range of values | log 4 - log B | , the addition in expression 6 may be
performed in the log-power domain by (1) finding the absolute value of the difference
between log 4 and log B, (2) obtaining a value from the lookup table by using this
difference as a key, and (3) adding the value obtained from the lookup table to the larger
of log A and log B. This implementation is not essential to practice the present invention,

10 but it is useful in many embodiments to further reduce computational complexity.
| ‘The lookup table can be reasonably compact because the smaller term is essentially
negligible for differences in | log A - log B | greater than approximately 24 dB. In other
words, reasonably accurate approximations of the log sum can be obtained for differences
greater than approximately 24 db by assuming that the entry in the table is equal to zero.
15 Sensitivity Punction
The basis of psyclioacoustic masking effects is the fact that the human auditory
system is desensilized by the presence of acoustic energy. A low-level signal, which is
audible when isolated, may not be audible when accompanied by a much louder signal.
The “sensitivity function” w(x) of Schroeder, et al. approximates the degree to which the
20  human auditory system is desensitized. This function, which provides the SNR required to
ensure psychoacoustic masking within a critical band x, may be expressed as .
101og,, w(x) = -(15.5 + x) dB. (12)
'A simpler approach uses a seasitivity function of w(x) = -20 dB which simply sets the
required SNR at a constant 20 dB.
25 In a preferred embodiment in which the maximum digital value represents 105 dB
SPL, a conservative level is used to ensure masking by low-amplitude spectral components

even whena playback system volume control is set to a very high level. This sensitivity
function represented by the expression

~-40 dB for 1 £x <36
wix) = 11.923x-107.308 dB for 36 <x <49 (13)
~-15 dB for 49 <x
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- 32 - DISTORTION 704 estimates the effects of decoding spectral distortion
by convo]ving a synthesis filter bank passband filter frequency response
D(x) with the quantizing noise spectrum (x) to obtain a decoder distortion
spectrum N(x). The convolution is conputationally intensive. A process
simlar to that discussed 5 above for obtaining an excitation pattern, an
enbodi nent of which is illustrated in F|gu5§ 8, may al so be used to

i npl enent an efficient process to estimate“tecodi ng spectral distortion.
CHECK 706 est @l\ﬁtﬁ@%r"*ﬂ@hhﬁ{ eMuﬁ&BBAn@"ihQ&’Sb‘%iﬂﬁ g's{l&wpﬁl RleGepPtible in

t he signal recovered by _the decoder 0 an establ i shed

maski ng t hreshol d 48 integin sasking W’%Fh?‘dﬁé%)t‘F definsg W‘)@'f- ‘%%@@é@lﬁlﬂa“ pattepe By e
portion of M offsetihate @dint Giecibibd be tHel sehshivity FREASH w9, ABe MALSE RirkRbAL is

obtained from the expression

5 Z(x) = wx) + E(x) - (14)
in the log-power domain, or from the expression
Z(x) = w(x)-E() (15)
in the linear-power domain.
Masking Threshold
10 By definition, all acoustic energy below the threshold of heaﬁng is inaudible;

therefore, the SNR required to ensure that quantizing noise is masked does not need to
suppress the quantizing noise any lower than the threshold of hearing. The threshold of
hearing is well defined in the art. For example, see ISO standard 226 which provides
information pertaining to equal-loudness contours of a *minimum audible field® in the ISO
15 Standards Handbook, Acoustics, 1990, pp. 20-25. The fqnction 8(x) is used herein to
represent an analytical expression of this threshold.
The psychoacoustic masking threshold M(x) may be obtained by comparing the
threshold of hearing with the interim masking threshold and choosing point by point the
larger of the two thresholds. This may be represented as

20 MQ) = max{z(),6 (). (16)

Allocation Values

- In one simple embodiment, bits may be allocated at a rate of ene bit for each 6 dB
of required SNR, or

5@ - MW oo s = M)

Ak) = 6 17
0 for S(x) < M(x)

25  where A(x) = allocation value for each spectral component in frequency band x.
In preferred embodiments, a more effective allocation is obtained by table lookup.
- The required SNR of the estimated spectral power S(x) to the masking threshold M(x) is
used as the key into the lookup table, and each entry in the table represents the number of
quantizing levels required to achieve the required SNR.
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TERM 708 determ nes whether to reiterate the foregoing steps. If N(x) does
not exceed [err] anywhere, no further processing is required because al
[err] is expected to be inperceptible. EXIT 712 is perforned next. 15.

If N(x) exceeds Mx) in a substantially uniform manner across the spectrum
and no additional bits are available for allocation, further processing is
not expected to reduce the perceptibility-ef§-[err] EXIT 712 is perforned
next. Qtherw se, ADJUST 710 is performed next. ADJUST 710 adjusts the bit

al l ocation for sel ¥t bdgpablt eatries may be based upan quaalizing @ationshilpewel_l known in
per L0111 el SR b e Bl T CAREAT RSl '
whi ch exceed N(bte) is mmdal ito dteqnamngot lhe pleis¢nt rveatomttivbas 4 prastaiabmam fherenfries
contri but or 5 igsrenesidiic il dat by s Beaabl 7, 0% 151 T
decoder di §t ort i onOsnpexay inwhidhehtries inothe gableoayt bmdwmfomrpawcular omling system

is to measure the SNR resulting from that coding system incorporating quantxzauon

functions which are forced to quantize spectral information into a given number of

quantizing levels. Table II1, for example, indicates that a SNR of 8.21 dB and 11.62 dB

are obtained by a particular embodiment of a coding system which uses a quantization

10 function having three quantizing levels and five quantizing levels, respectively. According
to the eatries in this table, spectral components requiring a SNR of more than 8.21 dB but
less than or equal to 11.62 dB should be allocated enough bits to be quantized into five
levels.

In this implementation, the lower bound of the table is zero quantizing levels at
15 0 dB, and the upper bound of the table is set at some maximum number of bits referred to
' herein as the "allocation ceiling.” According to the example shown in Table I, the
allocation ceiling corresponds to 65,536 quantiz.ing levels, which can be represented by 16
bits. '
In many coding systems, the total of fhe allocation values is limited by a specified

20  number of bits. This number is referred to herein as the *bit budget.” If the total number
of allocated bits exceeds the bit budget, thé allocation function must revise the allocation
values accordingly. If the total number of allocated bits is less than the bit budget,
preferably the allocation function revises the allocation values to optimize the use of the
residual bits.

25 In some embodiments, allocation values are refined by adjusting the level of the
masking threshold M(x) and recalculating the allocation values. Preferably, the threshold
of hearing is taken into account as the masking threshold is raised and lowered. In one
embodiment, this is accomplished by raising and lowering the interim masking threshold
Z(x) across some or all of the spectrum and reestablishing the masking threshold according

30  to expression 16 until the total number of allocated bits is sufficiently close to the bit
budget. For ease of discussion, the notation My(x) is used to refer to an initial or “ideal"

masking threshold obtained from a perceptual model before any adjustments are made to
refine allocation values.
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25 [err] which may be expressed as [err] The largest Q(x) contributors to
a specific portion of the distortion spectrum say [err], may be identified
by ascertaining for which subbands x the terns [err] are largest. This is

equi val ent to weighting each [err] conponent with frequency response D-x)
30 centered about a subband xO in which [err] is expected to be

percepti ble, and selecting the Q x) corrpp?éants corresponding to the |argest
wei ghti ngs. - 33 - If the total bit allocation exceeds a bit budget, bit

al l ocations are decémamtddimnt, iR hisking MREMER fay'be el bPQE nelhd 7Pype to
portions of '2'&&‘ 2‘31358 H;y %)s( ?\%%E Iasn94%£| rw(?l?lhrgrlpgct [tg rthre] M&;) masking threshold. These
adjustments correspond to allocating approximately 12 additional bits and 4 fewer bits per
spectral component, respectively. Initially, the masking threshold is set to a level 24 dB
below M(x), which is mid-way between the two extremes of 72 dB and -24 dB. The
allocation values are calculated and compared to the bit budget. A binary search technique
makes coarse adjustments to the masking threshold to converge the total bit allocation to a
value which is equal to or less than the bit budget. The binary search reiterates the coarse
adjustments until either the total bit allocation equals the bit budget or until the incremental
10 adjustment to the masking threshold is less than 1.5 dB. Following these coarse
adjustments, the binary search makes fine adjustments to the masking threshold to establish
a level as much as 6 dB lower which converges the total bit allocation more closely to the
bit budget. This binary search reiterates the fine adjustments until either the total bit
allocation equals the bit budget or until the incremeatal adjustment to the masking threshold
is less than 0.375 dB. The difference between the adjusted threshold and My(x) may be
pa.v;sed in the encoded signal, allowing the decoder to establish the allocation values directly
without repeating the convergence process.

15

This same coarse/fine adjustment process may be used in multi-channel coding
systems in which bits are allocated to spectral components in all channels from a common
pool of bits. In an alternative embodiment, coarse adjustments are made only to a masking
threshold common to all channels. After the total allocation for all channels has converged
sufficiently, fine adjustments are made to masking thresholds associated with individual

20

channels until the total allocated bits is equal to or sufficiently close to the bit budget. The
fine adjustments may be made by: (1) completing one adjustment fo a respective masking
threshold for each channel in turn, adjusting across all the channels until converging, or
(2) adjusting a respective masking threshold for each channel in turn until converging,
starting with a highest-priority channel and proceeding to a lowest-priority channel.

A process similar to that just described for multi-channel coding systems may be
used in other coding systems with one or more channels. Bits may be allocated from a
30 common pool of bits to spectral components over an extended period of time. In a
transform coding system for example, coarse adjustments are made to allocations across
multiple blocks of transform coefficients until the total allocation for the multiple blocks
converges sufficiently close to the bit budget. The fine adjustments may be made by
adjusting a respective masking threshold for each block in turn, adjusting across all of the
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whi ch contribute [east to portions of N(x) which do exceed Mx). The
process_reiterates by returning to step NO SE 702. 5 In audio
codi ng systens using the psychoacoustic nodel discussed above, these

adj ust ments are acconplished preferably by adapting the excitation pattern
[err]. At EXIT 712, the process of nmaking all owance for decoder spectral
distortions is conpleted. Sinplified Proc $S 10 A sinpl er process
can achi eve good results by exploiting ch fact that the effects of decoder

spectral di styicks @ilit ek Tifis bRIOSE SCRBlDHR tu%p@zpm-h@ndsawtng% dtcind duk 7
bank snears the quantizing noise nore wdely in frequency than Can be
masked by t hedssyhbandending syptemy nftonayralee hsradapied fos gselingnytizhanngifodingondi t i on
is nore |ikelyglgs exi st when the masking threshold established from
‘spectral conpdnents passed by the analysis filter bank rolls off 15 nore

rapi dly than the &pihasesrampldsishey, manykvafiptions éhthp cppuepRsnescprocess are possible.
5 If an allocation ceiling is used in a particular implementation, then the convergence process
should not allow an allocation value to exceed this ceiling. _

If the masking threshold is raised to bring the total bit allocation within a bit
budget, it is possible that one or more “intermediate” spectral components may exceed the
initial threshold My(x) but not exceed the adjusted threshold M(x). According to expression

10 17, these intermediate spectral components are not allocated any bits and are, therefore,
excluded from the encoded signal. This exclusion may be perceptible, especially if the
exclusion is intermittent. For example, the harmonics of a sustained note may be
intermittently excluded during intervals having considerable acoustic energy elsewhere in
the spectrum.

15 I bits are allocated to these intermediate spectral components, the bit budget can be
balanced by decreasing the allocation to larger spectral components; however, the resulting
degradation in the coding quality of the larger spectral components is likely to be
perceptible. Preferably, bits should be allocated so as to obtain a balance between the
perceptible effects of excluding intermediate spectral components on the one hand and

20  degrading the coding quality of larger spectral components on the other hand.

In one embodiment, an attempt to achieve such balance is made by allocating only a
minimum number of bits to all intermediate spectral components. In a particular
implementation, this is accomplished by quantizing all intermediate spectral components
using the quantization function having the minimum number of quantizing levels.

25 In another embodiment, balancing is attempted by allocating a minimum number of
bits to only those intermediate spectral components within a limited frequency range. This
range extends from the highest-frequency spectrat component which exceeds the adjusted
masking threshold up to the upper limit of the encoded signal bandwidth.

In yet another embodiment, balancing may be atfempted by aliocating bits to only

a0 those intermediate spectral components which are no more than some level, say 9 dB,
below the adjusted masking threshold. In a variation of this embodiment, the level below
the adjusted threshold is modified to ensure that the number of bits allocated to
intermediate spectral components does not exceed a percentage of the bit budget. As
another example, the number of bits atlocated to these intermediate spectral components

REPLAGEMENT SHEET

25 JAN 997




In many filter bank inplenmentations, the rate of frequency response roll
off may be increased but, as a consequence, the depth of stopband rejection
i s decreased. For many inplenmentations of synthesis filter banks, even

m nimal requirenments for stopband rejection prevent response roll off from
equal ling or exceedi ng established nmasking threshold roll off 20 for

| ower - frequency masking by |ow to nedi unpgrequency spectral conponents.
For exanple, a filter bank inplenmented by a 512-point transformwith a
sanpl i ng r at enayfbedRlakédd tycsoamrollihg/ the dakdnidia of Lk \feeqaericy Iringe withimp@iidethedet h

roll off nor €1 h?n abou{7 12‘ dB per coefficient or 93.75 Hz (48 kHz / 512)

W t hout reduci ﬁ('@"'??fem‘\‘ye 5"rp5‘f°'stopband rejection bel ow about 100 dB. 25

I'n conparison to Thepéredptible consequeaces\of atbaptingsiils ta thess lotergedidte epxlordld f or
spectral CO”%%@.GeﬁtsarP@‘g%Mb o&l%u{?g'd\éragit wHichHREE QbR fay’bedB PET
for y maskfng. By Ki

coeffi ci ent ownward-f requen contrast, a mas .
t hr eshol d5of chpeedr Zlor examplss dnterediaterspectaheonponenss may he exsbided from ign

about 3 kHz gl deduchtlpf @RI BEhIRuEH! obersh fnfrvaP of veral hundreds of milliseconds.

In effect, modifications to criteria used to exclude intermediate spectral components are
subject to a low-pass filter.
Allocation of Residual Bits

10 If the number of bits allocated thus far is less than the bit budget, the residual bits
may be allocated in any number of ways. In one embodiment, a two-step process is used:
(1) starting with the lowest-frequency band and proceeding upward in frequency, the
allocation for a frequency band is increased if either (a) the respective allocation value is
more than zero and less than the allocation ceiling, or (b) the allocation value is zero and

IS the allocation value for either adjacent frequency band was more than zero at the start of

. step 1; and (2) while any bits remain, starting with the lowest-frequency band and
proceeding upward in frequency, the allocation value for each frequency band is increased
if the respective allocation value is less than the allocation ceiling. Step 2 reiterates until
no residual bits remain.

20 The allocation of residual bits can be avoided or minimized by allowing the
convergence process to converge sufficiently close to the bit budget so that there are very
few if any residual bits.

Decoder Spectral Distortion
_ Overview

25 The analysis and synthesis filter banks used in various split-band coding systems
may be thought of as a plurality of passband filters. Figure 12a illustrates the frequency
response of an ideal passband filter having'unitary gain in the passband 500, infinitely steep
transitions 502 and 504 at the passband cutoff frequencies, and zero gain in stopbands 506
and 508.

30 Figure 12b illustrates the frequency response of a practical passband filter. Unlike

the ideal passband filter, many practical passband filters have main lobe 500 with varying
gain in the passband, passband skirts 502 and 504 with finite slope in the transition regions
between the passband and the stopbands, and stopbands 506 and 508, possibly with
sidelobes, providing a varying amount of gain. The width of the passband, rate of roll off
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per coefficient for downward-frequency masking. As a result, coding systens
30 I ncorporating synthesis filter banks with characteristics simlar to
t hose just described should nake all owances for decoder spectral
di stortions at frequencies bel ow about 3 kHz, but probably do not need to
make al | owances at higher frequencies. Referring to Figure 15a, threshold
802 represents a psychoacoustic masking thgeshold of a high-frequency
spectral conponent and response 800 represents a frequency REPLACEMENT
SHEET 2 5 JANh 1f#Q7ansition regibns, dnéd¢yenskstapbaril reRstimire Vikernegohentahikdgics i n a
hypot heti cal «%X&t p\gf be trg(leldto?tr aggi%ako'ne 'E’Q&Ke'r%? filter design.

Figures 13a and 13b provide a hypothetical graphical illustration of the effects
caused by an analysis filter bank comprising passband filters having frequency responses
similar to that shown in Figure 12b. Figure 13a illustrates the true spectrum of a signal
comprising two spectral components 600 and 610, Figure 13b illustrates spectra 602 and
612 passed by the analysis filter bank in response to the true spectral components 600 and
610, respectively. The shape of {he spectra may be established from the convolution of the
analysis filter bank frequency response with the true spectrum of the original signal. The
non-ideal frequency response of the passband filters cause the analysis filter bank to smear
the shape of the true spectral components.

The characteristics of non-ideal filter banks used in signal analysis are generally
well understood. For example, the effects of analysis windows upon the frequency

response of a Discrete Fourier Transform is discussed in Harris, "On the Use of Windows

10

15 - for Harmonic Analysis with the Discrete Fourier Transform,” Proc, of IEEE, vol. 66,
Jat{uary 1978, pp. 51-83. The response characteristics of several digital quadrature filters
are discussed in Barnwell, “Subband Coder Design Incorporating Recursive Quadrature
Filters and Optimum ADPCM Coders," IEEE 1st d Signal Proc.,

vol. ASSP-30, October 1982, pp. 751-65, and in Rothweiler, *Polyphase Quadrature

20  Filters - A New Subband Coding Technique," Proc, Int, Conf, Acoust., Speech and Signal

Proc., 1983, pp. 1280-1283.

In principle, analysis filter bank spectral smearing need not cause a problem because
a complementary synthesis filter bank may reverse the effects of the smearing and recover
the exact original signal. This is true only in principle, however, because the synthesis
filter bank can recover the exact original signal only if it is provided with the exact output
of the analysis filter bank. In psycho-perceptual based coding systems, subband signals
obtained from the analysis filter bank are quantized to reduce informational requirements

and the resultant quantizing error prevents the synthesis filter bank from recovering the
exact original signal.

25

30 The effects of synthesis filter banks may be better understood from the following

discussion and by referring to Figures 13c and 13d which provide a hypothetical graphical
illustration of spectral distortion caused by a synthesis filter bank. Figure 13c illustrates
the smeared spectra 602 and 612 passed by an analysis filter bank with additional noise
components 604 and 614 added to each respective smeared spectrum._The noise
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threshold 802 rolls off less rapidly than filter frequency response 800. It
is not |ikely that decoder spectral distortion will snear high-frequency
coding artifacts to such an extent that they become perceptible; therefore,
an allocation function nmay nore safely ignore decoder 5 spectr al

di stortions for higher frequencies. Figure 15b illustrates threshold 806
whi ch represents the psychoacoustic masking-threshold of a low to

medi um frequency spectral conponent and response 804 represents a frequency

tr) esrk)onse o; acw@sm&tkgg@sepamhaﬂdih zing letrof relsulting Wlﬁqhhﬁi‘z.t\g@hlysqr?ﬂt[ﬁﬁ&})ﬂ 1;3 i)|6t er
ank. For frequencies be t he. ma c nent, nmaskin re

oI of f rormRgNent Fug3eo) e AP Fredra ¢ RLGUER Sy PEETS ACoL SIERrsd 1o
nore |ikely tpragticalesptidieand epdiog systend] sdlike thecillustmtiorsshoan ih (Fvguraamd: all

medi um f r equepc A8k,

percepti bl e; &n"é’og gsr"gqh%ﬁ cg{’?qga;c’% %%F\ﬁ &E%??uéﬁétﬁgé;&uﬁé{%éhéwep%&@

fgnore
decoder spect hypothefiicat oramiples onlygne ipdukipal compprentdn ach sTicared spaeprhm i5 Riantizedat ed

in Figure 15by 0ol QRLAS silddine BHER 6Fdeg§he99§n%€cmgmr Dk sHHardsiofioh he

| ow- f requency SI e o dom nant sRect
Figure 13d illustrates the spectral shape of the signal recovered by a decoder

synthesis filter bank in response to the signal illustrated in Figure 13c. Spectral
components 608 and 618 correspond to true spectral components 600 and 610 in the

10 original signal, and artifacts 606 and 616 are spectral distortions generated by the synthesis
filter bank in response to quantizing noise components 604 and 614, respectively. The
shape of artifacts 606 and 616 may be established from the convolution of the synthesis
filter bank frequency response with noise components 604 and 614. In practical split-band
coding systems, the spectral distortion is even greater because all components of the

15.  analysis filter bank output are quantized. .

' Although many practical split-band coding systems quantize subband signals
nonuniformly, it may be instructional to point out that the distortion of a signal’s true
spectrum by a coding sys'tem using uniform quantization may be modeled by the
convolution of the analysis filter bank frequency response with the synthesis filter bank

20  frequency response.

This distortion model is not very useful in practical coding systems, however, '
because the signal’s true spectrum is not available. Instead, a sméared representation of
the true spectrum is avaifable from the analysis filter bank. 1t is this smeared
representation which is subject to reduction of information requirements such as by

25  quantization. The quantized subband signals in an encoder, for example, already reflect
the part of the total coding system distortion caused by the analysis filter bank. The
distortion caused by thc'symhesis filter bank can be obtained by convolving the spectrum of
the quantization noise with the frequency response of the synthesis filter bank.

The spectral distortion of the synthesis filter bank is responsibie for why allocation

30  functions which are based upon only perceptual models cannot always obtain correct
allocation values. Many perceptual models are based upon empirical tests which attempt to
establish the masking properties of signals comprising either a single-frequency sinewave or
a very narrow band of noise. These masking models are based upon the true spectral
shape of both the masking signal and the masked signals. Such perceptual models do not
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15 conponents to ensure that coding systemartifacts are inaudible.

Whet her _al l.owances nust be made for decoder spectral distortions depends
upon the nmasking threshold established in response to the spectral shape of
the-signal to encode. It is inportant to recall that masking threshol ds
such as those shown in Figures 15a and 15b pertain to the masking

characteristics of single-frequency spect rﬂl conponents or very 20 narr ow
bands of noise. The nasking characteristic¢s of a conplex signal with many

spectral conpgesmt %r'lﬁe Wﬁﬂﬁés:@ nf:érafaﬁmmealaag IRXPEARuEh oft thE nBBS lekiiGhng! RS ol d
of white noise is fairl

g f fore, decoder spectral djstortio |s of
no particul ar TRpiRRbeY, Aga 'ﬁubnﬁ %a‘W‘tfH“cgggseﬁ'f‘Fth‘fsﬁ eation qesisiops ppag A
sinmplified prm&wcepjmtnoﬂetesa@ot dwhysadbtaii edsrect dlosation kalubhidcadse kst rat ed in

figure 15b 25 Xx %‘am ni ng cr| tll caltecpand density S(x) of subband
signal s passeﬁer y 2h Iy% %ﬁ h | ow and nedi um frequency

subbands. S f chandsmel alio{:atmn }‘uxmmms aterhptdto Iemnmr thitzatt codh\gtahifaapw‘rlt beum are
LT Yi [%lrJ 3| tll;le by tﬁtqgeé"‘ %n%rrgu;[ g%'e ml? oneregxfnrgn{e%g teﬁ gy Bgn p?uai ol'l
models. In one embodiment, for example, an encoder applies a pcrceptual model to
establish information requirements and then aliocates one or two more bits to ensure that
quantization noise will be masked. This marginal allocation is suboptimal unless synthesis

10 filter bank distortion effects are properly accouated for.

An allocation function may make allowances for decoder spectral distortions in a
number of ways such as by adapting the psycho-perceptuat model, by altering the
established masking threshold, and/or by adjusting allocation values. For example,
information requirements may be increased to allow for decoder spectral distortions by

15 (l) reducing portions of excxtauon pattern E(x) obtained from expression 4, (2) by reducing
portions of sensitivity funcnon w(x) used in expressions 14 and 15, (3) by reducing
portions of interim masking threshold Z(x) used in expression 16, (4) by reducing portions
of established masking threshold M(x) obtained from expression 16, or (5) by increasing
selected aliocation values A(x).

20 The terms “adjusting bit allocation” and the like are used in the following discussion
as generic terms for such allowances. In preferred embodiments, allowances are made by
adapting the excitation pattern E(x); therefore, the embodiments discussed below illustrate
how to adjust the excitation pattern. It should be understood, however, that these
embodiments may be altered to use any of the other ways listed above.

25 Complex Process

Figure 14 illustrates the steps in one embodiment of a process which incorporates a
decoder spectral distortion model. At ENTRY 700, an allocation function has already
established preliminary allocation values in accordance with psycho-perceptual principles.

NOISE 702 establishes a quantizing noise spectrum Q(x) in accordance with the

30  established allocation values. A hypothetical example of the quantizing noise spectrum
resulting from the quantization of subband signals obtained from an analysis filter bank is

illustrated in Figure 13c. Unlike this hypothetical example, however, all components of
the subband signals are quantized.
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off for respective passband filters in the synthesis filter bank, then
al l onances are nmade for decoder spectral distortions. 30 The
concepts of the sinplified process may be used in a variety of

i npl'ement ati ons and enbodi nents but the enbodi nents described here are
based upon the follow ng assunptions: (1) the inplenentations are for

digital audio coding systens; (2) the cri_é' cal band density is approxinated
by a discrete | og-power function S(x) consfrained to nultiples - 35 -

filter bank is i mpiefGRTRN B4 &txm@@ﬂc@ff&@m&%ﬂg w&ﬁmr@énb

approximately 94 Hz, a freq uencg response_rol of about 12 dB per
coefficient 298velYigdpaymhesisifiiet leSb%nﬁ‘off'}f“ IW“'&B‘ respppse RE) H’lh‘l"rﬁ'é"r of bits

al | ocat ed t 0 gidmidingZioise 3fectruMb@@Y toSobIR b YeddedistbrtioR GRCEurh N(x).
The convolution is computationally intensive. A process similar to that discussed
5  above for obtaining an excitation pattern, an embodiment of which is ﬂlustrated in
Figure 8, may also be used to implement an efficient process to estimate decodmg spectral
distortion.

CHECK 706 establishes whether any portion of N(x) will be perceptible in the
signal recovered by the decoder by comparing N(x) with an established masking threshold

10  M(x). If any portion of N(x) exceeds a respective portion of M(x), that portion of N(x) is
expected to be perceptible.

TERM 708 determines whether to reiterate the foregoing steps. If N(x) does not
exceed M(x) anywhere, no further processing is required because all N(x) is expected to be
imperceptible. EXIT 712 is performed next.

15 If N(x) exceeds M(x) in a substantially uniform manner across the spectrum and no
ad(iitional bits are available for allocation, further processing is not expected to reduce the
perceptibility of N(x). EXIT 712 is performed next.

Otherwise, ADJUST 710 is performed next.

ADJUST 710 adjusts the bit allocation for selected spectral components to reduce

20  the perceptibility of coding artifacts. This may be accomplished by identifying Q(x)
components which are large contributors to the portions of N(x) which exceed M(x), and
-increasing the bit allocation to selected Q(x) components which are the largest contributors.

‘A way in which the largest contributors may be identified can be derived by first

recalling that the decoder distortion spectrum N(x) is obtained from the convolution
25  QU)*D(x), which may be expressed as

NG) = ): QW-DG-x). (18)
The largest Q(x) contributors to a specific portion of the distortion spectrum, say N(xo),
may be identified by ascertaining for which subbands x the terms Q(x)-D(x-x) are largest.
This is equivalent to weighting each Q(x) component with frequency response D(-x)
30  centered about a subband x, in which N(x) is expected to be perceptible, and selecting the
Q(x) components corresponding to the largest weightings.
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decoder spectral distortions is just enough to reduce the quantizing noise
bel ow t.he 5 est abl i shed maski ng threshold; and (5) the masking threshold
i s established according to the nost accurate psychoacoustic nodel which
cam be inplenented practically. First Enbodi ment The foll owi ng program
fragment illustrates a first enbodinent of a sinplified process which may
be incorporated into an allocation functi®n to allow for decoder spectra
10 distortion. Line (101) reiterates the process performed in |ines (102)

to (127) for subtthsstorbbipaliosationearceeds a bis bidges thitcallpeationnare deeseased for K¥Dow
about 2.4 kHgyy zﬂJnetM Wich Jcﬁl?ar cgﬁhﬁl'itE“tJ‘ tiéh of bi(miot Ekb%e&ﬁglﬁx3) ﬁ’c%ld ReRdodensi ty

I ncreases by 1 from subband i err], lines (126) are
per f or med; oMhichgpatebute lrastip pedions %IN } Which dwef‘weql M{®)- ( ‘!PZI)TO@H“E@KP"HQS bhe
next subband returning to step NOISE 702.

5 In audio coding systems using the psychoacoustic model discussed above, these
adjustments are accomplished preferably by adapting the excitation pattern E(x).
At EXIT 712, the process of making allowance for decoder spectral distortions is
completed.

Simplified Process
10 A simpler process can achieve good results by exploiting the fact that the effects of
decoder spectral distortion are usually imperceptible unless the synthesis filter bank smears
the quantizing noise more widely in frequency than can be masked by the true spectral
components of the coded signal. This condition is more likely to exist when the masking
threshold established from spectral components passed by the analysis filter bank rolls off
15.  more rapidly than the synthesis filter bank frequency response.

' In many filter bank implementations, the rate of frequency response roll off may be
increased but, as a conse:quence, the depth of stbpband rejection is decreased. For many
implementations of synthesis filter banks, even minimal requirements for stopband rejection
prevent response roll off from equalling or exceeding established masking threshold roll off

20  for lower-frequency masking by low- to medium-frequency spectral components. For
example, a filter bank implemented by a S12-point transform with a sampling rate of

48 kHz generally cannot achieve a filter response with roll off more than about 12 dB per
coefficient or 93.75 Hz (48 kHz / 512) without reducing the level of stopband rejection
betow about 100 dB. '

In comparison to the filter frequency response, a masking threshold for spectral
components above about 4 kHz rolls off at approximately 2 dB per coefficient for
downward-frequency masking. By contrast, a masking threshold of spectral components
within the range from about 400 Hz to about 3 kHz rolls off at approximately 10 to 15 dB
per coefficient for downward-frequency masking. As a result, coding systems

25

30 incorporating synthesis filter banks with characteristics similar to those just described
should make allowances for decoder spectral distortions at frequencies below about 3 kHz,
but probably do not need to make allowances at higher frequencies.

Referring to Figure 15a, threshold 802 represents a psychoacoustic masking
threshold of a high-frequency spectral component and response 800 represents a frequency
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- 36 - At line (103), variable [err] references the first subband in a
possi bl e interval of subbands in which the critical band density increases
by 12 dB. Line (103) initializes variable[err] to reference the follow ng
subband and line (104) initializes variable k to zero. Line (105)
reiterates the process in lines (106) to (110) until either the variable k
iIs 5 set to a nonzero value, or until tBé-variable[err] is no |longer |ess
than 26. Lines (106) to (110) establish the nunber of subbands in the

i nterval acr JSPoRSi A1t ferpectiveipassband fHignin 4 Bypothetical synthesis Eilterbank.) Migkingf | i ne
(106) det er m MAShdd1862 NS off&:k Sapidly BRh \HRENS r'g00.2 Chaninker ]
is not 12 dB,  then Iined(102) set syva&j agl e eqlr}gslpbﬁ% %eqﬁﬁﬁger ofth[ite
subbands in t9goder sesctya| distarkipr wilb snacas highifeequengy poding artifapts tesuch apextanf thatnes

(106) to (110they 8&ome lpbregptibied therdfste, SN@MdEMioh Tehckal @ hidke fafety fhbfeCib&el NE
next s ubb%nd. spectral distortions for higher frequencies.
Figure 15b illustrates threshold 806 which represents the psychoacoustic masking
threshold of a low- to medium-frequency spectral éompdnent and response 804 represents a
frequency response of a respective passband filter in a hypothetical synthesis filter bank.
For frequencies below the masking component, masking threshold 806 rolls off more
10 rapidly than filter frequenéy response 804. It is much more likely that decoder spectral
distortion may smear low- and medium-frequency coding artifacts to such an extent that
they become perceptible; therefore, an allocation function may not safely ignore decoder
spectral distortions for lower frequencies. The example illustrated in Figure 15b indicates
that quantizing noise must be reduced on the low-frequency side of dominant spectral
" 15, components to ensure that coding system artifacts are inaudible.

‘ Whether allowances must be made for decoder spectral distortions depends upon the
masking threshold established in response to the spectral shape of the signal to encode. It
is important to recall that masking thresholds such as those shown in Figures 15a and 15b
pertain to the masking characteristics of single-frequency spectral components or very

20  narrow bands of noise. The masking characteristics of a complex signal with many
spectral cbmponents is very different. For example, the masking threshold of white noise
is fairly flat; therefore, decoder spectral distortion is of no particular concern for signals
with essentially flat spectral shapes. _

A simplified process identifies polential situations fike that illustrated in figure 15b

25 by examining the critical band density S(x) of subband signals passed by an analysis filter
bank in low- and medium-frequency subbands. If changes in S(x) across the lower part of
the spectrum are substantially equal to or greater than the rate of frequency response roll

off for respective passband filters in the synthesis filter bank, then allowances are made for
decoder spectral distortions.
30 The concepts of the simplified process may be used in a variety of implementations
and embodiments but the embodiments described here are based upon the following
assumptions: (1) the implementations are for digital audio coding systems; (2) the critical
band density is approximated by a discrete log-power function S(x) constrained to muitiples

of 6 dB increments between adjacent subbands of no more than + 12 dB, (3) the syathesis
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If line (111) determnes that the length of the interval
three, then line (112) sets variable a to six; otherwise, line (114) sets
the variable a to twelve. The variable a represents the anmount in dB by
whith the excitation pattern [err] will be reduced to allow for decoder
spectral distortion. The pattern is reduced nore for |onger intervals 15.

of subbands in which the critical band déAsity increases by 12 dB because
| arger anounts of spectral smearing occurs for

interval s, The reason
for the addi filtesbank sdmplemeniad hng t@@sf@rpphaefmzat@asbmdg ofcaparaximaely R4 Hz; pe
spectral di Sieqehd resfonscran Focst!aBsut 1Y dBYRY Cberficicht ahe stSpahd) Efdcliod bf a{b@ﬁt
frequency responsé wth the q(}uant | zation noise spectrum and that the

synt hesi s fi 19&4Bi(#kthg anmherof bijs alqated (q quapiize the S‘%?BH\?t“&‘Z“dB“‘B‘é‘r’"ﬁ‘%ffg form
coefficient §Qbdd?Ypectd dlstﬁftiohi ﬁ@llst bﬁﬂuﬁh @ rehwﬁe &ﬁaﬂﬂﬂﬁ’é"ﬁdlﬁsﬁeldwmﬁh is

substantially the sane as the rate of inc in the critical band
densi ty. STheesablishsd maskine \'/M'Fﬂ‘mlénﬂ!ﬁr(sl the “Efﬁ‘ﬁm F*‘Z%ﬂ“i’lﬂrﬁs established aecordingtorhs o

widely in fr%kk%%é%k che4tafsic mYdall WidétSean e ipleefidd pRttdanyt es the process
performed in lines (1 7% to (121) |nﬁ\‘\sk2|E?“t% l?“reu IS

is less than

The following program fragment itlustrates a first embodiment of a simplified
process which may be incorporated into an allocation function to allow for decoder spectral
10  distortion.

(101) for i from 0 to 25
(102) if S@i+1) - S() = 12 then

(103) setj=i+1
(104) setk=0
i5 (105) whilek = 0 and j < 26
(106) if SG+1) - S(¢) #= 12 then
(107 . setk=j-i
(108) endif
(109) setj=j+1
20 (110) endwhile
(111 " ifk < 3and k # O then
(112) seta=6
(113) : else
(114) seta = 12
25 (115) endif
(116) forifromi+ 1toj-1
(117) set E() = B() - a
- (118) if E() < 0 then
(119) set E() =0
30 (120) endif
(121) endfor
(122) if S¢) - S(-1) = 6 then
(123) set E(j) = E¢-1)
- (129) endif
35 (125) seti =j
(126) endif

(127) endfor .
Line (101) reiterates the process performed in lines (102) to (127) for subbands zero
to twenty five which cover the spectrum below about 2.4 kHz. If line (102) determines
40 that the critical band density increases by 12 dB from subband i to i+, then lines (103) to

(126) are performed; otherwise, the process continues with line (102) checking the next
subband.
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reduced by the anmpbunt specified by variable a. The subbands in which the
pattern is 25 reduced correspond to the subbands in the interval across
which the critical band density increases by 12 dB. If |line (118)

determ nes that the excitation pattern has been reduced to |l ess than zero
for any subband, then line (119) resets the pattern to zero for that
subband. |f I|ne (122) determines that tt¥increase in critical band

O oo o LR ARE Y Bhi e R e bl f ' *
vari abl e i esubbhndsdn M&h\ﬂﬁ:rctr&hhlﬂjand ddtistty DRtEARS by he dBei Lige emapimtﬁfxzdsl nes
(102) 10, (1270b FRIEANE, P kol SHRT300 ol L BRPAR D50 5800
represents an i ntEiny g0spieitbrates stieqitodesiSindines c196)\oi (¢ 10) tuael dither the RaridbRNIdis
density SS( X) setrt]g ra%ggz%go value, or until the variable j is no longer less than 26. Lines (106) to
(110) establish the number of subbands in the interval across which the critical band
density increases by 12 dB. If line (106) determines that the increase between subband
Jj+1 and subband j is not 12 dB, then line (107) sets variable k equal to the number of
subbands in the interval. This causes line (105) to stop reiterating lines (106) to (110).
10 Line (109) increments the variable j to reference the next subband.
If line (111) determines that the length of the interval is less than three, then
line (112) sets variable a to six; otherwise, line (114) sets the variable @ to tweive. The
variable a represents the amount in dB by which the excitation pattern B(x) will be reduced
to allow for decoder spectral distortion. The pattern is reduced more for longer intervals
15. of subbands in which the critical band density increases by 12 dB because larger amounts
" of spectral smearing occurs for longer intervals, The reason for the additional reduction
may be appreciated by recalling that the spectral distortion may be modeled by convolving
the synthesis filter frequency response with the quantization noise spectrum, and that the
synthesis filter frequency response rolis off at about 12 dB per transform coefficient (or per
20  critical band at lower frequencies) which is substantially the same as the rate of increase in
the critical band density. The convolution will smear the quantization noise spectrum more
widely in frequency for longer intervals.
-Line (116) reiterates the process performed in lines {117) to (121) in which E() is
reduced by the amount specified by variable a. The subbands in which the pattern is
25  reduced correspond to the subbands in the interval across which the critical band'density
increases by 12 dB. If line (118) determines that the excitation pattern has been reduced to
less than zero for any subband, then line (119) resets the pattern to zero for that subband.
If line (£22) determines that the increase in critical band density following the
interval is 6 dB, then the excitation pattern is also adjusted in that following subband.
30 Line (125) sets the variable i equal to the variable . This causes the reiteration of
lines (102) to (127) to continue with the subband following subband j.
Several tables illustrate the results of the process just described. Table IV
represents an interval of two subbands across which the critical band density S{x) increases

by 12 dB. This interval is followed by an increase which is not 6 dB. The row for A(x)
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- 37 - shows the change in critical band density between adjacent subbands.
The row for e(x) shows the anmount of adjustnent which would be applied to
the excitation pattern. Table V represents an interval of three subbands
across which the critical band density increases by 12 dB. The interval of
12 dB increases is followed by an increase 5 which is not 6 dB. Table VI
represents an interval of two subbands ac{ypss which the critical band
density increases by 12 dB. The interval of 12 dB increases is follomed by

an increase Ywslind ehaRstial critical @a&ﬁuenlabﬁe&?wééh Iadjria@dﬂf ﬁﬁsmﬁ e kW R\ O
three subbanq acl oss mhlch he critical band 10 density Increases by 12
dB. The i nt efiPas thg amounypf ?dé‘tsf‘é%{’éé@‘cf‘é‘mi“& tP“oWBH“’o‘? thgexchaion pakervhi ch i s

equal to 6 dB. Serdidvkejiesdhis@ntinterval of three subbands across which the critical band
density increases by 12 dB. The interval of 12 dB increases is followed by an increase
S  which is not 6 dB.

Table VI represents an interval of two subbands across which the gritical band
density increases by {2 dB. The interval of 12 dB increases is followed by an increase
which is equal to 6 dB,

Table VII represents an interval of three subbands across which the critical band

10 density increases by 12 dB. The interval of 12 dB increases is followed by an increase
which is equal to 6 dB.
Second Embodiment

The following program fragment illustrates a second embodiment of a simplified

process which may be incorporated into an allocation function to allow for decoder spectral

15-  distortion. Although the results obtained by this second embodiment are generally not as
goéd as those obtained by the first embodiment, the second embodiment is attraclive in
certain implementations because it is computationally more efficient.

01) a=
(202) fori from 0to 25
20 (203) if SG+1) - S = 12 then
(204) if @ < 18 then
(205) seta=a+ 6 h
(206) endif RE
- @07) set B() = B() - @ FLACEMENT SHeET
25 : 208) else
(209) if S(i+1) - S{) < -6 then -4 | 25 JAN 1997
(210) , ifa > O then
11) seta=a-6
212) endif
30 213) set B() = B() - a
(214) endif -

(215) endif
(216) endfor

Line (201) initializes variable a to zero. Line (202) reiterates the process performed
35  in lines (203) to (216) for subbands zero to twenty five.
If line (203) determines that the change in the critical band density from subband i
to subband i+1 is +12 dB, then lines (204) to (206) increase variable a by 6 dB, up to a

maximum of 18 dB. The variable a represents the amount in dB by which the excitation
pattern E(x) will be reduced to allow for decoder spectral distortion.  This amount



The follow ng programfragnment illustrates a second enbodi mrent of a
sinplifi.ed process which nay be incorporated into an allocation function to
al l ow for decoder spectral 15 distortion. Although the results obtained
by this second enbodi ment are generally not as good as those obtai ned by
the first enbodi ment,. the second enbodinent is attractive in certain

I npl ement ati ons because it is conputationdsl-y nore efficient. [err] If

(203) determines that the change in the critical
i

l'ine
band density from subband
to subband jnereades forilenger irtervdls of subbanis hleuhi(:lQM)criti@l ba@icdensitydneraases by

amount. in-aB by 8Bl e LM b Il s 365G o dnEndERIGREIS S | 01

t o allow
for decoder specmacmsxoduabowfpr the. ﬁrﬁtembc@smntmhwh prowdes more details. Line (207)
reduces E(7) by the amount specified by variable a.

5 If line (203) determines that the change in the critical band density from subband i
to subband i+1 is not +12 dB, then line (209) determines if the change is -6 dB or less.
If it is, lines (210) to (212) decrease variable g by 6 dB, down to a minimum of 0 dB.
Line (213) reduces E(i) by the amount specified by variable a.
Third Embodiment
10 The following program fragment iflustrates a third embodiment of a simplified
process which may be incorporated into an allocation function to allow for decoder spectral
distortion.
(301) a=0
(302) for i from O to 25
15 (303) switch
: (304) case S(i+1) - S(i) =
(305) seta=a+6
(306) case S(i+1) -S@E =6
(307) ) if S(i+2) - S(i+1) = 12 then
20 (308) seta=a-3
(309) else
(310) seta=a-6
311) endif
(312) case S(E+1)-S@ =0:
25 313) seta=a-6
(314) . case S(+1)-S@) = -6:
315) if S(i+2) - S(i+1) = 12 then
(316) seta=a-6 -
30 (318) seta=a-9
319 endif 2
(320) case S(+1) - SQ) = -12; S JAN 1997
(321 seta=a-12
(322) endswitch
35 (323) ifa > 18 then
(324) seta = 18
(325) endif
(326) ifa < 0 then
327 seta=0
40 328) endif

(329) set B()) = B()) - a
(330) endfor



- 38 - increases for longer intervals of subbands #n-which the critical

band density increases by 12 dB because | arger annunifﬁ’LthcsHEgT meari ng
occurs for longer intervals. Refer to the discussi fli r st
enbodi ment whi ch provides nore details. Line (207)
anount specified by variable a. 5 If line
change in the critical band density from ggubband
is not + 12 dB, then line (209) determnes if the
less. If it is, |Linmeq3qIQitalizes vatidixg ad@zﬁreaﬂﬁne\/(aoi

oo 8 5] 4 Lyl P SR PR e,
i |l ustrates oalubiof dariableotiaacendingdéd clangésnip Ithef cratdalmaoct dsslty\bctwhenrm;acm
{ ncor por at ed JuflaQad et dxfififle, e (514 Gbdrbdes urtible 3%y’ €1 HEGRAR baRP Bl
5  does not change between subband i and subband i+1. As another example, if the critical
band density changes by +6 dB from subband i to subband i+ 1, then lines (307) to (311)
cither decrease variable a by 3 if the critical band density changes by +12 dB from
subband i+1 to subband i+2, or decrease variable a by 6 otherwise. Lines (323) to (328)
ensure that variable a is not greater than 18 and is not less than zero. Line (329) reduces
10 excitation pattern E(i) by the amount specified by variable a.

This embodiment “looks ahead" to the next higher-frequency subbands. Other
embodiments may look eve:i further ahead. If computational resources permit, an
embodiment could analyze the change in critical band density across all or substantially all
subbands of interest before adjusting the excitation pattern.

15 Adaptor

' " In split-band coding systems using allocation functions which are based upon

various psycho-perceptual effects, any parameter affecting the underlying psycho-perceptual
model may be modified to adapt the allocation function. In audio coding applications, for
example, such parameters include (1) the filter coefficients of equation 6 or equation 7

20  which model the level of psychoacoustic masking above and/or below a masking tone,
(2) the characteristics of the sensitivity function which provides the SNR offset from the
excitation pattern, (3) the level of inter-channel masking in a multi-channel system, (4) the
bandwidth of the input signal, (5) the minimum number of bits to allocate to subband

~ signals as a function of frequency, (6) the allocation ceiling, possibly as a function of
25  frequency, (7) the number of additional bits to allocate to a spectral component for each

incremental increase in amplitude as a function of spectral amplitude, and (8) the amount
by which o adjust an excitation pattérn when decoder spectral distortions are expected to
be perceptible. Empirical evidence indicates that a higher SNR is required to achieve
masking at higher amplitudes; therefore, an allocation of one additional bit per 6 dB

30  increase in amplitude may be required at high amplitudes but an allocation of only one bit
per 12 db increase may be adequate at lower amplitudes.

Adaptor 120 may utilize either or both of the "parameter” technique and the “value"
technique to adapt the results of the allocation function. The "parameter” technique entails

modifying one or more parameters such as those discussed above, The “value" technique



[err] -39- Line (301) initializes variable a to zero. Line (302(
reiterat.es the process perfornmed in lines (303) to (330) for subbands zero
to twenty five. Lines (303) to (322) adjust the value of variable a
according to changes in the critical band density between adjacent

subbands. For exanple, line (313) decreases variable a by 6 if the critical
band density 5 does not change between.ggbband i and subband [err]. As
anot her exanple, if the critical band density changes by +6 dB from subband
i to subband ¢ndailsgenerdtivp ohe¢ nesole300ificdovaliidd Whickiatdmbergelk withk agealivcation vhlgesa by

3 if the critig 3@&9 | es by + 12 dB from subband [err] to
subband [err], ﬁJ\ed ecr g{algdgé{:/atg%‘?al&%g&a by 6 otherwi se. Lines (323) to (328)
The particular process used to xmplement either technique is not critical to the

practice of the present invention. One approach comprises performing an alternative
allocation function, comparing the results of the alternate function with the *basic values"
obtained from basic allocation function 110, and forming modified values for each alternate
value where the difference between it and the respective basic value is significant. The
complexity of the basic allocation function may be restricted so as to simplify the decoder,
but the alternate allocation function may be as complex as desired. In audio coding
10 applications, for example, the alternate function may use a more sophisticated
psychoacoustic model including consideration for signal characteristics such as the fiatness
of the input signal spectrum, the average or peak amplitude of the input signal, and
whether a masking componeat is tone-like or noise-like.

Another exemplary adapting process avoids performing a complete allocation

15-  function, merely generating adjustments to the basic allocation values in response to the

. detection of various signal characteristics. For example, the basic allocation values may be

increased in response to detecting tone-like masking components, or the basic allocation
values may be decreased in response to detecting that the input signal spectrum is
essentially flat.

20 As discussed above, adaptor 120 may be responsive to the input slgnal the subband
signals obtained from filterbank 102, the X words obtained from converter 112, or any
other information of significance to the particular application. In a coding system for a
long-distance telephone network, for example, adaptor 120 may be responsive to date,
time-of-day and day-of-week information so as to provide an allocation function which

25  reduces bit allocations, thereby trading off lower information requirements with higher
fidelity coding, in anticipation of forecasted increases in traffic through the network.

In a digital video display system, for example, adaptor 120 may provide an
allocation function which is responsive to operator input, thereby allowing the operator to
tradeoff shorter display response times against higher picture resolutions.

30 As these examples show, adaptor 120 may be responsive to any information which
is desired in a particular application. The choice of this information is not critical to the

practice of the present invention.

It should be appreciated that the present invention may be practiced within

numerous embodiments implemented by a wide variety of techniques.
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ensure that variable a is not greater than 18 and is not |ess than zero.
Line (329) reduces 10 excitation pattern [err] by the anmount specified by
vari abl e a. This enbodi nent "l ooks ahead” to the next higher-frequency
subbands. O her enbodi ments may | ook even further ahead. |f conputational
resources permt, an enbodi nent coul d anal yze the change in critical band
density across all or substantially all sdbbands of interest before
adjusting the excitation pattern. 15 '

Adaptor I'n split-band coding systens usi keplef | ocation functions which are
based upon varigus psycho-perceptual effects, any parameter affecting the
under | yi ng psycﬁﬂldgg?-cebf’ﬂﬁ’%dm-be nodi f iBéGPNQ- adaptFreqe dHigEeeyi on
function. In auet di ng B8k} i ¢ for exampl& —suchkin aret efidlz)

i nclude (1) the fijter co L3¢ ent 0.0350 cquation 6 % equadi®BH0 7 20 2-078Ai ch
model the’l evel of 2psycho%@4ftic Rel2f? ng above ardl/ or beRES& masl&-z'gg
tone, (2) the chargcteris}i %D of tRd7®nsitivity f48ncti on2@3Eh pr 3rdldss
the SNR offset fropthe 0 0.2250 29 24135 2.6000
0.2250 0.2750 30 2,6000 2.8000
6 0.2750 0.3250 31 2.8000 3.0250
10 7 0.3250 0.3750 32 3.0250 3.2750
8 0.3750 0.4250 3 3.2750 3.5500
9 0.4250  0.4800 KL 3.5500 3.8500
10 0.4800 0.5400 35 3.8500 4.2000
11 0.5400 0.6025 36 4.2000 4.6000
15 12 0.6025 0.6675 37 4.6000 5.0500
13 0.6675 0.7350 38 5.0500 5.5500
14 0.7350 0.8050 39 5.5500 6.1000
15 0.8050 0.8800 40 6. 1000 6.7000
16 0.8800 0.9600 41 6.7000 1.3750
20 17 0.9600 1.0425 42 7.3750 8.1250
. 18 1.0425 1.1275 43 8.1250 9.0000
19 1.1275 1.2200 44 9.0000 10.0000
20 1.2200 1.3200 : 45 10.0000 11.2500
21 1.3200 1.4275 46 11.2500 12.7500
25 22 14275 1.5425 47 12.7500 14.5625
23 1.5425 1.6625 48 14.5625 16.6875
24 1.6625 1.7875 49 16.6875 18.8750
25 1.7875 1.9250 50 18.8750 21.0620
Table I
30 Critical-Band Mapping
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excitation pattern, (3) the level of inter-channel masking in a

mul ti-channel system (4) the bandwi dth of the input signal, (5) the

m ni nrum nunber of bits to allocate to subband signals as a function of
frequency, (6) the allocation ceiling, possibly as a function of 25
frequency, (7) the nunber of additional bits to allocate to a spectral
conponent for each increnental increase Lgzanplitude as a function of
spectral anplitude, and (8) the anount by which to adjust an excitation
pattern when Biaéodggxspesjal @@ or th,@NS ar eBapeai@d t &@E PeLaRPti Bl
Enpirical evi_dence(dB)di cagms taB) a higsher SNRxi s _r@éBui r gdB} 0 a@B) eve (dB)
maski ng at hi gher 0200p! i15uBDOs; -400000ef 600 an aliéocar.oon ef.7Gne -zaoid | eado
bit per 6 dB 3Q 0i000r eas400i N-350000i t +2J@00MBY be2F eduOl0ed -@578hi g22.88%p| | 6.00kS
but an al bocat Bon0dDOoONI65SONe-28.500pert. 850 db | N28 edB@00NBY6.4% adZezd e QD00

| ower anplitudds. 0A98pt ¢70020-22:600ut +H1.700e ei t h2d @.0000t H6.333 t 24.6¢%r adBO&r "
t echni que and t5he 0°0081 ues.700ecH21i.33e tlh7Wdapt tIk rGOM t s6.2f1 t K25.556 ocODDN
function. The '6pal09dt er6.700eck20.6fife en?3d | s no3l f y0.0) or&O8F ~n26.444  0.000
paranet ers sucll a$.0000se.80sc2BU0 abb¥¥ The 32/al @600 t eEB6T qua7.333  0.000

10 8 0.000 -6700 -19.333 -1.767 33 0.000 -5.844 -28.222 0.000
9 0000 -6700 -18.667 -1.783 34 0.000 -5.722 -29.111  0.000

10 0.000 -6.700 -18.000 -1.800 35 0.000 -5.600 -30.000 0.000

11 0.000 -6.700 -18.000 -1.771 36 0.000 -5.554 -31.923 0.000

12 0.000 -6.700 -18.000 -1.743 37 0.000 -5.508 -33.846 0.000

15 13 0.000 -6.700 -18.000 -1.714 38 0.000 -5.462 -35.769 0.000
14 0.000 -6.700 -18.000 -1.686 39 0.000 -5.415 -37.692 0.000

15 0.000 -6.700 -18.000 -1.657 40 0,000 -5.369 -39.615 0.000

16 0.000 -6.700 -18.000 -1.629 41 0.000 -5.323 -41.538 0.000

17 0.000 -6.700 -18.000 -1.600 42 0.000 -5.277 -43.461 0.000

20 18 0000 -6.700 -18.444 -1.467 43 0.000 -5.231 -45.384 0.000
19 0.000 -6.700 -18.889 -1.333 44 0000 -5.185 -47.307 0.000

20 0.000 -6.700 -19.333 -1.200 45 0.000 -5.139 -49.230 0.000

2t 0.000 -6.700 -19.778 -1.067 46 0.000 -5.092 -51.153 0.000

22 0,000 -6.700 -20.222 -0.933 T 47 0.000 -5.046 -53.076 0.000

25 23 0.000 -6.700 -20.667 -0.800 48 0.000 -5.000 -54.999 0.000
24 0.000 -6.700 -21.111 -0.667 49 0.000 -5.000 -55.000 0.000

25 0000 -6700 -21.556 -0.533 50 0000 -5.000 -55.000 0.000

Table II
Filter Coefficients.
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- 40 - entails generating one or nore nodified values which are nmerged with
the allocation val ues obtained fromthe allocation function. The particular
process used to inplenment either technique is not critical to the practice
of the present invention. One approach conprises perfornmng an alternative
5 al l ocation function, conparing the results of the alternate function

wi th the "basic val ues" obtained from basi43 -allocation function 110, and
form ng nodified values for each alternate val ue where the difference
between it and the respective basReguired SNRi s Quemtizingcant. The conpl exity of
the basic allocation function may hef{dBstrictedevdsas to sinplify the

decoder, but the alternate allocati or@-fQincti on mayObe as conpl ex as
desi red. Isn audi o codi ng l

11.62 S
15.09 7
21.49 15
2775 31
34.01 64
10 39.99 128
46.16 256
52.12 512
58.19 1,024
64.14 2,048
15 : _ 70.11 4,096
76.23 8,192
82.21 16,384
88.11 32,768
94.32 65,536
20 Table IIT
: Allocation Lookup Table
Subbands x
S@x) O 6 0 6 18 30 30 36
A@) - 6 -6 6 12 12 0 6
25 ex) O 0 0 0 -6 -6 0 0
Table IV
Threshold Adjustment
Subbands x
S&x) 0O 6 0 6 18 30 42 36
30 Alx) - 6 -6 6 12 12 12 -6
ex) O 0 0 0 -12 12 -12 0
Table V
Threshold Adjustment
Subbands x
35 S¢x) O 6 0 6 18 30 36 36
A - 6 -6 6 12 12 6 0
ex) O 0 0 0 -6 -6 -6 0

Table VI
Threshold Adjustment
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10 applications, for exanple, the alternate function may use a nore
sophi sti cat ed psychoacoustic nodel including consideration for signal
characteristics such as the flatness of the input signal spectrum the
average or peak anplitude of the input signal, and whether a masking
conponent is tone-like or noise-like. Another exenplary adapting process
avoi ds performng a conplete allocation 13 4, function, nmerely generating
adj ustments to the basic allocation values i'n response to the detection of
various signal characteristics. For exanglu basi c all ocation val ues
may be increased in respapse to gletegf i nggt onggl T Key Mgk Ngggonponents, or
the basic allocation vahygs-my pe degreaged ifh regponsg totpetectlng t hat
the input signal spectre@ i ® essgnti@ ly §lat.1220 ;3 .19 A§,di scussed
above, adaptor 120 may be responsive to the input signal, the subband
signal s obtsained fromfilterbank 102, theapfe gy ds obtai ned from converter

112, or any other information of si g%;egmmgajugtg,e;,he parti cuI ar
appllcatlon In a coding systemfor a
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| ong-di stance tel ephone network, for exanple, adaptor 120 may be responsive
to date,. tine-of-day and day-of-week information so as to provide an

al l ocation function which 25 reduces bit allocations, thereby trading off
| ower information requirements with higher fidelity coding, in antjcipation
of forecasted increases in traffic through the network. In a digital video

di spl ay system for exanple, adaptor 120 -rasy provide an H Umltrlumon
which is responsive to operator input, thereby allow ng c Sro)

tradeoff shorter display response tines CIgdM&t hi gher picture resolutions.
30 As these exanpl es show, adaptor 120 may be responsive to any

informati on which j s desired i articular appljcation. The chogi ce .of
this information il Mofceding WE@P‘?{ COprupting An, %‘M Tenteseniptinn qf an ipppt fighab

I't shoul d be fupdecadingtbych déaading Methpd, saidrincodmpernéth@hcomiyrisiag practi ced within
gﬁgﬁ%&&;ﬁ}b gﬂégntzs 5' %%g%&%agy signa\‘gl igyeap\{)?ytu{geg Xlur%iityt &%g}ﬁg%&a input
signal; -
producing, in response to said subband signals, encoded information having
lower informational requirements than said subband signals, wherein said lower
information requirements are achieved according to psycho-perceptual principles and
10 by allowing for spectral distortions introduced by said decoding method; and
assembling said encoded information into said encoded representation.

2. An encoding method according to claim 1 wherein said plurality of filters is
implemented by one or more digital filters.
15
' 3. An encoding method according to claim 1 wherein said plurality of filters is
implemented by one or more digital transforms.

4. An encoding method according to any one of claims 1 through 3 wherein said
20  subband signals are represented by a first number of bits, and wherein said producing
produces said encoded information by quantizing said subband signals using a second

_ number of adaptively allocated bits, wherein said second number of bits is less than said
first number- of bits.

25 5. An encoding method according to any one of claims 1 through 4 wherein said
allowing for spectral distortions comprises
éstablishing atlocation values in accordance with a psycho-perceptual model;
establishing a aoise spectrum in accordance with said allocation values;
estimating perceptual effects of decoding spectral distortion by generating a
30 - decoding distortion spectrum in response to said noise spectrum; and
adapting said psycho-perceptual model and/or said allocation values in
response {o said estimated perceptual effects of said decoding spectral distortion.

I

1
H
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[

6. An encoding method according to claim 5 wherein said decoding method

- 46 -

comprises applying a plurality of synthesis filters, and wherein said estimating perceptual
effects comprises
generating said decoding distortion spectrum by convolving said noise
spectrum with a respective frequency response of a respective one of said plurality
of synthesis filters; and h
estimating said perceptual effects by establishing which if any portions of
said decoding distortion spectrum exceeds a masking threshold.

10 7. An encoding method according to claim 6 wherein said adapting said psycho-

perceptual model and/or said allocation values comprises
selecting noise spectrum components which are large contributors to portions
of said decoding distortion spectrum exceeding said masking threshold, and

increasing information requirements of encoded information corresponding to
15 said selected noise spectrtum components.

8. An encoding method according to claim 7 wherein said selecting noise spectrum
componerits comprises
weighting said noise spectrum with a frequency-reversed representation of
said respective frequency response centered about each subband in which said
decoding distortion spectrum exceeds said masking threshold;

20

generating a weighted noise spectrum by summing the results of said
‘weig'hting for each noise spectrum component; and

selecting noise spectrum componeats corresponding to large weighted noise
25 spectrum components.

9. An encoding method according to claim 6 wherein said psycho-perceptual model
comprises said masking threshold, wherein said adapting adapts said psycho-perceptual
model to achieve a reduction in said threshold, thereby increasing information requirements

of said encoded information corresponding to portions of said decoding distortion spectrum,
if any, exceeding said masking threshold.

30

10. An encoding method according to any one of claims 1 through 9 wherein said
decoding method comprises applying a plurality of synthesis filters having respective
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- 43 - [err] -44- [err] CLAIM5S 1. An encodi ng net hod—f-er—constructing

o e Fpresenaston o an s =00 g

- 47~

frequency responses with a roll off, and wherein said allowing for said spectral distortions
comprises '
estimating a spectral envelope of said input signal,
comparing said spectral envelope with said respective frequency responses;
identifying portions of said spectral envelope which change at a rate
substantially equal to or greater {han the roll off of said respective frequency
responses;
adapting a psycho-perceptual mode], whereby higher information
requirements are imposed upon selected encoded information corresponding to said
10 portions of spectral envelope; and

establishing informalion requirements of said selected encoded information
according to said psycho-perceptual model.

11. An apparatus for constructing an encoded representation of an input signal for
15-  decoding by a decoder, said apparatus comprising

means for generating subband signals by applying a plurality of filters to said
input signal;
means for i)roducing, in response to said subband signals, encoded

information having lower informational requirements than said subband signals, said
20 means for producing encoded information comprising

means for achieving said lower information requirements according to
. psycho-perceptual principles; and
means for allowing for spectral distortions introduced by said

decoder; and
25 means for assembling said encoded information into said encoded
representation.
12. An apparatus according to claim 11 wherein said plurality of filters is
implemented by one or more digital filters.
30 |

13. An apparatus according to claim 11 wherein said plurality of filters is
implemented by one or more digital transforms.
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for decoding by a decoding nethod, said encoding nmethod conprising 5
generati,ng subband signals by applylng a plurality of filters to said input

signal ; producing, in response to said subband S|gnals encoded i nformation
having | ower informational requirements than said samﬂmlﬂ’“eﬂlmnmer ein
said lower information requirenents are achieved ac

psycho- perceptual principles and 10 by al | owi'hg “ ot s ecf ral

di stortions introduced by said decodi ng me“t hod; and assenbling said encoded

information into sgi dnSippaaas aécﬁﬁ’ﬁl fkhe%\' ciﬁms /i"i‘ tlﬁﬂﬁgﬁdlmhé?ﬁﬁ kad means
according to claim1l wherein said ura lters 1s inplenented %
I

one or nore dfqjigeagrating|reprpsents pajd 3ubbAwi aa@éfdwwga r"r"ét‘ wa@b%rdzfdmmg vihgredn sa
wherei n sai d pledisabi prod@ing prodRES saiPerobRRl QBRI BY UARIzAE sl 'sRobrlhd bifdills

t ransf or ns.
using a second number of adaptively allocated bits, wherein said second number of bits is
5  less than said first number of bits, _
15. An apparatus according to any one of claims 11 through 14 wherein said means
for allowing for spectral distortions comprises
ineans for establishing allocation values in accordance with a psycho-
10 perceptual model;
means for establishing a noise spectrum in accordance wﬂh said allocation
values;
. means for estimating perceptual effects of decoding spectral distortion by
generating a decoding distortion spectrum in response to said noise spectrum; and
15. means for adapting said psycho-perceptual model and/or said allocation

values in response to said estimated perceptual effects of said decoding spectral
distortion. '

16. An apparatus according to claim 15 wherein said decoder comprises means for

20  applying a plurality of synthesis filters, and wherein said means for estimating perceptual
effects comprises
~ means for generating said decoding distortion spectrum by convolving said

.noise spectrum with a're'spective frequency response of a respective one of said

plurality of synthesis filters; and
25 means for estimating said perceptual effects by establishing which if any

portions of said decoding distortion spectrum exceeds a masking threshold.

* 17. An apparatus according to claim 16 wherein said means for adapting comprises
means for selecting noise spectrum components which are large contributors
30 to portions of said decoding distortion spectrum exceeding said masking threshold;
and
means for increasing information requirements of encoded information

corresponding to said selected noise spectrum components.

.
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4. An encodi ng nethod according to any one of clainms 1 through 3 wherein
said 20, subband signals are represented by a first nunber of bits, and

wherein said produci ng produces said encoded informa ““l ML% sai d
subband signals using a second number of adaptively lemml“am& \ erein
“said second nunber of bits is less than said first nurbef of Blts.

5. An encodi ng net hod according to any onegof clains 1 through 4 V\/nerel n
said allowng for spectral distortions conprises establishing allocation

val ues i n accor danise Ani dpparatup secottfingDerctaiptidalhersidglid meas b sefebtinpgnaisenoi se
spectrumin accordance with said allocation values; estinmating perceptual

effects of de cg'BB%'FPtglco'BP%%rtlon by generating a 30 decodi ng
distortion spectrumin measg)ﬁnnaetghﬂngsmdjnmm spectsipewith o ftequoncy-sestensed ng sai d

2226 5P PSR b Bl B gl 30 M bl
whlch sald decoding distortion spectrum exceeds said masking threshold;
means for generating a weighted noise spectrum by summing the results of
said weighting for each noise spectrum component; and
means for selecting noise spectrum components corresponding to large
weighted noise spectrum combonents.
10
19. An apparatus according to claim 16 wherein said psycho-perceptual model
comprises said masking threshold, wherein said means for adapting adapts said psycho-
perceptual model to achieve a reduction in said threshold, thereby increasing information
requirements of said encoded information corresponding to portions of said decoding

15  distortion spectrum, if any, exceeding said masking threshold.

20. An apparatus according to any one of claims 11 through 19 wherein said
decoder comprises means for applying a plurality of synthesis filters having respective
frequency responses with a roll off, and wherein said means for allowing for said spectral

20  distortions comprises
means for estimating a spectral envelope of said input signal;
means for comparing said spectral envelope with said respective frequency
_ Tesponses;
means for identifying portions of said spectral envelope which change at a
25 rate substantially equal to or greater than the roll off of said respective frequency
responses;
means for adapting a psycho-perceptual model, whereby higher information
requirements are imposed upon selected encoded information corresponding to said
portions of spectral envelope; and
30 means for establishing information requirements of said selected encoded
information according to said psycho-perceptual model.

1"
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- 46 - 6. An encoding nethod according to claim5 wherein said decodi ng
met hod conprises applying a plurality of synthesis filters, and wherein
said estimating perceptual effects conprises generating sai d decodi ng
di stortion spectrum by convol ving sai d Jgg-se 5 spectrumwith a
respective frequency response of a respective one of said plurality of

synthesis filters; and estimat r fects by establishing
which if any portions of said Mgm%ectrum exceeds a
maski ng threshold. 10 7. An encodi ng nmethod according to claim®6
wherein said awl‘m y GFFICIENT ADAPTIVE BIT ALLOCATION FOR
ENCODING MET OD AND APPARATUS WITH ALLOWANCE FOR~
DECODER SPECTRAL DISTORTIONS .

The invention rél-;ates in general to low bit-rate encoding and decoding of
information such as audio information. More particularly, the invention relates to
computationally efficient adaptive bit allocation and quantizaﬁ'ou of encoded information
useful in high-quality low bit-rate ooding systems. In audio applications, a digital split-
band encoder splits an input signal into frequency subband signals having bandwidths
commensurate with the critical bandwidths of the human auditory system, quantizes the
subband signals according to values established by an allocation function, and assembles
the quantized subband signals into an encoded signal. The allocation function establishes
allocation values in accordance with psychoacoustic principles with allowance for decoding
synthesis filter bank spectral distortions. In one embodiment, an allocation function
establishes allocation values using a psychoacoustic masking threshold generated by
estimating the power spectral density (PSD) of the input signal, generating an excitation
pattern by applying a basilar-membrane spreading function to the PSD, adjusting the
excitation pattern by an amount equal to a sensitivity function which specifies a signal-to-
noise ratio (SNR) sufﬁciept to achieve psychoacoustic masking, comparing the level of the
adjusted pattern to the threshold of hearing and generating the psychoacoustic masking
threshold which is equal to the larger of the two. An allocation function may allow for

decoder synthesis filter bank spectrat distortions in any of a number of ways such as by
adapting the sensitivity function.

This Sheet Has Been Re'ilaced

Ll

Ml

il

R




perceptual nodel and/or said allocation val ues conprises sel ecting noise
spect rum conponents which are large contributors to portions of said
decodi ng distortion spectrum exceedi ng said nasking threshold, and

i ncreasing information requirements of enpgaded information corresponding to
15 sai d sel ected noiie spectrum cofponents. 8. An encodi ng net hod
according to claim7 wherej 44 d sel ecti ng noise §bbbtrun1conponents
conpri ses wei ghting sagrea—trfotse
representation of 20

aijd respective freqyency response centered

about each subband——{wh i.d-decodi-ng dgstortilgn spectrum exceeds sai d
maski ng threshol 4; ger se spectrum by sdmm ng the
results of said Jei ghtl ctrum conponent; fand sel ecting
noi se spectrum cqnponents corresponding to | arge wei ghted noilse
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25 spectrum conmponents. 9. An encodi ng net hod according to claim®6
wherein said psycho-perceptual nodel conprises said masking threshold,
wherein said adapting adapts said psycho-perceptual nodel to achieve a
reduction in said threshold, thereby i?ErE@sing i nformation requirenents 30
of said encoded information correspondifngto portions of said decoding
distortion spectrum if any, exceeding said masking threshold. 10. An
encodi ng nmet hod according to any one of clainms 1 through 9 wherein said
decodi ng nmet hod conprises applying a plurality of synthesis filters having
‘respective - 47 - frequency responses with a roll off, and wherein said
allowing for said spectral distortions
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conprises estimating a spectral envel ope of said input signal; conparing
sai d spectral envelope with said respective frequency responses; 5
identifying portions of said spectral envel ope which change at a rate
substantially equal to or greater than the roll off of said respective
frequency responses; adapting a psycho-p&/déptual nodel, whereby higher
information requirenents are inposed upon sel ected encoded infornmation
corresponding to said 10 portions of spectral envel ope; and
establishing informati on requirenents of said selected encoded information
according to said psycho-perceptual nodel. 11. An apparatus for
constructing an encoded representation of an input signal for 15 decodi ng
by a decoder, said apparatus conpri sing
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)
means for generating subband signals by applying a plurality of filters to
said i nput signal; nmeans for producing, in response to said subband
signals, encoded information having | ower infornmational requirenents than
sai d subband signals, said 20 means for produci ng encoded
i nformation conprising neans for achievﬂdd5éaid | ower information
requi rements according to psycho-perceptual principles; and neans for
allowing for spectral distortions introduced by said decoder; and 25
means for assenbling said encoded information into said encoded
fepresentation. 12. An apparatus according to claim1l wherein said
plurality of filters is inplenented by one or nore digital filters.
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30 13. An apparatus according to claim 11l wherein said plurality of filters
is imlemented by one or nore digital transforns. - 48 - 14. An
apparatus according to any one of clains 11 through 13 wherein said nmeans
for generating represents said subb ignals with a first nunmber of bits,
and wherein said neans for producingygﬁgduces sai d encoded i nformati on by
quanti zi ng said subband signals using a second nunber of adaptively

all ocated bits, wherein said second nunber of bits is 5 | ess than said
first nunber of bits. 15. An apparatus according to any one of clainms 11

t hrough 14 wherein said neans . gg\\\_jf
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for allowing for spectral distortions conprises neans for establishing

al | ocat.i on values in accordance with a psycho- 10 perceptual nodel;
means for establishing a noise spectrumin accordance with said allocation
val ues; . neans for estimting perceptu?l f fects of decodi ng spectral
distortion by generating a decoding dis d¢ on spectrumin response to said
noi se spectrum and 15. means for adapting said

psycho- perceptual nodel and/or said allocation values in response to said
estimated perceptual effects of said de€pdi ng spectral distortion. 16. An
apparatus according to claim 15 whereinfsai d decoder conprises neans for 20
applying a plurality of synthesisgfilter|s, and wherein said neans for
esti-mati ng perceptual effects conpri
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means for generating said decoding distortion spectrum by convol ving said
noi se spectrumwi th a respective frequency response of a respective one of
said plurality of synthesis filters; and 25 means for
esti'mati ng said perceptual effects by eaéﬁg$ishing which if any portions of
sai d decodi ng distortion spectrum excee maski ng threshold. 17. An
apparatus according to claim 16 wherein said neans for adapting conprises
means for selecting noise spectrum conponents which are |arge contributors
30 to portions of said decoding distortion spectrum exceedi ng said
maski ng threshol d; and neans for increasing information requirenments of
encoded i nformation corresponding to said sel ected noi se spectrum

conponent s.
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- 49 - 18. An apparatus according to claim 17 wherein said nmeans for

sel ecting noi se spectrum conponents conpri ses neans for weighting said

noi se spectrumwith a frequency-reversed representation of said respective
freguency response centered about each subband in 5 whi ch said
decodi ng distortion spectrum exceeds sai8d/ bski ng threshol d; means for
generating a wei ghted noi se spectrum by summ ng the results of said

wei ghting for each noi se spectrum conponent; and neans for sel ecting noise
spectrum conmponents corresponding to |arge wei ghted noi se spectrum
conponents. 10 19. An apparatus according to claim 16 wherein said

psycho- per cept ual nodel 400
ﬂ / 402
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conprises said masking threshold, wherein said neans for adapting adapts
sai d psycho- perceptual nodel to achieve a reduction in said threshold,

t hereby increasing information requirenments of said encoded infornmation
corresponding to portions of said decodi€9].5 di stortion spectrum if
any, exceeding said masking threshold. 20! ‘An apparatus according to any
one of clains 11 through 19 wherein said decoder conprises neans for
applying a plurality of synthesis filters having respective frequency
responses with a roll off, and wherein said neans for allowi ng for said
spectral 20 distortions conprises neans for estimating a spectral

envel ope of said input signal; neans for conparing said spectral envel ope
with said respective frequency responses;FﬁbaRs for identifying portions of
sai d spectral envel ope which change at a 25 rate substantially
equal to or greater than the roll off of saidjrespective frequency
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responses; neans for adapting a psycho-perceptual nodel, whereby higher

i nformati-on requi renents are inposed upon sel ected encoded infornmation
corresponding to said portions of spectral envel ope; and 30

means for establishing information requi pgets of said selected encoded
i nformation according to said psycho-perceptial nodel.
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ABSTRACT OF DISCLOSURE

COMPUTATIONALLY EFFICIENT ADAPTIVE BIT ALLOCATION FOR
ENCODING METHOD AND APPARATUS WITH ALLOWANCE FOR
DECODER SPECTRAL DISTORTIONS

The invention relates in generat to fow bit-rate encoding and decoding of
information such as audio information. More particularly, the invention relales to
computationally efficient adaptive bit altocation and quantimﬁon of encoded information
useful in high-quality low bit-rate coding systems. In audio applications, a digital split-
band encoder splits an input signal into frequency subband signals having bandwidths
commensurate with the critical bandwidths of the human auditory system, quantizes the
subband signals according to values established by an atlocation function, and assembles
the quantized subband signals into an encoded signal. The allocation function establishes
allocation values in accordance with psychoacoustic principles with allowance for decoding
synthesis filter bank spectral distortions. In one embodiment, an allocation function
establishes allocation values using a psychoacoustic masking threshold generated by
estimating the power spectral density (PSD) of the input signal, generating an excitation
pattern by applying a basilar-membrane spreading function to the PSD, adjusting the
excitation pattern by an amount equal to a sensitivity function which specifies a signal-to-
noise ratio (SNR) sufﬁciept to achieve psychoacoustic masking, comparing the level of the
adjusted pattern to the threshold of hearing and generating the psychoacoustic masking
threshold which is equal to the larger of the two. An allocation function may allow for

decoder synthesis filter bank spectrat distortions in any of a number of ways such as by
adapting the sensitivity function.
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