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COMPUTATIONALLY EFFICIENT ADAPTIVE BIT ALLOCATION
FOR CODING METHOD AND APPARATUS

: Technical Field
The invention relates in general to perceptual models and to perceptﬁal-based low
bit-rate encoding and decoding of information such as audio information. More
particularly, the invention relates to computationally efficient sophisticated perceptual
models which can provide the basis for adaptive bit allocation and quantization of encoded

information useful in high-quality low bit-rate coding systems. -
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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 sign1aI quality. By reducing information requirements, signals impose
lower information capacity requirements upon commumcatlon channels and storage media.

Analog signals whlch have been subject to audio 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. Much of 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
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 aﬁplications, 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 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

properties resembling those of highly asymmetrical tuned filters having variable center
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audibility of othér signals anywhere within that critical band than it is likely to mask other
10  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
frequency bands with bandwidths approximating the critical bands of the human auditory
15  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 the information requirenii:nts of the signal passed by each filter band
such that signal degradati(m is just inaudible, and reconstructing a replica of the original
signal with an inverse process. Two such techniques are subband coding and transform
20  coding. Subband and transform coders can reducé 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. |
Subband coders may use any of various techniqués to implement a filter bank with
25  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
to render the quantizing noise inaudible. Each subband signal comprises samples which
30  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

“subbands” having effective bandwidths which are sums of individual transform coefficient
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cent®r 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. |
As discussed above, many digital split-band coders utilizing psychoacoustic

10 principles provide high-quality coding at low bit rates by applying a filter bank to an input-
signal to generate subband information, quantizing each element of subband information
using a number of bits allocated to that element such that resulting quantizing noise is
inaudible due to psychoacoustic masking effects, and assembling the quantized information
into a form suitable for transmission or storage.

15 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 obtain subband infom;;ation, and applying an inverse filter bank to
fhe subband information Eo generate the replica of the original input signal.

The number of bits allocated to quantize each element of subband information must

20  be available to the decoder to permit accurate dequantization of the subband information.
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

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

Generally speaking, complex allocation functions based upon sophisticated psycho-
perceptual models are able to establish allocation values which achieve equivalent

30 subjective coding quality at lower bit rates than the allocation values established by less
'complex allocation functions based upon simpler models. It is desirable, therefore, to use
allocation functions based upon models which are as sophisticated as can be implemented

practically.
| This Sheet Has Been Replaced
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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
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
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defines the threshold of masking. An objective measure of coding performance is a ratio
obtained by dividing the loudness of the noise signal by the loudness of the input signal.
The mathematical model is straightforward and"-provides reasonably good results for
spectral energy below ab(;ut 5 kHz, but it is computationally intensive.

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
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 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 infonnatioﬁ from the encoded signal, establishes allocation
values by applying to the envelope estimate the same allocation function as that used by the
encoder, dequantizes the quantized infortﬁatibn, and reverses the scaling of the signal
information. Scaling is used to increase the dynamic range of information which can be
represented by the limited number of bits available for quantizing. Two examples of a
backward-adaptive encoder/decoder system are disclosed in U.S. patents 4,790,016 and
5,109,417, which are incorporated herein by reference 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

This Sheet Has Been Refilaced
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10  backward-adaptive coding systems cannot utilize allocation functions based upon
computationally intensive models such as that described by Schroeder, et al.
Forward-adaptive techniques are attractive in many high-quality coding systems
because 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
15. 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 decoders. The allocation
function used in an encod;:r can be the result of an independent design choice.
The ability to improve the allocation function in an encoder is significant. As
20  advances are made in the arts of signal coding and signal processing, increasingly
sophisticated allocation functions become economically practical. By increasing the
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 this advantage, however, forward-adaptive coding systems may be
25  unsuitable in many low bit-rate applications because they require a significant number of
bits to 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, bands. Furthermore, the number of
bits required to carry this side information will represent a larger proportion of the coded
30  signal as improved coding techniques decrease the number of bits required to carry the
remainder of the coded signal.
There is, therefore, a desire to develop computationally efficient sophisticated
perceptual models which can provide a basis for efficient allocation functions suitable for

low-cost implementation of coding systems. It is also desirable to allow for improvements
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refer to Efficient sophisticated perceptual models may also be used in other applications
such as, for example, objectively measuriﬁg the performance of split-band coding systems

5 such as those discussed aboye.

Disclosure of Invention

It is an object of the present invention to provide for a computationally efficient
sophisticated perceptual model. |

It is an object of the present invention to provide for an efficient, high-performance

10 allocation function suitable for use in low bit-rate high-quality encoding/decoding systems
and methods.

According to the teachings of the present invention in a first embodiment of an
audio encoder, an input signal is split into a plurality of subbands to generate subband
information, the subband information is quantized according to allocation values established

15 by an allocation function, and the quantized subband information is assembled into an
encoded signal suitable for transmission or storéée. The allocation function establishes
allocation values in accor;iaﬁce with psychoacoustic principles based upon a masking
threshold. The masking threshold is established by estimating the power spectral density
(PSD) of the input signal, generating an excitation pattern by applying a spreading function

20  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.

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

25  is also assembled into the encoded signal. F.o.r example, the PSD can be estimated from
scaling factors derived from a spectral énvelope. 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 |
the input signal even though the high-resolution envelope is not included in the encoded

30  signal.

In a particular implementation, subband information is quantized by using a
(juantizer selected from a set of quantizers. The quantizers in the set may differ from one

another in the number of quantizing levels, use of a symmetric or asymmetric quantization
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In yet another implementation, an excitation pattern is generated by applying one or
more filters to subband information in the frequency domain. These filters may be
implemented, for example, by recursive or Infinite Impulse Response (ITR) techniques, by
non-recursive or Finite Impulse Response (FIR) techniques, or by lattice filter techniques.

15 The use of either technique is not critical to the practice of the present invention,

According to the teachings of the present invention in a second embodiment of an
encoder, one or more parameters affecting the ;ésults of the allocation function are
modified in response to ci1aracteristics detected in either the input signal and/or the
subband information. For exémple, the SNR offset mentioned above can be modified to

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

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

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

According to the teachings of the present invention in a first embodiment of an

30  audio decoder, quantized subband information is extracted from an encoded signal, the
quantized subband information is dequantized according to allocation values established by
an allocation function, and an output signal is generated in response to the dequantized
subband information. The allocation function establishes allocation values in accordance

with psychoacoustic principles based upon a masking threshold. The masking threshold is
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In backward-adaptive coding systems, the PSD may be estimated from measures of
subband information amplitude and/or power which are extracted from the encoded signal.
In forwzird—adaptive coding systems, however, decoders generally do not use any allocation

10 | function because explicit allocation values are passed in the encoded signal.

Features of the implementations discussed above for the first embodiment of an
audio encoder may also be incorporated in this first embodiment of a decoder.

According to the teachings of the present invention in a second embodiment of a
.decoder, one or more parameters affecting the results of the allocation function are

15  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
invention are possible, in;:luding, but not limited to, an embodiment which incorporates a
combination of the two embodiments described above. Furthermore, various combinations

20  of the particular implementations described above are possible.

In a coding system using hybrid-adaptive allocaiion, side information may convey
only modified allocation values and/or modified parameters. An allocation function known
to both the encoder and the decoder provides basic allocation values to the decoder. Side
information provides adjustments to thé basic allocation values as necessary to obtain the

25  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
number of bits required for side inforhation to maintain compatibility between encoder and
decoder is reduced.

The present invention may be used in split-band coders implementing filter banks by

30  any of several techniques. It should be understood that although the use of subbands with
bandwidths commensurate with human auditory system critical bandwidths allows greater
exploitation of psychoacoustic effects, 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.
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Brief Description of Drawings

Figure 1 is a block diagram illustrating one embodiment of an encoder in an
encoder/decoder system incorporating forward-adaptive allocation.
Figure 2 is a block diagram illustrating one embodiment of a decoder in an
10  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.
Figure 4 is a block diagram illustrating one embodiment of an encoder in an
encoder/decoder system incorporating backward-adaptive allocation.
15 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 blocic diagram illustrating one embodiment of an encoder in an
encoder/decoder system incorporating hybrid-adaptive allocation.
Figure 7 is a block diagram illustrating one embodiment of a decoder in an
20  encoder/decoder system incorporating hybrid-adaptive allocation.
Figure 8 is a block diagram illustrating an embodiment of a process by which an
excitation pattern may be obtained efficiently.
Figures 9a-9¢ are hypothetical graphical illustrations of impulse responses of single-
pole filters which may be incorpbrated into the structure shown in Figure 8. |
25 Figure 9d 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 9a-9c¢.
Figure 10a is a hypothetical graphical illustration of an impulse response for a filter
with one pole and one or more zeroes. |
30 | Figure 10b 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 10a.
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N

a transmission channel or storage device as desired.
Figure 2 illustrates the basic structure of one embodiment of a split-band decoder
used in an encoder/decoder system incorporating forward-adaptive allocation. Deformatter
15 202 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.
| Dequantizer 204 generates subband information by dequantizing the quantized information
received from deformatter 202 using a dequantization function adapted in response to the
allocaﬁon values. Inverse filterbank 206 generates along path 208 an output signal in
20  response to the dequantized subband information received from dequantizer 204. -
Alternate embodiments of the encoder and decoder are possible. For example, as
shown in Figure 3, a forward-adaptive encoder may establish allocation values in response
to the subband information generated by filterbank 102. In yet another embodiment not
shown in any figure, allocation values may be established in response to both the input
25  signal and the subband information.
As discussed above, because allocation values are explicitly passed in the encoded
 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.
30 _ Backward-Adaptive Allocation
Figure 4 illustrates the basic structure of one embodiment of a split-band encoder
used in an encoder/decoder system incorporating backward-adaptive allocation. Filterbank
102 generates subband information in response to an input signal received from path 100.

Converter 112 generates a representation of the subband information comprising X words
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and to formatter 106. Allocation function 110 establishes allo¢ation values in response to

the X words and passes the allocation values to quantizer 104. Quantizer 104 generates
quantized information by quantizing the Y words received from path 115 using a
5  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 transmission or storage. The encoded signal is passed along path 108 to
a transmission channel or storage device as desired.
_ Figure 35 illustrates the basic structure of one embodiment of a split-band decoder
10 used in an encoder/decoder system incorporating backward-adaptive allocation.
Deformatter 202 extracts quantized inf‘ormation 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 Y words by
15  dequantizing the quantized information received from deformatter 202 using a
dequantization function adapted in response to the allocation values. Inverse converter 212
generates subband informgtion in response to the X words and the Y words, and inverse
filterbank 206 generates along path 208 an output signal in response to the subband
information received from inverse converter 212,
20 Backward-adaptive coding systems may avoid the overhead required to convey side
~ information in the encoded signal because the allocatioﬁ 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 previously performed in a backward-adaptive encoder. It should be
25  understood that accurate decoding of the encoded signal does not require that the encoder
~ 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
30  used in an encoder/decoder system incorporating hybrid-adaptive allocation. The functions
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
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si gnof i cedlies. AThe modified values provided by adaptor 120 are passed along path 121 to
formatter 106 and merge 118. Merge 118 merges the modified values with the allocation
values received from allocation function 110 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

15  storage.

The embodiment illustrated in Figure 6 shows adaptor 120 being responsive to the
input signal received from path 100, the subbar;d information 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

20  combination of the three paths, and/or responsive to other information.

| 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 shown in Figure 5, discussed above,
correspond to the functions of respective elements in the structure shown in Figure 7. In

25  addition, one or more of the allocation values are modified using either one or both of two
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

30 signal one or more modified parameters which affect the results of allocation function 210,
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
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i npr oventifited to, Quadrature Mirror Filters, polyphase filters and various Fourier transforms. A

preferred embodiment uses the Time Domain Aliasing Cancellation (TDAC) transform

10 disclosed in Princen, Johnson and Bradley, "Subband/Transform Coding Using Filter Bank
Designs Based on Time Domain Aliasing Cancellation,” Proceedings Int, Conf, Acoust, ,
Speech, and Signal Proc., May 1987, pp. 2161-2164. An example of a transform
encoder/decoder system implementing a filter bank with the TDAC transform is described
in U.S. patent 5,109,41'7, referred to above.

15 No particular implementation is critical to the practice of the present invention.
Although the foregoing description of the present invention is more particularly directed
toward digital split-band coding implementations, it should be understood that an
encoder/decoder system i;lcorporaﬁng aspects of the present invention may use analog filter
banks as well. For example, filterbank 102 may comprise one or more analog filters and

20  an analog-to-digital converter (ADC) which generates digital samples for each subband
signal. Inverse filterbank 206 may comprise a digital—fo—analog converter (DAC) which
generates analog subband signals in response to digital samples and a component which
combines the analog subband signals into a composite analog output signal.

Converter

25 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
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

30  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.
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
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Quantizer
The particular functions used by quantizer 104 and dequantizer 204 are not critical
5 to the practice of the present invention, but the two functions should be complementary. In
- 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

10 function in any of several ways. For example, quantizer 104 may set the number of
quantizing levels according to the éllocation values. An eight-level quantization function
and a four-level quaﬁtization 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

15  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 quantiiation function by switching between
symmetric and asymmetri’c functions, or by adaptively using one or more quantizing levels
to represent special ranges of amplitude. For example, an N-bit quantization function may

20  reserve one of its 2¥ quantizing levels as a "small-zero" quantizing level, discussed above.
'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 special

25  "small-zero" quantizing level.

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

Merge

30 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
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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

15  correspond to serial-bit-stream multiplexing and demultiplexing, respectively. Although the
implementation of the formatting and deformatting functions may be important to a |
particular application, it is not critical to the pr;:tice of the present invention. Any process
is suitable which can put 1he encoded signal into a form suitable for transmission or

_ storage, and can recover the encoded signal from the formatted representation,
20 : Allocation Function
Overview
. Allocation 110 establishes allocation values according to psycho-perceptual

principles. These allocation values are established such that the resulting quantizing noise,
if possible, does not exceed a masking threshold. This process is discussed in more detail

25  below. Although the discussion is directed more particularly to audio coding systems,
many of the concepts i)resented niay be used in a wider range of applications such as video
coding.

The masking threshold is established by applying a mathematical model of human

perception. A wide variety of models may be used with various aspects of the present

30 invention. According to Schroeder, et al., cited above, the response of the human ear to
acoustic energy can be modelled by (1) estimating the power spectral density (PSD) of the
input signal, (2) obtaining the critical-band density of the input signal by mapping the PSD
into critical bands, (3) generating a basilar-membrane excitation pattern by applying a

basilar-membrane spreading’ function to the critical-band density information, (4) generating
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5 Some of these steps may be combined or performed in a different order. For
example, step 1 and ste;i 2 can be reversed somewhat by first mapping the spectral
components of an input signal into critical bands and then generating the critical-band
density directly from the mapped components. As another example, step 2 through step 4
can be combined into a single step to generate an interim masking threshold by applying an

10  appropriately weighted spreading function directly to the input signal PSD.

The following discussion is more particularly directed toward embodiments
incdrporating variations of the six steps listed above. These steps are used to explain
various concepts and are not required to practice the present invention. Alternative
embodiments may incorporate other auditory models which comprise other steps.

15 ' Power Spectral Density

Encoders in forward-adaptive systems may estimate the PSD of an input signal from
information received from path 100 and/or patﬁ?-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

20  coefficients. Encoders in backward-adaptive systems, however, generally estimate the PSD
from the X words received from path 113, '

In one implementation in which the émplitude of each spectral component C is
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
25  values of the exponents. The value of each exponent is the power of two used to
normalized the associated mantissa, or C = ¥-2*. From this representation, the power of

each spectral component may be estimated from an expression such as
§, = -6(X,+0.5)dB. . . 1)
where §, = power of spectral component C,, and
30 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 Y and an exponent X. The PSD is estimated

by grouping one or more spectral components into bands and obtaining the "log sum” of
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critical bandwidths. This is usually necessary because coding system subbands have fixed

10  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 true because the
masking effects of a dominant spectral component diminish outside the frequency interval

15  of one-half a critical bandwidth on each side of the spectral component. If this dominant
spectral component occurs at the edge of a codigg system subband, other spectral
components in the subbar!d can occur outside the actual critical bandwidth unless the
subband bandwidth is no more that one-half a critical bandwidth.

~ In one embodiment, the input signal PSD is mapped into bands each having a

20  bandwidth of about one critical bandwidth of the human auditory system. Each of the
bands has a width of one Bark. In a preferred embodiment, the input signal PSD is
mapped into “subcritical bands" having bandwidths of about one-half the critical
bandwidths of the human auditory system, or widths of approximately one-half Bark. This
preferred mapping is represented by the entries shown in Table 1.

25 Alternate mapping functions and bandwidths may be used without depaﬂing from
the concepts of the present invention. For exaniple, from Schroeder, et al., a frequency f
below about 5 kHz can be mapped into critical bands by the expression

£ = 650 sinh 2 | @)

where x = critical band number.
30 To simplify thé 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

can be obtained from the appropriate mapping function according to
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function, and an output signal is generated in response to the dequantized
E(x) = S(x) * B(x) '
where E(x) = is the excitation pattern resulting from the input signal, and

10 B(x) = is a basilar-membrane spreading function.
Schroeder, et al. provide a convenient analytical expression for a spreading function across
frequency bands having critical bandwidths. The expression, which provides the level of

spreading in frequency band x resulting from a spectral component in frequency band x,, is

10log,, B(Ax) = 15.81 + 7.5 (Ax + 0.474) - 17.5/1 + (Ax + 0.474)2 dB  (5)

15  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).
As a result, it is not practical to use the Schroeder model in many coding systems,

20  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.

Figure 8 illustrates one embodiment of a process by which the excitation pattern

25  may be obtained more efficiently, having a computational complexity on the order of N.
According to this émbodiment, information conveying input signal critical-band density is
received from path 500, passed through three filters, and combined to form the excitation
pattern. '

The PSD may be scaled as a linear, logarithmic or other representation of power.

30  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
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F,0) = 4,0)-S() + b,() F,x-1) - ©
where a,(x) = gain factor for filter i,
5 b{x) = rate of decay for filter i, |

F,(x) = output of filter 502 at frequency band x,

F,(x) = output of filter 504 at frequency band x, and

Fy(x) = output of filter 510 at frequency band x.

. Hypothetical impulse responses of filter 502, filter 504 and filter 510 are illustrated in
10  Figures 9a-9c, respectively.

If the PSD is a logarithmic representation of input signal power, filter éalculations
may be performed more efficiently in the log-power domain. One way in which these
calculations may be performed is discussed below.

If the higher-frequency bands x do not have bandwidths expressed in Barks which

15  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 502 preferably has one or more zeroes with a transfer function such as

M0

) = 60 S0 + 5,0 F -1 + [1-50] Y @) )
where M,(x) = number of zeroes for filter F, at frequency band x.

20 The third term in expression 7, in effect, delays the exponential decay in the
impulse response. A hypothetical impulse response is shown in Figure 10a. 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

-25  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

30  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 ; which is
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10  information received from path 500 prior to filtering by filter 510, and reverse 512
performs a frequency-band reversal of the filtered output. The two reverse elements and
the interposed filter represent the spreading function along the basilar membrane at
frequencies below a stimulus frequency.
Component 506 and component 514 obtain the sum of their respective inputs. The
15  sum resulting from component 514, which is the calculated excitation pattern, is passed
along path 516. Figure 9d represents the composite response characteristic of the structure
illustrated in Figure 8 which incorporates filter; having the characteristics shown in
Figures 9a-9¢. If the crit'ical-band density information received from path 500 is expressed
in the log-power domain, then the sums calculated by component 506 and component 514
20  are log sums. 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 502, filter 504 and component
506, and component 506 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
25  high-quality coding applications. For example, Figure 10b illustrates a hypothetical
composite impulse response of this embodiment in which filter 502 has the impulse
response shown in Figure 10a and filter 504 has the impulse response shown in Figure 9b.
Table II shows filter coefficients a,(x) and b,(x) for filter 502 and coefficients a,(x) and
b,(x) for filter 504 which are suitable for use in an embodiment using the PSD mapping
30  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, but IIR

filters are generally preferred because they are usually more efficient computationally.
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performed using the identity

log (4+B) = max(log4,logB) + log[l + exp(-|log 4 -logB|)] (10)

10  where exp(y) = antilogarithm of the quantity y. By constructing a lookup table of the
expression

log[l + exp(-|log 4 -logB|)] an
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
15  between log 4 and log B, (2) obtaining a value.from the lookup table by using this
difference as a key, and 63) 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,
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
20  negligible for differences in | log 4 - 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.
Sensitivity Function
The basis of psychoacoustic masking effects is the fact that the human auditory
25  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. apprdximatcs the degree to which the
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
30 101og,, w(x) = -(15.5 + x) dB. (12)
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5  even when a playback system volume control is set to a very high level. This sensitivity

function represented by the expression

-40 dB  for1<x <36
w() = |1.923x-107.308 dB  for 36 < x <49 (13)

-15 dB for49 <x

is suitable for use in an embodiment using the PSD mapping shown in Table I.
An interim masking threshold Z(x) is defined relative to the excitation pattern E(x),
10  offset by the amount specified by the sensitivity function w(x). The interim threshold is

obtained from the expression

Z(x) = w(x) + B(x) (14)
in the log-power domain, or from the expressio
Z(x) = w(x) By ' (15)

15  in the linear-power domain.
Masking Threshold
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
20  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
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
25  threshold of hearing with the interim masking threshold and choosing point by point the
larger of the two thresholds. This may be represented as

M(x) = max[Z(x),0 (x)). (16)
Allocation Values

In one simple embodiment, bits may be allocated at a rate of one bit for each 6 dB
30  of required SNR, or
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filters having the I'npul se responses
quantizing levels required to achieve the required SNR.

The lookup table entries may be based upon quantizing relationships well known in
the art and used in various prior art coding systems. Conceptually, no pai‘ticular lookup
table is critical to the practice of the present invention but as a practical matter, the entries

10 in the lookup table can significantly affect coding system performance.

One way in which entries in the table may be derived for a particular coding system
is to measure the SNR resulting from that coding system incorporating quantization
functions which are forced to quantize spectral information into a given number of
quantizing levels. Table III, for example, indic";tes that a SNR of 8.21 dB and 11.62 dB

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

20 " In this implementation, the lower bound of the table is zero quantizing levels at
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 III, the
allocation ceiling corresponds to 65,536 quantizing levels, which can be represented by 16
bits.

25 In many coding systems, the allocation function establishes allocation values which

_ allocate a specified number of bits. This number is referred to herein as the "bit budget.”
If the total number of bits allocated by the allocation function exceeds the bit budget, the
allocation function must revise the allocation values accordingly. 1If the total number of
bits allocated by the allocation function is less than the bit budget, it is preferable to revise

30 the allocation values to optimize the use of the residual bits.
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masking threshold M(x) and recalculatmg 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

5 Z(x) across some or all of the spectruin and reestablishing the masking threshold according
to expression 16 until the total number of allocated bits is sufficiently close to the bit
budget. For ease of discussion, the notation M(x) is used to refer to an initial or "id
masking threshold obtained from an auditory model before any adjustments are made to
refine allocation values.

10 In one embodiment, the masking threshold may be lowered by as much as 72 dB
and raised by as much as 24 dB with respect to the My(x) 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 My(x), which is mid-way between the two extremes of 72 dB and -24 dB. The

15  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
adjustment to the masking threshold is less than 1.5 dB. Following these coarse

20  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
is less than 0.375 dB. The difference between the adjusted threshold and My(x) may be

25  passed in the encoded signal, allowing the decoder to establish the allocation values directly
without repeating the convergence process.

This same coarse/fine adjustment brocess may be used in multi-channel coding
systems in which bits are allocated to speciral components in all channels from a common
pool of bits. In an alternative embodiment, coarse adjustments are made only to a masking

'30 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
threshold for each channel in turn, adjusting across all the channels until converging, or
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ocks until converging. This process is applicable to othte;'1 %plit—band coding systems such
as subband coding systems. It may also be adapted for use in multi-channel coding
systems.

As these examples show, many variations in the convergence process are possible.
If an allocation ceiling is used in a particular implementation, then the convergence process

15  should not allow an allocation value to exceed this ceiling.

If the masking threshold is raised to brigg 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
17, these intermediate spectral components are not allocated any bits and are, therefore,

20  excluded from the encoded signal. This exclusion may be audible, 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.

If bits are allocated to these intermediate spectral components, the bit budget can be.

25  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 audible.
Preferably, bits should be allocated so as to obtain a balance between the audible effects of
excluding intermediate spectral components on the one hand and degrading the coding
quality of larger spectral components on the other hand. |

30 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.
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intermediate spectral components does not exceed a percentage of the bit budget. As

10  another example, the number of bits allocated to these intermediate spectral components
may be balanced by controlling the bandwidth of the frequency range within which these
allocations may take place.

The audible consequences of allocating bits to these intermediate spectral
- components may be reduced by controlling the rate at which these allocations may be

15  changed. For example, intermediate spectral components may be excluded from allocation
by reducing the allocation bandwidth over an ingerval of several hundreds of milliseconds.
In effect, modifications to criteria used to exclﬁde intermediate spectral components are
subject to a ldw—pass ﬁltér.

Allocation of Residual Bits

20 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

25  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 fespective allocation value is less than the allocation ceiling. Step 2 reiterates until
no residual bits remain. _

30 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.
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model may be modified to adapt the allocation function. In audio coding applications, for

5  example, such parameters include (1) the filter coefficients of equation 6 or equation 7
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

10  information as a function of frequency, (6) the allocation ceiling, possibly as a function of
frequency, and (7) the number of additional bits to allocate to a spectral component for
each incremental increase in amplitude as a function of spectral amplitude. 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 increase in amplitude may be

15  required at high amplitudes but an allocation of only one bit per 12 db increase may be
“adequate at lower amplitudes. o

Adaptor 120 may }ltilize 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

20  entails generating one or more modified values which are merged with the allocation values
~ obtained from the allocation function. '

The particular process used to implement 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"

25  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
applications, for example, the alternate function may use a more sophisticated

30  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
function, merely generating adjustments to the basic allocation values in response to the
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whi ch i s lngidisiancs telephaneanetyprs ifotexampler sdapiasd 20rmay bessspandivebtdates o
encoder . iiﬁ,e-sd?%p giag ﬁlgg—%gﬁ;{;ﬁ%kgﬁf&rﬁﬁ&ﬁn 85 G4 [PpfovitiRCAiiatbn FieiGh A&

si gnal does not e encoder
10  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.

15 As these examples show, adaptor 120 may be responsive to any information which
is desired in a particular application. The choic;_g 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.



and decod®@OBPI%RET on functions thensel ves be |dent|cal but accurat

‘decodi ng can be ensured only if the two functions oth S lace
al l ocati on val ues.
Al | ocation Figure 6 |IIustrates.tjge.baS|c stru

enbodi mrent of a split-band encoder wused in an encoder/decoder system

I ncorporating hybrid-adaptive allocatiomqgplege functions of the various
ef ements within the enbodi rrent shovvn in Figure 4, discussed above,
correspond t fu q;q_.gg | ve el ene th tur

in Figure 6. ﬁ?ﬁd]ﬁgddp?&w dap “nodi fi esggﬁell%br rmfnah& ?I@{‘Wéh
allocation v a%% ¢ cation fu ei t-h%ae
or both of two Basic te ues. tructure

0.0750 0.1250

2 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
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
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
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
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 1

Critical-Band Mapping



- 12°- u?&f-’@é ?%I enent both techniques is illustrated in Figure 6;
‘however, either technique may be used al one and unnecessary functional

el enents nmay be renoved fromthe illustrated structure. In the first
or "paraneter"” technique, adaptor 120 ne@)fi es one or nore paraneters which
affect the results of allocation function 110. The nodified paraneters

provi ded Bunddagjey 12B(Hre rgeyed @L(ng pat IBaad 3 tag(x)al I obg(j;) on &@Hcti d(x)
1310 and to 4 or npj@jer For ter assenb es_m]_pdl gdit) on the dB

nodi fied paf arrgms - nf or ma (ljmp ag.Rcod %
000

having a foym 0?)5 for on or 578 Inzi %ggse
of "val ue" % ecRi i es on aPI i quf
The nodifiefd vat § % dg§ 120 a ﬁ a,gi ;;
formatter 106 marges flé al G
al | ocati on ¥al épor ec | Ogd f7r]®$§ |1 éc7alt i on fud t| &10%0 -8 pas

mer ged al | deat D0y ar6d80t 0-20.66% i z4:73804. FoBjmt t()e900106'6é)§9enb2@§ ‘&n 0000
i ndi cati on Bf 0K080nDd6.70Bd 20.000 adT50he quadli z @O obB67i 0r27.38% ar0.000

encoded si ghal 0/080i ng6.800 or AML33i t-A1M6F for t BAnsH.800 onS5@B44st o28322  0.000

9. 0000 -6.700 -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
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
18 0.000 -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 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 0000 -6.700 -20.222 -0933 = 47 0.000 -5.046 -53.076 0.000
23 0.000 -6.700 -20.667 -0.800 48 0.000 -5.000 -54.999 (.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 1I
Filter Coefficients

This Sheet Has Been Replaced
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The embodi HEMH23 Pt rated in Fi gure 6 shows adaptor 120 bei ng responsive
to the input signal received frompath 100, the subband information

received frompath 103, and the X words received frompath 113. In
al ternate enbodi nents of a hybrid-adaptivgiencoder, adaptor 120 may be
responsive to any one of the three paths, responsive to any conbi nati on of
the three paths, and/ or responsiRéguir roi j on. Figure 7
iMlustrates the basic structureR(?fq &isgr;kte;odiQLQ%{?w a split-band decoder
used in an encoder/decoder systemi orati T d-adaptive allocation.
The functions of the various el enent 2 ithin the eELodi ment shown in Figure
5, discussed above, correspond to t}lleZfunctions of<respective elenents in
the structure shown in Figure 7. | ition, one &r nore of the allocation
val ues are nodi fied using either on®-8¢ both of twd basic techni qgues. The
structure used to inplenent both t &M ques is illfistrated in Figure 7;
however, either technique may be us¥d7®l one and uBhecessary functional
el ements may be renoved fromthe il34uBkrated struédure. In the
first or "parameter” techni que, defdgr9mtter 202 gqggracts fromthe encoded
signal one or nore nodified parametqg, g Which affegg the results of
al location function 210, and passesgptfie nodified paraneters al ong path 213
to allocation function 210. %rﬁ)t he secopaz‘?r "val ue" technique,
nore’ ’ :

deformatter 202 extracts one or dified 2,048
70.11 4,096

76.23 8,192

82.21 16,384

88.11 32,768

94.32 65,536

Table III
Allocation Lookup Table

e
heet Has Been Reﬁaced
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-
val ues frBRHRR Brkoded si gnal and passes the nodified values along path
205 to merge This Sheet Has Beeﬁ&er]aced

218. Merge 218 nerges the nodified values with the alloc
received fromallocation function 210, af2-passes the ner

val ues to dequantizer 204.

| npl ementation . CLAIMS Fi | t er bank
The enbodinents illustrated in Figures 1-7 may be realized by a w de
variety of

. 1. An encoder for encoding an input signal comprising
subband means for generating subband signals representing frequency
5 subbands of said input signal and for generating a spectral representation of said
input signal, )
excitation means for geherating an excitation pattern by applying a spreading
function to said spectral representation,
threshold means for establishing an initial masking threshold in response to
10 said excitation pattern, |
allocation means for allocating respective numbers of bits to said subband
signals in accordance with levels of said subband signals relative to said initial
masking threshold,
quantization means for generating quantized information by quantizing said
15 subband signals in accordance with said respective numbers of bits allocated to said
subband signals, and N |
format means for assembling saié;quanﬁzed information into an encoded

signal suitable for transmission or storage.

20 2. An encoder according to claim 1 wherein said spectral representation is generated
by applying a mapping function to an estimate of the pewer spectral density of said input
signal, said mapping function derived from a relationship between frequency f and

frequency band x according to f = 650 - sinh .f;

25 3. An encoder according to claim 1 wherein said spectral representation is generated
by applying a mapping function to an estimate of the power spectral density of said input
signal, said mapping function implemented as a lookup table of entries wherein a log-log
function of bandwidths of the entries in said table is substantially linear between a first
entry near the low-frequency end of said table and a second ehtry near the high-frequency

30  end of said table. '

/:
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the art including, but not limted to, Quadrature M pol yphase
filters and various Fourier transforns. %preferred s the
Time Domai n Aliasing Cancell ati on ( TDAC) ?r’ansform di scl osed in Princen,

Johnson and Bradl.ey, "Subband/ Transform 1.n i ng Filter .Bank Desi gns
Based on Ti ne %oﬁ&ieﬁ‘ GTACC “@a%w%'ﬁﬁfﬁa‘“%rﬁ@@%&'h%@\erﬁm fixcitation
ACOUSt. , RRERCIHOIRE Said! sBRAtinE' fifictio ' dﬂ@-or%ﬁ&é'fﬁ éHo Sfid Sl € of a
transform encoﬁ’é’r?ge%locfgirasly ten?tllrrp ewné;ri\?llzﬁg atilter bank wth the TDAC

t T ansf or nrépsesgntationbed in U S. patent 5,109,417, referred to above.

No particular inplementation is critical to the practice of the present

i nvention. Although the foregoing description of the present invention is
nmore parti cul al Andéncedéreatcomlivg tb atiyoorieadf claimst I tHroughcé dvhegein said initial

I npl ement atigns,. it shoul d _be understood that an .encgder/decoder .s em

i ncor por aMaskgng dye & CSF}PZISB?‘Q% feVFhVéﬂﬁ'c"Féﬂ said,exgitation patigen ’et?qtt’%’f E%k s
as wel |. aa‘p# tiil%reéc*ﬁﬁﬂ 2%h 16 OFMEardfy. ONe or nore anal og
filters aﬁ%hgﬁ%anaugat?{'o% I g taF) %oﬁv%??oer (ADC) "Whi ch generates digital
sanpl es for. each subband signal. Inverse filterbank 206 may conprise a .
di gi tal -t 0- anagoAnC&eBaér &co :‘M]y' &t SEASIRA! Fthrotg § Wifckdihamid HiceRdde | N

response to digital sanples and a conponent which .
1 means comprises means for adjusting the level of said initial masking threshold such that a

i npl enent POIAS - pET! terbank 102 and inverse filterbaalk, 08, for exanple,
‘may be inplenmented by a variety of digital filtering 2 B@Pﬂnin

total number of allocated bits is substantially equal to a bit budget.

7. An encoder according to claim 6 wherein said allocation means comprises
means for establishing an adjusted masking threshold by adjusting the level
15 ‘of said initial masking threshold,
means for establishing intermediate spectral components having levels
exceeding said initial masking threshold ‘but below said adjusted masking threshold,
and
intermediate allocation means for allocating respective numbers of bits to at
20 least some of said intermediate spectral cbmponents, wherein the total of said
respective numbers of bits allocated to intermediate spectral components is at most a

specified proportion of said bit budget.

8. An encoder according to any one of claims 1 through 6 wherein said allocation
25  means comprisés means for establishing an adjusted masking threshold by adjusting the
level of said initial masking threshold, means for establishing intermediate spectral
components having levels exceeding said initial masking threshold but below said adjusted
masking threshold, and intermediate allocation means for allocating respective numbers of

 bits to at least some of said intermediate spectral components.
30
9. An encoder according to claim 8 wherein said intermediate allocation means

comprises means for restricting said allocating to those intermediate spectral components
having frequencies within the range from the highest-frequency spectral component which

exceeds said adjusted masking threshold up to an upper limit frequency and/or having

A




conbi nes PRLOZARAGEH subband signals into a corrposimgsaewnmemﬂ edsj gnal .

“Convert er Converter 112 and i nverse converte nerat e and
recover the X words and Y words may al so be reali zetl ' ety

i mpl ement ati ons. As di scussed above, thegX.words ar racterized by the
fact that they are available to both encoder and decoder to informthe

al | ocat i ofdyépy %ﬁ@np@xc%&sn%eeﬂﬁaﬁamummd BERREA saidGRitTal FRASKiHg tHresifold and
f-actors and the Y words may correspond to values scaled in accordance with
the scal esaidadjosted maskingitbrtisheldt s utilizi ng various fl oating- poi nt

" ~representations of nunerical quantities, the X words may correspond to the
fT oati ng-poi nt exponents and the Y words may correspond to the

f1 oati ng- poi nt 10mAnieséader according tolany pevwficiaime dethraughdhwhexginsaid threshaldcks

gfozk_?ﬂ gélpgr{fe_ l(ﬁlfceis?sé%n%ai Bqaggﬁn%ﬁgoﬁ%ﬁd%rﬂqg\% ROAEVE to ga?(i gnithglti%n pattern

sufficient to ensure psychoacoustic masking, but not lower than a level substantially equal

to the threshold of hearing.

11. An encoder according to any one of claims 1 through 10 further comprising
10  means for modifying one or more parameters affecting the results of said allocation means,
wherein said format means assembles an indication of said modified parameters into said
encoded signal.

12. An encoder according to any one of claims 1 through 11 further comprising the
15  means for modifying one or more of said respective numbers of bits, wherein said format
means assembles an indication of said modified numbers of bits into said encoded signal.
13. An encoder according to any one of claims 1 through 12 wherein said

quantization means uses a quantization function adapted in response to said input signal.
20
14. A decoder for decoding an encoded representation of an input signal, said
decoder comprising |
deformatting means for extracting from said encoded representation
quantized subband information and a spectral representation of said input signal,
25 excitation means for generating an excitation pattern by applying a spreading
function to said spectral representation,
threshold means for establishing an initial masking threshold in response to
said excitation pattern, ;
allocation means for allocating réspective numbers of bits to said quantized
30 subband information in accordance with levels of said quantized subband
information relative to said initial masking threshbld,
dequantizing means for generating subband signals by dequantizing said

quantized subband information in accordance with said respective numbers of bits,

and

A



- 14" - pPSIdRSRCENbodi ment, however, a hi gher-reéré laded

‘envel ope is obtained fromthe X words by associ ati n ntissa
with one respective X word exponent.

Quanti zer The particular functiongsused by quanti zer 104 an
dequanti zer 204 are not critical to the practice of the present invention,
but the two functi OfjyepdditbBarfdemeasreIuRGVE Ty smh%ugﬁdiﬂrs?énalgfdtﬁg%néﬁﬁngaﬁe
al l ocation val ues, dequantization function d(x) is the inverse of

guanti zati on fmp&maoﬁsq@xypuwegnal hat the original quantity x [err] d[g(x)].
Strict equality is not expect ed because quantization usually results in the
| bss of sone accuracy In response to the allocation val ues,
quantizer 104 kyAadespderiaccordingnto claim &% wherein iseid axeitation meanscapplies saidhy s .

rccor 8 gt HE Ructgh a5, a8 of RbrE AR o S MAROEDRP IR c. on

and a four-level quanti zation functlon could be used in response to val ues
i ndi cating an

16. A decoder according to claim 14 or 15 wherein said initial masking threshold is
established at a level relative to said excitation pattern, but not lower than a level

substantially equal to the threshold of hearing.
10
17. A decoder according to any one of claims 14 through 16 wherein said
deformatting means comprises means for establishing in response to said encoded
representation an adjusted masking threshold, wherein said allocation means comprises
means for establishing intermediate spectral components having levels exceeding said initial
15  masking threshold but below said adjusted masking threshold, and means for allocating
respective numbers of bits to at least some of said intermediate spectral components.
18. A decoder according to any one of claims 14 through 17 wherein said threshold
means establishes said initial masking threshold at a level relative to said excitation pattern
20  sufficient to ensure psychoacoustic masking, but not lower than a level substantially equal
to the thresﬁold of hearing. '

19. A decoder according to any one of claims 14 through 18 wherein said
dequantization means uses a dequantization function adapted in response to information

25  extracted from said encoded representation.

20. An encoding method for encoding an input signal comprising the steps of
generating subband signals representing frequency subbands of said input
signal and generating a spectral representation of said input signal,
30 " generating an excitation pattern by applying a spreading function to said
spectral representation,
allocating respective numbers of bits to said subband signals in accordance

with levels of said subband signals relative to said initial masking threshold,

* [ L M S *



all ocat i oRUHOBREE bhits and two bit S, respectivel yThi © R | e,
quanti zer 104 could use a logarithm c quantization f* Il ponse to
al l ocation values greater than or equal to a specifi , i X bits,

and use linear quantization functions in3gesponse to snaller val ues.
Quanti zer 104 may al so adapt its quantization function by sw tching between

symetric and asympéddratirigié\iinti@dBinférmation dyaqiantifihy saidi sifbandesigialin e
quantizing levels to represent special ranges of anplitude. For exanple, an
N-bit quant i za8¢ordange Withosaidyegspective mumbsreobbits allocated tp said syhband signalyy e s
as a "small-zegoy quantizing |level, discussed above. Such a quanti zi ng

| evel, otherw Se used to represent |large anplitudes, is used instead to
represent very smal hssemblibg saldguaiizedsinfoymation iro anantodedt signal Suiteble for, an
encoder can allow a decoder to easily distinguish between srmall anplitude
si gnaPs, whi chtranenigsiemor s\98&e a val ue of zero, fromvery small anplitude
signals, which are quantized to the special "small-zero" quantizing |evel.
In response to_the allocation values, dequantizer 204 adapts_its

dequant i zat i on2}.ufAddeceding methethfaradecoging lanicncededinepresentation efoan inputsigndls in
\Al\/e@rgg quaghh ﬁth&péorﬁﬂ@ﬁﬁftﬂetﬁeﬁu&m I zation function.
disassembling said encoded representation into quantized subband
10 information and a spectral representation of said input signal,
generating an excitation pattern by applying a spreading function to said
spectral representation,
establishing an initial masking threshold in response to said excitation
pattern,

15 . allocating respective numbers of bits to said quantized subband information
in accordance with levels of said quantized subband information relative to said
initial masking threshold,

generating subband signals by dequantizing said quantized subband
information in accordance with said respective numbers of bits, and

20 generating a replica of said input signal in response to said subband signals.

22. A device for modeling auditory perception of an input signal, comprising
| means for generating a spectral representation of said input signal, and
means for generating an auditory excitation signal by applying a spreading
25 function to said spectral representation, wherein said spreading function is applied
by filtering said spectral representation.

23. A device according to claim 22 wherein said spectral representation is generated
by applying a mapping function to an estimate of the power spectral density of said input
30  signal, said mapping function derived from a relationship between frequency f and

frequency band x according to f = 650 - sinh ;

_—
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The et hoOLB25JPEY nerge 118 and nerge 218 are nﬂ{lsg;@dtnmnm latdde
practice of the present invention. In concept, -ne ge 219
conbine into one set of values the correspondlng

et of
al l ocation values and a set of nodified._ ues in a

vari ety of ways. For exanple, an all ocatlon val ue may be repl aced by a

correspondi ng ARAiahy GlodeH déBordiny f cilnd Ezmijenﬁ@ﬁﬂ%écmﬁ%;%?é ntftfoRlis ON

val ue - - repr esents
the nunbe geksrated tby amlyiﬁmaqnappiﬂgzﬁmgﬁmutdmndsﬁmﬂt@nfrﬁtei powerrspectral sieosity o
subband. Eaﬁ m%dtf Fd vdal ue .super .edes resP Tﬂ(}l % al l,oca.t Il on val ue
and is us&4d input signal, said mapping \nction imp emen ookup table of entries wherein a
log-log function of bandwidths of the entries in said table is substantially linear between a

5  first entry near the low-frequency end of said table and a second entry near the high-
frequency end of said table.

25. A device according to claim 22 wherein said spectral domain is a mapped
frequency domain.

10
26. A device according to any one of claims 22 through 25 wherein said filtering is
implemented by a recursive filter or a lattice filter.
1/
15
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by the qugﬁakqggﬁxFFstead. As anot her exanple, the two sets of val ues
may be conbi ned by using the nodified values to adjust correspondi ng

al l ocation val ues. For exanple, the nodified val ue can represent an

i ncremental amount by which the correspod8i-ng all ocati on val ue should be
changed. In a split-band encoder, the nunber of bits used to quantize
subband information in a paAk ¥ TRA SO THYE: DINCLOMIREf i ned by t he

al gebrai ¢ sum of the respective al | ocation val ue and the correspondi ng

modi fied value, if the nodified value is present in the encoded signal.

ALter nat i vel y, -Thi SVl relfley 8 bSmpRAiGRRY SHREbaropRistiGlied Porbbttdl hodels

correspondlng allocation valu cal ed
For mat t er whnch can pravide aybasisdion gdaptive ditsalldeatien amtbquantization off epeatied s

n ot or fieiationgsetlin Righe i i bt et dRtine SR, Ingre. fpadeR, i 1%
mul L pl X i 3PS Enlcbit ik PIPAEHd! Vb )rehhtlouMbald SighaTe] QUERILEY the

of the formatting and deformatting functions nmay bée mportant to a
parti cul asubbpnd stgaals @ncordingi to vabtes established byan ailncpmw function, andhass«pmbbe nt

I nvention n SUIta | e whic can pu t h d si 0 a

Form sut ¢ tsrebapfired Bfen sEfin b So,tarStbe el oo WeSiay Ririordanyihes

si gnal fr gitedatien valueRird fbofdIALE Wathi Rytidacoustic principles based upon a masking
threshold. The masking threshold is established by estimating the power spectral density

(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 signai-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. The spreading function may be implemented by applying
one or more non-recursive filters to the input signal PSD. In forward-adaptive coding
systems, allocation values are explicitly convey;i to a decoder by information assembled
into the encoded signal. i_n backward-adaptive coding systems, allocation values are
implicitly conveyed to a decoder by information assembled into the encoded signal from
which a decoder allocation value may derived the allocation values. In hybrid-adaptive
coding systems, basic allocation values are conveyed implicitly with modified allocation
values conveyed explicitly.

This Sheet Has Been Re'ilace
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DOLO025 pCT . '
Allocatlon Functrg% Overvi ew

Al l ocation 110 establishes allocation val ues accordi ng to psycho- percept ual

principles. These allocation values are established such that the resulting

guanti zi ng noise, if possible, does not exceed a nmasking threshold. This

process is discussed in nore detail bel ol/9l though the discussion is

directed nore particularly to pdi o coding systefrs, 178y of the concepts

presented nay be used in a/ﬁider range of applicatipns such as video

cbdi ng. : The magking thredhold is establishgd by applying a

mat hemati cal nodel of [ A wide vafiety of nodels may be
tSFRINEne

used with various to
Schroeder, et al.] cited above, ffhe responsqd of the human ear [to acoustic

energy can be nodgl | ed i mating thg power spectral dé¢nsity (PSD)
of the input sigpal, (2) obtaining the crit|ical-band densityjof the input
si gnal by mappi ng the PSD _iiy®@ critical . {4 generatin

ane

basi | ar- menbrane pxcitatign pattern by a i a basilar-ne
spreadi ng functioh to {he crit} cal -band [density]i nformati enerating
F
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-16-"  an DOLe2S PQmski ng threshol d by adjusting the excitation pattern by

*an anount equal to a signal-to-noise ratio (SNR) offset sufficient to

achi eve psychoacoustic nmasking, (5) conparing the level of the interim
maski ng threshold to a threshold of human perception, and (6) generating a
maski ng threshold which is equal to theslasger of the two. Some of
these steps may be conbined or perfornmed i'n a different order. For exanple,
step 1 and step 2 can be reversed sonewhat by first mapping the spectral
gonponents of an input signal into critical bands and then generating the
critical -band density directly fromthe mapped conponents. As anot her
exanpl e, step 2 through step 4 can be conbined into a single step to
generate an interimmasking threshold by applying an
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approprlabﬂhﬂm&?@mted spreading function directly to the input signal PSD.
“The follow ng discussion is nore particularly directed toward embodi ments

i ncorporating variations of the six steps |isted above. These steps are
used to explain various concepts and are not required to practice the
present invention. Alternative enbodinqufgnay i ncorporate other auditory
nodel s whi ch conpri se other steps. Power
Spectral Density Encoders in forward-adaptive systens nay estimate
tshe PSD of an input signal frominformation received frompath 100 and/ or
path 103. For exanple, in systens incorporating filter banks inplenmented by
a” Fast Fourier Transform (FFT), the PSD may be obtai ned fromthe square of
t he magni tude of each of the resulting transform coefficients. Encoders in
backwar d- adapti ve systens, however, generally estimate the PSD fromthe X
words received frompath 113. In one inplenentation in which the
anplitude of each spectral conponent Cis represented in a conventional

bi nary floating-point formconprising an exponent X and a mantissa Y, the
power of the spectral conponents %% dB gay be estinmated directly fromthe
val ues of the exponents. The val et Qf e#ch exponent is the power of two
used to normalized the associ ated mantilssa, or C = Y*2[err]. Fromthis
representation, the pomeggo
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each specPAOBFREEnent may be estimated froman expression such as

“[err] [err] -6(Xerr]+.0.5)dB.

(D) where [err] = power of spectral conmponent C[err], and X err]
= val ue of the floating-point exponent for spectral conponent Clerr].

In a preferred enbodi ment, each spectralg ggnponent C is represented in
floating- point formconprising a nornmalized mantissa Y and an exponent X
Fhe PSD is estimated by grouping one or nore spectral conponents into
Bands and obtaining the "l og sunm of
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- 17 - tﬁ%Jk&%%%%hts for the spectral conponents in each band. One way in
*which a log summay be cal culated i s di scussed bel ow. Conceptual l y,
no particular nmethod for estimating the PSDis critical to the practice of
the present invention. As a practical matter, however, the accuracy of the
met hod can significantly affect coding sy$9em perfornmance.

Critical -Band Density Split-band coding systens are generally nore
able to exploit psychoacoustic effects by dividing the input signal into
Subbands havi ng bandw dths no nore than one-half the c¢ritical bandw dths.
This is usually necessary because codi syst em subbands have fi xed center
fsr equenci es unlike the human auditory ste ritical bands which have
vari abl e center frequencies. It is sonmeti ncorrectly assuned that a
dom nant spectral conponent wi |l mask ot her w-| evel spectral conponents
t hroughout a split-band ' Pt ot h. TQ&S
assunption may not_be trye because the masking effects of a dorp nant o
spectral conmponent di ninijsh out si de E.® & Buege ity val  of
critical baqu ‘ h side of the spectral conponent.
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~spectral eypmeseptToccurs at the edge of a coding system subband, other
*spectral conponents in the subband can occur outside the actual critical

. bandwi dt h unl ess the subband bandwi dth is no nore that one-half a critical
bandw dt h. I n one enbodi ment, the input signal PSD is mapped into
bands each having a bandw dth of about @&Pcritical bandw dt h of the human
auditory system Each of the bands has a dth of one Bark. In a preferred
“‘enbodi nent, the input signal PSD is mapped into "subcritical bands" having
.pandw dt hs of about one-half the critical bandw dths of the human auditory
system or w dths of approximately one-Rblf Bark. This preferred mapping is
represented by the entries shown Tablle 1. Al t er nat e mappi ng
functions and bandw dths nmay be u wi tjhout departing fromthe concepts of
t he present invention. For exanple, Schroeder, et al., a frequencyf

bel ow about 5 kHz can be mapped into criftical bands by the expression

f = 650 sinh [err

(2) where x = crgitifcar=ramTomer™ ro-stmprtry tge foll ow ng
di scussion, the t&rm"criti calc,_pa.ndq gengiceyh shad i refer o
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an i nput sPQIARSRET napped i nto frequency bands of any conveni ent bandwi dth
I ncluding critical bandw dt hs and subcritical bandw dths. The critical - band
density of the input signal can be obtained fromthe appropriate mapping

function according to

18 - S(x) = [Jerr]
(3) where [err](x) = power spectral dengi/t?/ of the input signal, and

S(x) =-critical-band density of the input signal.
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ExcifationEﬁHﬂH§LHCT‘ An excitation pattern approxi mately describes the
distribution of energy along the basilar nenbrane which results fromthe
acoustic power represented by an interval of the input signal. An

excitation pattern can be cal culated fromthe convol ution E(x) = S(x)
* B(x) _ S (4)
where E(x) = is the excitation pattern rég Ptlng fromthe input signal, and

B(x)= is a basilar-nmenbrane spreadi ng function. Schroeder, et al. prOV|de a
epnveni ent anal ytical expression for a spreadi ng function across frequency
bands having critical bandw dths. The expression, which provides the |evel
of spreading in frequency band x resulting froma spectral component in
frequency band x[err] is 10 Iog[wdéa B([err]x) = 15.81 + 7.5
([err]lx + 0.474) - 17.5 [err] dB (5) [err]x = x-x[err]. The
convol ution of the input signal critical- band*density S(x) and the
spreadi ng function B(x) is conputationally int\ensive, having a

conput at i onal Nty on order of NN M ere N is the nunber of
points in S(x) f@nd ks the of points

F2

FIG. 9b

FIG. 9c
FIG. 9d j
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As awresuIDDIjOfZSiRC'hot practical to use the Schroeder nodel in many coding
systens, particularly in backward-adaptive codi ng systens. A
practical approach obtains an excitation pattern by filtering a spectral
representation of an input signal. This filtering is perfornmed in a
"spectral domain" such as the mapped and ;Pgapped frequency domai ns
ghscussed herein. Figure 8 i 11 ust Pdt2s one embodi nent of a process
by which the excitation pattern may be obtained nore efficiently, having a
Qﬁﬂputatlonal conpl exity on the order of N According to this, enbodi ment,

Mif or mati on conveying input signal critical-band density is received from
path 500, passed through three filters, and conbined to formthe excitation
pattern. The PSD nay be scaled as a linear, logarithm c or other
representation of power. If the PSDis a |linear representation of input
signal power and if the hi ghger-frequency bands x have a bandw dth expressed
in Barks which is substantiall#$ constant, then these

FIG. 10a

i,

FIG. 10b

TG \|m‘“°“ :



- 19 - . filters can be inpl enented as a single- polie b |
transfer function representetd”by the recursive ex@r@ss
= aferr] (x)S(x) + b[err](x).F, [err](x-1) D ey e
where af[err](x) = gain factor“for filter i, | bper ..,,,_.;_(:'_'5.'.(5” =Pre” of |
~decay for filter i, Flerr](x) = output of fii Fter*562 af Fi¥eqlietcy
band x, F[err](x) = output of filter 504 4t frequency band x, and
Flerr](x) = output of filter 510 at qu oA Hy ot FetaEaT i il se...

-----

responses of filter 502, filter 504 and filter 5107are T TTUStTated Tn

Fi gures 9a-9c, res@OMPUTATIONALLY EFFICIBNTPADAPTIVE BYU ALLGOATION
representation of input si GOR CODING METHOD AND APFARATES

_ Téchnical Field
The invention rel-étes in general to perceptual models and to perceptual-based low
bit-rate encoding and decoding of information such as audio information. More
particularly, the invention relates to computationaliy efficient sophisticated perceptual
models which can provide the basis for adaptive bit allocation and quantization of encoded
information useful in high-quality low bit-rate coding systems. -

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 commugication channels and storage media.

Analog signals which have been subject to audio compression or.dyl;amic range'
reduction, for example, ir}lpose lower information capacity requirements than such signals
without compression. Digital signals encoded with fewef 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 quélity; Much of the following discussion
is directed more particularly to digital techniques, but it should be realized that
corresponding considerations apply to analog téchniques as well,

~ ‘The number of bits available for representing ‘éach sample of a digital signal
establishes the:accuracy of the digital signal representation. Lower bit rates mean that
fewer bits are available to represent éach sample; therefore, lower bit rates imply greater
quantizing inaccuracies or quantizing errors. In many abplications, 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 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 -
properties resembling those of highly asymmetrical tuned filters having variable certer
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may be perfornmed nore efficiently in the 1og-power domain. One way in which

these cal cul ati ons may be perforned is di scussed bel ow. I f the

hi gher -frequency bands x do not have bandwi dt hs expressed in Barks which

are substantially constant, then a nore conplex transfer function may be

required for one or nore of the filters. +or exanple, if the frequency
nstant handw dth, filter 502 preferably has one or nore

bands have a_ co

zeroes Wit hafée‘l“F%ﬁ‘&‘f bapdwidths thas vary as<a functin of the pentér frgquency( xJhe-abilityof r

of zeroes f hiHad creases ff&leﬁ r:min
expressi on Qheli‘%hgffa%dc:{oﬁEgtegi/ts(;{a;\éewgﬁmc{)crtlent | gfneéalg Vo tEgl m‘ &l
response. A WWM\!@‘ therfoness increasesiohaweves tbmmleing ﬁﬂmuoétht(lmmaﬁach zero

e %] b R ST S Heay B ASRE B 5,
kHz bandwi dtbandmdth of the ghave mentiopedfiliels. (Thus, the quencymsobidgi abilityof the
ST 28 o il kSR M BN 38 o 8 Sl
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
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 A_udjg_angmmg
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
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 techniqués, in concept, generally comprise dividing the signal bandwidth with
a filter bank, reducing the information requirem"ents of the signal passed by each filter band
such that signal degradatit'm is just inaudible, and reconstructing a replica of the original
signal with an inverse process. Two such techniques are subband coding and transform
coding. 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 slgnal _

Subband coders may use any of \_rarious.techniques to 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 -
to render the quantizing noise inaudible. Bach subband signal comprises samples which

f—ﬂ

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
“subbands" having effective bandwidths which are sums of individual transform coefficient
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zeroes are required for bands bel ow about 500 Hz. The accuracy of

t he spreading function can be inproved at the expense of greater
conput ati onal conplexity by using filter coefficients which are functions
of the frequency band nunber x. Preferably, the recursive term coefficient
b[err](x) provides nore spreading for s tral conponents at higher
frequenci es. %{ pping the input signal PSD into a set of frequency bands

havi ng appr $3p %%Sbélﬂweifw?p 18 Acyblhyand gongtitule a respeqtiye subband wignal. The
reasonabl & e dieipEAD quntR Rl ERfticietd'h dhok SRR Yding Rl UioBP bitloTRhadt
' the quantizing noise inaudible:

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.

As discussed above, many digital split-band coders utilizing psychoacoustic
principles provide high-quality coding at low bit rates by Applying a filter bank to an input
signél to generate subband information, quantizing each element of subband information
using a number of bits allocated to that element such that resulting quantizing noise is
inaudible due to psychoacoustic masking effects, and assembling the quantized 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 engoded signal, dequantizing the
quantized information to obtain subband infomiéﬁon, and applying an inverse filter bank to
the subband information Eo generate the replica of the original input signal.

The number of bits allocated to quantize each element of subband information must
be available to the decoder to permit accurate dequantization of the subband information.
A *forward-adaptive" encoder uses an allocation function to establish allocation values and
explicitly passes these allocation values as “side information® (o 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
explicitly passing the allocation values. A backward-adaptive decoder reestablishes the
allocation values by applying the allocation function to the selected information which it
extracts from the encoded signal.

Generally speaking, complex allocation functions based upon sophisticated psycho-
perceptual models are 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. It is desirable, therefore, to use

allocation functions based upon models which are as sophisticated as can be implemented
practically.
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substantially invariant. Sone variation in coefficient b[err] is nore
likely required in many coding systens for |ower-frequency bands because
the“critical bandw dths are nuch narrower. The filter
characteristics nmay be established according to the needs of the coding
application. It should be enphasized that 4t-hese filters operate in a
frequency- band domai n which is a mapped frequency donmin. The decay term

- for the filters Ospfaidysophisticated emthemgtical modelusft the medieanips of lhamgn hearingdsi | ar

DY Ane S0 SR Rl o ] SorybhE B S i By
perfornms a Masking Peopepiuschf i/ Human Baf,* JhAcoust, SodRAnD ' Decsittiey ¢979,r om pat h
00 PLLOr L S ddaSias2S b kol Sk o kb Soh i b Sud et
gnd_ the int ﬁfpﬂﬂﬁ@ﬁhlﬁ?'abﬁfyidg@ﬂﬁ&ﬂﬂﬁe Fbm&nfaﬁﬁehﬂggs '\bB@aininy tha ke sigha
asi |l ar menbrane at_ Treguencies bel ow a stimulus Trequency.
~ Conponent  568ticaband densitien by mappins the sesulties sneatralcoefficients intositical bandsput .
T S R UMy S A SR L
response ch#ensities with a basiar mgmbrane Jspreading function; s (This moddtiisjapplied tattiedhput
i ncor por at egighdt! dn@'tS a'tiovse Mgnhl epfeBdtintg iddtfing eirons B Ebnkfite a "signal excitation
pattern” and a “noise excitation pattern," respectively. The loudness of the input signal
and the noise signal are calculated by intégrating 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
obtained by dividing the loudness of the noise signal by the loudness of the input signal.
The mathematical model is straightforward andvprovides reasonably good ré:sults for
spectral energy below abt;ut 5 kHz, but it is computationally intensive.
| In one embodiment of a backward-adaptive encoder/decoder system, dn encoder
prepares an estimate of the input signal spectral envelope, establishes allocation values by
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 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
values by applying ho' the envelope estimate the same allocation function as that used by the
encoder, dequantizes the quantized infonixatibn, and reverses the scaling of the signal
information. Scaling is used to increase the dynamic range of information which can be
represented by the limited number of bits available for quantizing. Two examples of a
backward-adaptive encoder/decoder system are disclosed in U.S. patents 4,790,016 and
5,109,417, which are incorporated herein by reference 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
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Figures 9a-9c. If the critical-band density information received from path
500 is expressed in the |og-power domain, then the suns cal cul ated by
conponent. 506 and conponent 514 are |og suns. One way i'n which | og suns may
be cal culated is discussed bel ow. - Many alternative enbodi nents are
possi bl e. For exanple, an enbodi ment havi.g. |ower conputational conplexity
may conprise only filter 502, filter 504 and conponent 506, and conponent

506 may conailocatioh alugdby aﬂmﬁ %ﬁn alldcatids funvticn ©Bhformaticacéxtracted fOm (har ger of
the two. The resylts obtained by.this sinpler enbodiment are acceptable in

many  hi gh- §8 §188di ng appl i cations. For exanple, Figure 10b illustrates
a hypothetical  ¢mniGifimaiey, aBaekvstda8t08 Y8cdabr mblbtuse Tk AHbRROR Tfmﬁ.&@wﬁizh

filter 502 hag the inpulse response shown in Figure 10a and er 504 has

the i npul se i ideptisabeorah daast exactlyi eqvivalent; to theg tilized bysthe sacoten, to@herwxse

Lot 1] () angcorfp dbpdabuipn B e/ decdder 1o hot uvdafleod s 3t B bl or
enbodi ment dwplegentatiorrant nﬁﬂp decpdes iscsimilamto Thdslof the enthderc oy reslnemls upone
expr esoeq | el et SodfV NS R4 obp e Bl B
the entries fusctiohén bathithe u;coda‘mndrﬂécadeigl thg'eb)hlinmngl dverplirperfiormaice toffi ¢he
il ters. or 1900eetdoctien vl Spae OF ekl Bnsioeraiie i e drofiees phec

bec ause t hebackveard-adaptivy coding sﬁid‘mscoaﬁﬁkit mwmﬁuaﬂﬁhbﬁbns based upon

| computationally intensive models such as that described by Schroeder, et al.

Forward-adaptive techniques are attractive in many high-quality coding systems
because 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 int6 the encoders of forward-adaptive
coding systems while maintaining compatibi'lityx .ivith existing decoders. The allocation
function used in an encoder can be the result of an independent design choice.

. ‘The ability to improve the allocation function in an encoder is significant. As
advances are made in the arts of signal coding and signal processing, increasingly
sophisticated allocation functions become economically practical. By increasing the
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 this advantage, however, forward-adaptive coding systems may be
unsuitable in many low bit-rate applications because they require a significant number of
bits to 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, bands. 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 carry the
remainder of the coded signal. |

There is, therefore, a desire to develo'p computationally efficient sophisticated
perceptual models which can provide a basis for efficient allocation functions suitable for
low-cost implementation of coding systems. It is also desirable to allow for improvements
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-21- Conputational conplexity may be further reduced by performng the
filter calculations in the | og-power domain. The nmultiplications required
to cal cul ate expression 6 in the power donmain can be inplenented as

additions in the | og-power domain, or |l ogA = log[a, (x).S(x)] =
a, (x) + logS(x) (8) - log B =10g [b, (x).

F, (x-1)]

| og

log b(x) + log F, (x-1). (9)
in allocation functions without incurring extensive overhead in the encoded signal to carry

‘explicit allocation values.

_ Efficient sophisticated perceptual models may also be used in other applications
such as, for example, objectively measuring the performance of split-band coding systems
such as those discussed above. ' '

Disclosure of Invention _
It is an object of the present invention to provide for a computationally efficient

- sophisticated perceptual model.

It is an object of the present invention to provide for an efficient, high-performance
allocation function suitable for use in low bit-rate high-quality encoding/decoding systems
and metﬁods. _

According to the teachings of the present invention in a first embodiment of an
audio encoder, an input signal is split into a plurality of subbands to generate subband
information, the subband information is quantized according to allocation values established
by an allocation function, and the quantized subband information is assembled into an
encoded signal suitable for transmission or smr;ge. The allocation functim; establishes
allocation values in accorélatice with psychoacoustic principles based upon a masking
threshold. - The masking threshold is established by estimating the power spectral density
(PSD) of the input signal, generating an excitation pattern by applying a spreading function
to the PSD, adjusting the excitation pattern by an amount egual 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.

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

In a particular implementation, subband information is quantized by using a
quantizer selected from a set of quantizers. The quantizers in the set may differ from one
another in the number of quantizing levels, use of a symmetric or asymmetric quantization
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© The addition of the two terns in expression 6 cannot be perfornmed in a
straight forward manner in the | og-power domain. This addition, referred to

as d "log sum" can be perforned using the identity |l og (A+B) =
max(l ogA, logB) + log[l1 + exp(-|log A-log B| )] (10) where
exp(y) = antilogarithmof the quantity y.-By constructing a | ookup table of
t he expressi on l og[| + exp(-|log A-l1og B|)] :

(11) for a fendtibapise ofarlineanér nan-lirear quantization furctign,Rus and amplitide of pre-i n
cxore=51 on S ST . B § bRl g o 8 ot
val ue from tanmplitudesignals AlA eoding Eystergmiaiiuse thefsimallaerequantizing Ryel, forcexample,
0 S oo et i ik i i St b
i nvention, hiiplibideicomparableé!to of greafey uRRRG akipithde 60thé dighlier reduce

conmput ati onal conpl exity. .

In another implementation, the allocation values for subband information are
established in response to the difference between the subband information amplitude and a
respective portion of the masking threshold. The allocation values for subband information
may be established in proportion to this difference and/or are established from a lookup
table.

In yet another implementation, an excitation pattern is generated by applying one or
more filters to subband information in the frequency domain. These filters may be

_implemented, for example, by recursive or Infinite Impulse Response (TIR) techniques, by
non-recursive or Finite Impulse Response (FIR) techniques, or by lattice filter techniques.
The use of either technique is not critical to the practice of the present invention.

According to the teachings of the present invention in a second embpdiment of an
encoder, one or more parameters affecting the ;'ésults of the allocation funciion are
modified in response to charactenshcs detected in.either the input signal and/or the
subband information. For example, the SNR offset mentioned above can be modified to
affect overall coding quality. Side information comprising an indication of the modified
parameters is assembled into the encoded signal. ' |

In another implementation of the second embodiment, modified allocation values
resulting from the use of modified parameters are assembled into the encoded signal as
explicit allocation values. ' - o

Further emibodiments of an encoder according o the teachings of the present
invention are possible, includi'ng, but not limited to, an embodiment which incorporates a
combination of the two embodiments described above. Furthermore, various combinations
of the particular implementations described above are possible.

According to the teachings of the present invention in a first erﬁbodiment of an
audio decoder, quantized subband information is extracted from an enéoded signal, the
quantized subband information is dequantized according to allocation values established by
an allocation function, and an output signal is generated in respdnse to the dequantized
subband information. The allocation function establishes allocation values in accordance

~ with psychoacoustic principles based upon a masldng threshold. The masking threshold is
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The | ookup tabl e can be reasonably conpact because the smaller termis
essentially negligible for differences in | log A- log B| greater than
appfoximately 24 dB. In other words, reasonably accurate approxi mations of
the I og sum can be obtained for differences greater than approxi mately 24
db by assum ng that the entry in the tabl_esls equal to zero..

Sensitivity Function The basis of psychoacoustic masking effects is

the fact th Tam ' ] ' i dil igh¥CrepreSanteacsy of
acoustic en%&ﬁﬁpm eve éﬁfﬁ‘r@#&%?ﬁﬂgﬁ%g‘f‘%@q lienffl | sol at ed, malyO
not be audi Bheendoded sigrabngenarating by excitatiom patisertiby applyjng R spreading fanctipn ta,they
function" w . . : ‘ | r ' t he
hunman audi tolir@yn’g)‘/l'gﬁ% ?‘gckgfengéﬁé ip?Jltez"e‘ : %md%ﬁﬁ %ﬁa gﬁ\/\glfﬁeﬁ)&r&% JgEO t he
SNR r equi r ecaichievepsychaacpusiic imasking,seamparipg Kherlgveliof the-adjusted; patters| togbghd x, may
? EZ)e X press ec{hn@hold of heari1ng ahd %Ll?é’ridng a\'\{négkin:g thfekRotd which)is %&ual to the larger of the

two.

In backward-adaptive coding systems, the PSD may be estimated from measures of
subband information amplithde and/or pbwer which are 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.

Features of the implementations discussed above for the first embodiment of an
audio encoder may also be incorporated in this first embodiment of a decoder.

According to the teachings of the present invention 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 fiom the encoded signal.

Further embodiments of a decoder according to the teachings of the present
invention are possible, in;:lud'ing, but not limited to, an em_bodiment which incorporates a
combination of the two embodiments described above. Furthermore, various combinations-
of the particular implementations described above are possible. | _ .

“In a coding system using hybrid-adaptive ﬂlomﬁon, side information may convey
only modified allocation values and/or modified parameters. An allocation function known
to both the encoder and the decoder provides basic allocation values to the decoder. Side
information provides adjustments to thé 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
number of bits required for side inforhation to maintain compatibility between encoder and

" decoder is reduced.

The present invention may be used in splif—band coders implementing filter banks by
ariy of several technidues. It should be understood that although the use of subbands with
bandwidths commensurate with human auditory system critical bandwidths allows greater

- exploitation of psychoacoustic effects, 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.
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- 22 - A sinpler approach uses a sensitivity function of w(x) = -20 dB
which sinply sets the required SNR at a constant 20 dB. In a
preferred enbodi ment in which the maxi numdigital value represents 105 dB
SPL, a conservative level is used to ensure masking by | ow anplitude
spectral conponents even when a pl ayback -9stem vol une control is set to a
very high level. This sensitivity function represented by the expression
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.

Brief Description of Drawings
Figure 1 is a block diagram illustrating one embodiment of an encoder in an
encoder/decoder system ihcorporating 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 Jforward-agaptive allocation.
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. embediment of a decoder in an
encoder/decoder system mcorporatmg backward-adaptwe allocation.
Figure 6 is a block diagram illustrating one embodiment of an encoder in an
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.
Flgure 8 is a block diagram illustrating an embodiment of a process by which an
excitation pattern may be obtained efficiently.
Figures 9a-9c are hypotheucnl graphical illustrations of 1mpulse responses of single-
~ pole filters which may be incorporated into the structure shown in Figure 8. |
Figure 9d 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 9a-9c. |
Figure 10a is a hypothetical graphical illustration of an impulse response for a filter
with one pole and one or more zeroes.
Figure 10b 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 10a.
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[err] is suitable for use in an enbodi nent using the PSD mappi ng shown in
Table I. . An interimmasking threshold Z(x) is defined relative to
the-excitation pattern E(x), offset by the anount specified by the
sensitivity function wW(x). The interimthreshold is obtained fromthe

expressi on Z(x) = WM(x) + E(x) -10 - .
(14) in the | og-power dommin, or fromthe expression Z(xX) = WX).
E(x) Modes for Carrying Out the Invention (15) in the

| i near - power domai n. Maski ng Threshol d

By definition, all acoustic ener §rvarfdedaptize Allogatiom ¢ of hearing is

i naudi bl e;  ther ¢§@iré 1 ifiierafebithe Biie! sirtitubofesiR Enfboliihitnt B2 8plitAand efkOd&S | S
masked does not_need to ppress the quantizing noise anéﬁiower t han t he

threshol d of%mmm@%mimmmm iforyrardsadaptive ellacationy Filterbaak ar ¢ .
o o 02 Skt o g AL GO G300,
Handbook, Addipsationsfuncim 119 establishes allocatiorr valuesiin sespense]t the input signal ansh ei n
to passes the allocation values along path 111 to quantizer 104 and formatter 106. Quantizer
104 quantizes the subband information received from filterbank 102 using a quantization
function adapted in response to the allocation values, and formatter 106 assembles the
quantized subband information and the allocation values into an encoded signal having a
format suitable for transmission or stdrage. The encoded signal is passed along path 108 to
a transmission channel or storage device as desired.

Figure 2 illustrates the basic structure of-one embodiment of a split-band decoder
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 passeq along path 211 and to dequantizer 204.
Dequantizer 204 generates subband information by dequantizing the qumtiz;d information
received from defbnnatter 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 dequantized subband information received from dequantizer 204.

Alternate embodiments of the encoder and decoder are possible. For example, as
shown in Figure 3, a forward-adaptive encoder may establish allocation values in response
to the subband information 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 information.

As discussed above, because allocation values are explicitly passed in the encoded
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. o
| Backward-Adaptive Allocation _

Figure 4 illustrates the basic structure of one embodiment of a split-band encoder
used in an encoder/decoder system incorporating backward-adaptive allocation. Filterbank
102 generates subband information in response to an input signal received from path 100.
Converter 112 generates a representation of the subband information comprising X words
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represent an anal ytical expression of this threshold. The
psychoacoustic maski ng threshold M x) nmay be obtained by conparing the
threshold of hearing with the interimmasking threshold and choosing point
by point the |larger of the two thresholds. This nmay be represented as

Mx) = max [Z(x),0 (x)] . o -11-

(16) Al | ocati on Val ues In one
si npl e enbodad¥vords tTheXiwokis aé passéd siongpath 113 as inpht d atlobationffadictiondN06 dB

of required a%\l % fopmatter 106. Allocation function 110 establishes allocation values in response to
' the X words and passes the allocation values (o quantizer 104. Quantizer 104 generates
quantized information by quantizing 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 transmission or storage. The encoded signal is passed along path 108 to
a transmission channel or storage device as desired.

Figure 5 illustrates the basic structure of one embodiment of a split-band decoder
used in an encoder/decoder system incorporating backward-adaptive allocation.
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
dequantization function adapted in response to the allocation values. Inverse converter 212
generates subband infonqation in_ response to the X words and the ' words; and inverse
filterbank 206 generates along path 208 an output éignal in response to the subband
information received from inverse converter 212. - _

Backward-adaptive 'coding systems may avoid the overhead required to convey side
information in the encoded signal because the allocatiori 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 previously performed in a backward-adaptive encoder. It should be
understood that accurate decoding of the encoded signal does not require that the encoder
and decoder allocation functions themseives 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-ada;;tive allocation. The functions
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 ﬁ\ore of the allocation values established by |
allocation function 110 using either one or both of two basic techniques. The structure
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-23 - [err] where A(x) = allocation value for each spectral conponent
I n frequency: band x. In preferred enbodi nents, a nore effective

all ocation is obtained by table | ookup. The required SNR of the estinmated
spectral power S(x) to the masking threshold Mx) is used as the key into
the | ookup table, and each entry in the tddBle represents the nunber of

quanti zing levels required to achieve the required SNR The | ookup
tabl e ent ri asedvminiplenieat both denbniquesais illusiratgd ire Figureo6ishaweveryeitheridechnique mayhe

o 0, o N i R B 500 PR 5 e g

i nventi on bustruetarea practical matter, the entries in the | ookup table can

signi f_i cantly af th? ﬁ}e fcl:r%td ér%e&eex'mt&ﬁﬁiat?er, _ nlﬁgf 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.
Formatter 106 assembles an indication of the modified parameters and the quantized
information into an encoded signal having a format suitable for transmission or storage.

In the second or *value” technique, adaptor 120 modifies one or more allocation
values. The modified values provided by adaptor 120 are passed along path 121 to
formatter 106 and merge 118. Merge 118 merges the modified values with the allocation
values received from allocation function 110 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. _

The embodiment illustri_ted in Pigure 6 shows adaptor 120 beihg responsive to the
input signal received fron_1 path 100, the subbat;& information received from path 103, and
the X words received from path 113. In alternate embodiments of a hybrid-adaptive
encoder, adaptor 120 mziy be responsive to any one of the three paths, responsive to any
combination of the three paths, and/or responsive to other information. |

Figure 7 illustrates the basic structure of one embodiment of a split-band déooder
used in an encoder/decoder system incorporating hybrid-adaptive allocation. The functions
of the various elements within the embodiment shown 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
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,
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
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One way in which entries in the table may be derived for a particular
coding systemis to neasure the SNR resulting fromthat coding system

i ncorporating quantization functions which are forced to quantize spectral
information into a given nunber of quantizing levels. Table Il1I, for
exanpl e, indicates that a SNR of 8.21 dB;aEq 11. 62 dB are obtained by a
particul ar enbodi-nent of a codi ng system which uses a quantization function

havi ng t hr ee2IgUaeigei 218 héay& tﬁem.ﬁeu%maymltﬁe AlfbchfofCbatues TERRRE o
According to the entries in this table, spectral conponents requiri ng a SNR

of more t hardliocationfandtion 210cand passes she merged allocation yaluestosleguantizas204) | ocat ed
enough bits to be quantlzed|nt(af|vr-)l|4,€,%+E fo In this

i npl enent ation, the | ower bound of the 1: lgh‘ltsnzero quantizing levels at 0
dB, and the upper bound of the table isFitetbank some naxi mum number of bits

;ﬁg\%r ?g EI'gblhgr ?:ﬁeﬁ%@ﬁ?@cﬂé@%ﬁ n‘S’* g%r rég i@oﬁyg%%Gﬁég%‘%f?zi ng
| evel s, whi cimpiqnenmiomapﬁibdmkd%yndmvbrse filterbank 206 fonemp}e anayi bey
SRS, AR Yy S PR i S e R RN B
the "bit budlimited to, Quadﬂamré Miabr Filehs; Ipotybhatsetf'ﬁteﬁl dnd(mheﬁk Pourieh eramdforanat Aon
function exc eeperrea Qﬁnb?)hitme?ly u&g ttlie 'i‘:me Domain Aliasing Cancellatlon (TDAC) transform
disclosed in Princen, Johnson and Bradley, “Subband/Transform Coding Using Filter Bank
Designs Based on Time Domain Aliasing Cancellation,” Proceedings Int, Conf, Acoust.,
Speech, and Signal Proc,, May 1987, pp. 2161-2164. An example of a transform
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 foregoing description of the present invention is more particiilarly directed
toward digital split-band coding implementations, it should be understood that an
encoder/decoder system i;tcorporaﬁng 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 digiml-tb-analog converter (DAC) which
generates analog subband signals in response to digital samples and a component which
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
decoder to inform thé 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,
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
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al l ocation function nust revise the allocation values accordingly. If the
total nunber of bits allocated by the allocation function is |ess than the

bit *budget, it is preferable to revise the allocation values to optim ze
the use of the residual bits. :

-24 - I n some enbodi nents, all ocdfion val ues are refined by
a0 0ot 19, S ol 5t RSl o el A P
account as X werdscnkassapidtingeattoYdvord mantissadvittnond respective lerdlup@ﬁhndl ment,
this is acconplished l?y raisi ng' and | 06%{6}& the interi mmasking threshold
The particular functions' used by quantizer 104 and dequantizer 204 are not critical
to the practice of the present invention, but the two functions should be complementary. In.
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
quantfzing 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 quantimﬁbn 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 ft;nction by switching between
symmetric and asymmetri'c functions, or by adaptively using one or more quantizing levels
to represent special ranges of amplitude. For example, an N-bit quantization function may
reserve one of its 2¥ quantizing levels as a “small-zero* quantizing level, discussed above.
Such a quantizing level, otherwise used to represent large amplitudes, is used instead to

" represent very small amplitudes. By using such a quantlzauon function, an encoder can
allow a decoder to easily dlstmgmsh between small amphtude signals, which are quantized
to a value of zero, from very small amplitude signals, whlch are quantized to the special

small-zero quantizing level.

In response to the allocation values, dequantmer 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 mergé 218 are not critical to the practice of
the present invention. In ooncept; merge 118 and merge 219 combine into one set of
values the oorresponding 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
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Z(x) across sone or all of the spectrum and reestablishing the masking
threshol d according to expression 16 until the total nunber of allocated
bits is sufficiently close to the bit budget. For ease of discussion, the
notation Merr](x) is used to refer to an initial or "ideal"™ masking
~threshol d obtained froman auditory nodet lbefore any adjustnents. are nade
to refine allocation val ues. I n one enbodi nent, the nasking

t hr eshol d nagprésents dheonusubes bits o usedin quantizingmbband information inya rgspeglineh as 24

dB with res o] | |

correspond ?gb%éﬁ‘o%@f#g%%%@w&%agé@ﬁ?%ﬂ" | §° an &Z e\?vtggmbi ts
per spect r abydieypantizer insteadpectively. Initially, the nasking threshold is
set to a level 2 en ' | - . 4 .
extrenes of 72 dé’gﬁﬂgg‘lz%\gﬁe’ ?Lée@é?ﬁebs\ég;tvi%@# \?/naay t?gs?“@# lenggtgyéﬁmé?ﬁ%man ed
conpar ed t o values (i ddjust doredspondliny allocytioncalues. tRec kxample, the peslifiedavabie can

adj ustnents to the npasking, t'hreshaol d .t onverge t.he total bit all tion
to a val ue ffRrEsent an @ﬁmeﬂtﬂi)a'aﬂ"ﬂg? s“'lf'ﬁh ¢ E"’%PP‘E'% %@Eonmgu%?l}?g%ges earch
reit Ier at ﬁs tg_htﬁ\gg&g'lﬁtﬁ s@ﬁtmgirafmcﬁr,um hﬁmsértdtmlus hga tb?ﬁlﬁit%zbitshbl?‘h&l @ntfaidllaibn
equal s e hi udget or unti e Lncremen adj us 0 the paskin
Chreshol d i dn e gagichias subband gould b O iRy thr algebrRIo.ABLOL P FesPrriiYe allocalion
bi nary sear Gilugaké s%ef otRespolidingt MBdified Valud, IEthemsddified valuiedis prdsenttin tRSénabddds h

a level as much as 6 dB lower which converges the total bit allocation nore
closely to tsigeal. Alternatively, the modified value may represent a factor by which the

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
implementation'of the formatting and deformatting functions may be important toa
particular application, it is not critical to the prictice of the présent 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
Overview

Allocation 110 establishes allocation values according to psycho-perceptual
principles. These allocation values are established such that the resulting quantizing noise,
if possible, does not exceed a masking threshold. This proceés is discussed in more defail
below. Although the discussion is directed more particularly to audio coding systems,
many of the concepts presented may be used in a wider range of applications such as video
coding.

The masking threshold is established by applying a mathematical model of human
perception. A wide variety of models may be used with various aspects of the present
invention. According to Schroeder, et al., cited above, the response of the human ear to
acoustic energy can be modelled by (1) estimating the power spectral density (PSD) of the
input signal, (2) obtaining the critical-band density of the input signal by mapping the PSD
into criﬁcai bands, (3) generating a basilar-membrane excitation pattern by applying a
basilar-membrane spreading function to the critical-band density information, (4) generating
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- bit budget. This binary search reiterates the fine adjustnents until either
the total bit allocation equals the bit budget or until the increnental

adjustment to the masking threshold is less than 0.375 dB. The difference

bet ween the adjusted threshold and Merr](x) may be passed in the encoded

signal, allow ng the decoder to establishl6he allocation values directly

W thout repeating the convergence process. This sanme coarse/fine

adj ust mrent pu btadm nakinp ¢hreshelll by adjusting thehexcitationqeatiemcbysarsarsomnt iequahito g h

bi . R (

p'oltof tf it 'g-%io ﬁgfsﬁi%i?ﬁb&@%ﬂcﬁ%ﬁ% st prictAHRTAR iRl COTTO0
on 0 a therinwariinomaskk reshioid

al | gcat i onnﬁ?r' g?la ‘(i:gh el so as convyer dngaqffi Ci gl?)lﬁfm?li:lndfmmal nt s
are made topm"ﬂga'f‘ﬂ@m g‘gﬁgﬁﬁ?'ﬁﬁﬁeﬁﬁ?gﬁv‘\'mﬁs\?ﬂ%ﬁ @ﬁﬁﬁﬁt?éﬁ\ﬁnﬁ‘?ﬁ
the total allocagele br iiese Stefamay bé Corbined or pezformed jn & Uiffeent ordehie For ¢

budget. The fine adjustnents _may_ be made by: (1) conpl eting, one adj ust ment
to a respeceramplessitn hand mgmmW%ﬂéﬂmﬁﬂ%hl "Ftrf“mﬂ“ﬁthﬁd?‘?‘}??i ng

across all {HRpGHRARTFaR iplit slgnBGR6Crilici%bands and then generating the critical-band
density directly from the mapped components. As another example, step 2 through step 4
can be combined into a single step to generate an interim masking threshold by applying an
appropriately weighted spreading function directly to the input signal PSD.

The following discussion is more particularly directed toward embodiments
incorporating variations of the six steps listed above. These steps are used to explain
various concepts and are not required to practice the present invention. Alternative
embodiments may incorporate other auditory models which comprise other steps.

Power Spectral Density

Encoders in forwat;d-adaptive systems may estimate the PSD of an input signal from
information received from path 100 and/or patl'i?-103.. For example, in systems
ini:orporating 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, however, generally estimate the PSD
from the X words received from path 113. '

In one implementation in which tﬁe amplitude of each spectral component C is
represented ini a conventional binary floating-point form comprising an exponent X and a

‘ mantissa ¥, 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 = ¥:2*. From this representation, the power of
each spectral component may be estimated from an expression such as

§, = -6(X,+0.5)dB. - W
where §; = power of spectral oomponént 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
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-25 - (2) adjusting a respective masking threshold for each channel in
turn until converging, starting with a highest-priority channel and
proceeding to a |owest-priority channel. A process simlar to that
just described for multi-channel coding systens nmay be used in other coding
systens with one or nore channels. Bits ogy.be allocated froma conmmon pool
of bits to spectral conponents over an extended period of tine. In a

transform cqfié eponsiits &1 the Epectral dhiponén@rinSeacti Binds t ORSway i ®hith@clog Sum may
al | ocati ons _acr s mJ,ItlpIe [) cks of transformcoeff|C|ents until the
total allocd®i P¥- bl ocks converges sufficiently close to

the bit budget. uam agd Pﬁfuﬁﬁ_&t fefNBd féiCesifa@ngthe PERD i crifical do WﬁﬁéﬂobVe

maski ng threshold for each block in turn, adjusting across all of

bl ocks unt i 19fdbpresent Hg'enm sApagEactical; ‘%atiffb awexer, dhe aecuragy pf the method-¢an
ﬁggl Ing rsnzlst rﬁ%‘r‘gﬁ{w g@ﬁ%ﬂgqymb%%&ém It may also be adapted for
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 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
spectral component occurs at the edge of a codmg system subband, other spectlal
components in the subband can occur outside the actual critical bandwidth unless the
subband bandwidth is no more that one-half a critical bandwidth.

In one embodiment, the input signal PSD is mapped into bands each having a
bandwidth of about one. critical bandwidtﬁ of the human auditory system. Each of the
bands has a width of one Bark. Ina preferred embodiment, the input signal PSD is
mapped into “subcritical bands" having bandwidths of about one-half the critical
bandwidths 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 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

fssso-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 mput signal
can be obtained from the appropriate mapping function according to
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systens. As these exanpl-es show, many variations in the
convergence process are possible. If an allocation ceiling is used in a
particul ar inplenentation, then the convergence process should not allow an
al l ocation value to exceed this ceiling. | f the masking threshold
is raised to bring the total bit allocatygn within a bit budget, it is
possi bl e that one or nore "internedi ate spectral conponents may exceed the
initial threshold l\/[eérr!’a but not exceed the adjusted threshold Mx).
According to exHdssi these internedi ate spectral conponents ard3not
al located any bits and ar t her ef ore, excl uded fromthe encoded signal.
Thi s exclu b C clusionis intermttent.
For exanpl 3"’ gbﬁar §8n| cks&h?ale{ﬁ@’g tdafﬁir‘l‘l'e émrfa%abe intermttently

excl uded duri ngSmt%mﬁaw-bhnd/dﬂgltyoﬂﬂiedmpullsigaalacoust ic energy el sewhere in
t he spectrum . If bits are abé §ﬁ8 to t hese internmedi ate spectral
conponents, "the bit budget can be piiahon Fattem gecr easi ng the all ocation to
| ar ger spectral Aﬁpéﬂenamtme&oawﬁﬁma&lbw thie Wstri El&ﬁﬁ%‘f'%ﬁ alon gxtee
coding quality of the |arger spectral- Conponents is |ikely %1 bl e.
Preferablybaﬂigﬂ' ephsancqwhish gesp ﬁpedh%manmmmmseateséwmamwém t he

audibl e ef iRl R ko phief LS QIR Rbihe GABRAGA' > O e one

hand and de I'ng the co

E@x) = SG) + B(x) - . @
where E(x) = is the excitation pattern resulting from the input signal, and

B(x) = is a basilar-membrane spreading function.
Schroeder, et al. provide a convenient analytical expression for a spreading function across
frequency bands'having critical bandwidths. The expression, which provides the level of
spreading in frequency band x resulting from a spectral component in frequency band x,, is

1010g,oB(Ax) = 15.81 + 7.5(Ax + 0474) - 175J1 + (Ax + 0474)2 dB (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 corhplexity on the order
of N-M, where N is the number of points in S(x) and M is the number of poihts_ in B(x).
‘As a result, it is not practical to use the Schroeder model in many coding systems,
particularly in backward-adaptwe coding systems. .

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

Figure 8 illustrates one embodiment of a pMs 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 500, passed thmugh three filters, and combined to form the excitation
pattern.

The PSD may be scaled as a linear, logarithmic or other representation of power.
If the PSD is a linear representation of inpui signal power and if the higher-frequency

* bands x have a bandwidth expressed in Barks which is substantially constant, then these
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quality of larger spectral conponents on the other hand. I n one
enbodi nent, an attenpt to achi eve such bal ance is nade by allocating only a
m ni nrum nunber of bits to all internedi ate spectral conponents. In a
particular inplenmentation, this is accogﬁlished by quantizing al

i nternedi ate spectral conponents u5| ng € quanti zation function having
t he. m ni rm nunber Qf uang i ZI veI S

-26 - ?ﬂ? gﬁcﬁ% ‘Y'g‘ %Ff‘%sl%t 'a°“6’“ '&?‘F‘S&‘&F bﬁg a
m ni num nurdiefecm&wblekpmxonl y those i nternmedi ate spectral conponents
within a limted frequenc e. ThIS range extends fromthe

hi ghest - frequencﬁa@p%é’t@'h&@ PE1&Thi ch exceeds the adj ust ed ©
where a/(x) = gain factor for filter 4,
b{x) = rate of decay for filter i, |
F,(x) = output of filter 502 at frequency band x,
Fyx) = output of filter 504 at frequency band x, and
Fs(x) = output of filter 510 at frequency band x.
Hypothetical impulse responses of filter 502, filter S04 and filter 510 are illustrated in
Figures 9a-9c, respectively. :
If the PSD is a logarithmic representation of input slgnal power, filter calculations
- may be performed more efficiently in the log-power domain. One way in wlnch these
calculations may be performed is discussed below.

If the higher-frequency bands x do not have bandwidths expressed in Barks which
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 S02 preferably has one or more zeroes with a transfer function such as

M0

R0 = 6,)S6) + b&FE-D + [1-5@1Y S Y]

where M(x) = number of zeroes for filter F, at frequency band x.
The third term in expression 7, in effect, delays the exponentlal decay in the
|mpulse response. A hypothetical impulse response is shown in Figure 10a. 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
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 spre'ading function with
reasonable accuracy can be obtained using a recursive term coefficient b, which is
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maski ng threshold up to the upper limt of the encoded signal bandw dth.

In yet another enbodi nent, bal ancing may be attenpted by allocating bits to
onl-y those internedi ate spectral conmponents which are no nore than sone

| evel , say 9 dB, below the adjusted maskjqp.threshold. In a variation of
this enbodi nent, the | evel below the adjusted threshold is nodified to

ensure t hat gif3@ntlllyliavariht. D5bific Fhridtion if dodfficietits is Wokedikelysiequitedcih many
conponents does nof exceed a_percentage of the Dbif, tﬁ)gg‘?t As anot her
exanpl e, t heodingsxstems;fop lawer-frequrngy bards becayse, tne; oritica widths age much,
conmponent s bal anced by controlling the bandw dth of the frequency
range within i ch these allocations maé t ake pl ace. udj. bl e

consequences of Fhe Slien chamcisristicsiman immﬂg@we@%l Ment s
changed, - Fobbpicaot O hs bR Splfided s By AUES pRARCINS RRRIANM TRMAHS
al | ocati on Iwhichcid aaapped firequenty domainn mmmmcsmeﬂwﬁnetsmts ®f several
Dl o, oG BEMBH, S o Rl 8 3o 8 oSty
Al | ocati on akatpevidedtly doinvelution with alspreadieg funckion. of bits all ocated thus far
's | st than t heR%}‘e}rinlljgugogﬁitguret ,% %&rl%%?a frequency-band reversal of the
information received from path 500 prior to filtering by filter 510, and reverse 512
performs a frequency-band reversal of the filtered output. The two reverse elements and
the interposed filter represent the spreading function along the basilar membrane at
frequencies below a stimulus frequency. '
Component 506 and component 514 obtain the sum of their respective inputs. The
sum resulting from component 514, which is the calculated excitation pattern, is passed
along path 516. Figure 9d represents the comggsite responsé characteristié of the structure _
illustrated in Figure 8 wh'ich incorporates filters havu;g the characteristics shown in
Figures 9a-9c. If the critical-band density information received from path 500 is expressed
in the log-power domain, then the sums calculated by component 506 and component 514
are log sums. 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 502, filter 504 and component
506, and component 506 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
high-quality coding applicationé. For example, Figui'e 10b illustrates a hypothetical
composite impulse response of this embodiment in which filter 502 has the impulse
response shown in Figure 10a and filter 504 has the impulse response shown in Figure 9b. -
Table 1I shows filter coefficients a,(x) and b,(x) for filter 502 and coefficients a,(x) and
by(x) for filter 504 which are suitable for use in an embodiment using the PSD mapping
shown in Table 1. 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 TIR filters, FIR filters or lattice filters, but TIR
filters are generally preferred because they are usually more efficient computationally.
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may be allocated in any nunber of ways. In one enbodi nent, a two-step
process 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 value is nore than zero and | ess than
the allocation ceiling, or (b) the allocgjiLon value is zero and the

al l'ocation value for either adjacent frequency band was nore than zero at

the start onfutiiondl complekity miyiteFuAnes rédiced by PRiférmifg et filfkd calcilitidnd $n
| owest - frequency band and proceeding . upward in frequency, the allocation

val ue for ABRIPETROMET damaing e multipliratiensyequired tp calcplate sxpression §in Bieowsr
val ue is | GRomaiam Uehﬁlplﬂtﬁeﬂ&ﬁflgiﬁ%diﬁ&ﬂé infife loglfwved dbMath oAt €s until no

residual bits remain. e al location of residual bits can be avoided

or mininized by logdologJaieStdhwelogea)e+dop863s to converge sufficier)y

close to the bit budget so that there are very few.if any residual bits.
-log B = log [b,(x)*F,(x-1)] = log b,(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

log (4+B) = max(log 4, log 5) + log[1 + exp(-{iog.4 ~1og B)] (10

where exp(y) = antilogarithm of the quantity y. By constructing a lookup table of the
-expression

log[l + exp(-llogA-logBl)] ‘ (11)
for a suitable range of values |logA-logB|, the addition in expression 6 may be
performed in the log-power domain by (1) findipg the absolute value of the difference
between log 4 and log B; (2) obtaining a value.from the lookup table by usiﬁg 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,
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 4 - log B | greater than approximately 24 dB. In other
words, reasonably accurate approxihiations 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. |

Sensitivity Function

The basis of psychoacoustic 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
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 |

10log,, w(x) = —(15.5 + x) dB. ' (12)
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- 27 - - Adapt or In .
split-band coding systens using allocation functions which are based upon
var-i ous psycho-perceptual effects, any paraneter affecting the underlying
psycho- perceptual nodel may be nodified to adapt the allocation function.

I n audi o coding applications, for exanpla®,- such paraneters include (1) the
filter coefficients of equation 6 or equation 7 which nodel the | evel of
psychoacougtsifipleBagprotth Ve e sensitdvicy funelioofav(exi200dB which simiply tsets the
characteri StICS f t he sensm2 ty function which provides the SNR of f set
from the ewghired SR at aconstant P#the | evel of inter-channel masking in a

mul ti-channel swsd er(eé)enibb&mibﬁt\iivivﬁibm thef maxhauinrdigital valge adpresedty 105dB
m ni mrum nunber of bits

|l ocate t b i t funct f
frequency, ® l’b)aP‘I’FEe‘é(P‘I‘Y?clSY’ﬁdﬁ‘? tsFPé‘“‘SE‘Gg&'?ﬂg\’X/ a "H&FQ’EH%?)‘FF?&P%?C’%“'& gngy,
and (7): thsvéwm ks sté?m%luﬁbtosnﬁa@kétqsat@ntmgmmﬁcmnlsemmnent

la
for each increnent ﬁk¥ncrease in anplitude as a function of spectral
anpl i t ude. ftmm repeasented by the expmston

-40 dB : for 1 <x <36
w(x) = |1.923x-107.308 dB  for 36 S x <49 13)
-15 dB ford9 <x

is suitable for use in an embodiment using the PSD mapping shown in Table 1.
An interim masking threshold Z(x) is defined relative to the excitation pattern E(x),
offset by the amount specified by the sensitivity function w(x). The interim threshold is

obtained from the expression _

Z() = w() + B A (14)
in the log-power domain, or from the expressiof "

Z(x) = w(x)-E@x)y ' (15)

in the linear-power domain. .
: _ Masking Threshold

By definition, all acoustic energy below the threshold of hearing is inaudible;
therefore, the SNR required to ensure that qﬁantizing 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 -
Standards Handbook, Acousfics, 1990, pp. 20-25. The function 0(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

M) = max[z@m,00]. { (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 .
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evi dence indicates that a higher SNRis required to achi eve nmaski ng at
hi gher anplitudes; therefore, an allocation of one additional bit per 6 dB
increase in anplitude nay be required at high anplitudes but an allocation
of only one bit per 12 db increase nmay be adequate at | ower anplitudes.
Adaptor 120 nmay utilize either or both €23 the "paraneter" technique and the
"val ue" technique to adapt the results of the allocation function. The

"paranmeter” techni quel gph al difying_ope or nore paraneters such as
t hose di scussed ove -g?reﬁ—"-v-a)mjef“tsé’@hﬁ Pfﬁ@ entails generating one re
nodi fi ed val ues I chj are nerge T&tsz‘é)t hegﬁltl ocation val ues obtained Tr'om

r

the allocation functibn. 9 ' hr - process used to inpl enent
either technique is not critical to the practice of the present invention.

corpar | ng. oHeRs AuE 7 aagpaton Jalloie At 3odcial ket ih HEghinb bhil €, L PT (.
obt ai ned from bas prefértédosmbiodiments; aahore effedtive allocation isiobtainedbly tabledlookaipies
basi ¢ val uceeanid Sk af e cpimaed seeial eores Sc e Uceang Bissbolf T Brc | o
may be restjsedasie key @ifto Ui POKTY thbl¥, ardceatit eMePin thewbld Repreatrite teaiumber of
2Pl i cat | orANEAE By frabired MAcHeve he-4oRuired MR on my lse a mor o
sophi sticated The lookup table entries may be based upon quantizing relationships well known in
' the art and used in various prior art coding systems. Conceptually, no particular lookup
table is critical to the practice of the present invention but as a practical matter, the entries
in the lookup table can significantly affect'ooding system performance.

-One way in which entries in the table ma§ be derived for a particular coding system
is to measure the SNR resulting from that coding system incorporating quantization
functions which are forced to quantize spectral infoma}_fqn into a given number of
quantizing levels. Table III, for example, indid;tes 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
function having three quantizing fevels 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. | | | | N

In this implementation, the lower bound of the table is zero quantizing levels at
{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 III, the
allocation ceiling corresponds to 65,536 quantizing levels, which can be represented by 16
- bits. _ '

In many coding systems, the allocation function establishes allocation values which
allocate a specified number of bits. This number is referred to herein as the "bit budget.”
If the total number of bits allocated by the allocation function exceeds the bit budget, the
allocation function must revise the allocation values accordingly. If the total number of
bits allocated by the allocation function is less than the bit budget, it is preferable to revise
the allocation values to optimize the use of the residual bits.
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psychoacousti c .nodel including consideration for signal characteristics
such as the flatness of the input signal spectrum the average or peak
anptitude of the input signal, and whether a masking conponent is tone-like
or noise-like. : Anot her exenpl ary adapting process avoids performng
a conplete allocation function, nerely.gg¢nerating adjustnents to the basic
all bcation values in response to the

- 28 - det ecti hinsodie efabiodirénts; iatlocution valueCire refided by adfidling R T8V of tHiee basi c

al T ocatl on e Shroihi1d WiCe) and recalculating the allocation values. Preferably, the threshold
of hearing is taken into accoun 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
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 an auditory model before any adjustments. are made to
refine allocation values. - _

In one embodiment, the masking threshold may be lowered by as much as 72 dB
and raised by as much as 24 dB with respect to the My(x) 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 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 conVetge the total bit allocation toa
value which is equal to or less than the bit budget. The binary search reitera'tes tile'ooarse
adjustments until either the total bit allocation equals the bit budget or until the incremental
adjustment to the masking threshold is less than 1.5 dB. Following these coarse
adjustments, the binary scarch makes fine adjustments to the masking threshold to establish
a level as much as 6 dB lower which converges the fotal bit allocation more closely to the
bit budget. :Thi_s binary search reiterates the fine adjustments until either the total bit
allocation equals the bit budget or until the incremental adjustment to the masi:ing threshold
is less 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
vﬁﬂmﬁtnmanhglheomnmqmmaapnmam.

This same coarse/fine adjustment brooess may be used in multi-channel coding
systems in which bits are alloc.mted;to spectral cdmponents in all channels from a common

' pdol of bits. In an alternative embodiment, coarse adjustments are made only to a masking
threshold commion 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
threshold for each channel in turn, adjusting across all the channels until converging, or
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I ncreased in response to detecting tone-1like masking conponents, or the
basic al l ocation val ues nmay be decreased in response to detecting that the
i nput signal spectrumis essentially flat. As di scussed above,
adaptor 120 nay be responsive to the input signal, the subband information
obtained fromfilterbank 102, the X word23ebtai ned fromconverter 112, or
any other information of significance to the particular application. In a
codi ng syst(@)radjusting al respgciivesmasking threshkald Sorceach: chonned in tarn valibegnVergingsapt or
120 may be V&0 A L e 0 pgf&, ation so
as to provi%%%ﬁﬁo'i‘ﬁﬁ?%@ﬁ‘gﬁﬁ‘?ﬁ%%ﬁ%i C regﬁgdgg]ﬁ? 11 otggi?{c')‘%g t her eby
trading of f | oweh prockssrsimilaran thas just describedsforimulti-ghapmel codingsystesps 8Wdibeg, in
ant! ¢l pat! Qegln bES aé}sﬂeﬁﬁ WdiS6np dr'indr hrinkis! HiRUAY bRIAEIHokn 2

In a digital video displ system Ttor exanp adaptor. 120 may provi de an
al | ocat i on ¢amsmon pool wh bitsta speeteal somponests:ayenar extensded ipariod of timer dB@ al | owi ng

L0 oPe” Ll Y Bl Aot RGBS o AR MRS fnd b0
‘responsi ve meltiple/blocks mf imnsform ebsfficieats untilsthe totaliatiocation for the iImuitipip plocksat i on.
:;Pg s g 2? ! ?ﬁvg{‘["%%h’fs sdfﬁgi%tpfélbs%r}oltﬁe &? BucfgreLt Thé kiné gdﬁl%et% %%y' b%enge !})J”' €
adjusting a respective masking threshold for each block in turn, adjusting across all of the
blocks until converging. This process is applicable to other split-band coding systems such
as subband coding systems. It may also be adapted for use in multi-channel coding
systems. | '

As these examples show, many variationg in the convergence process are possible.

- 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'oﬁe-or more “intermé&iate" spectral components xﬁay exceed the
initial threshold M(x) but not exceed the adjusted threshold M(x). According to expression
17, these intermediate spectral components are not allocated any _bits and are, therefore, |
excluded from the encoded signal. This exclusion may be audible, 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. .

If bits are allocated to these intermediate spectral components, the bit budget can be
balanced by dmﬁng the allocation to larger spectral components; however, the resulting
degradation in the coding quality of the larger spectral components is likely to be audible.
Preferably, bits should be allocated so as to obtzin a balance between the audible effects of
excluding intermediate spectral components on the one hand and 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 ilitermediate spectral domponents
using the quantiutidn function having the minimum number of quantizing levels.
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It should be appreciat ed that the present invention nmay be practiced wthin
nunmer ous enbodi nents inplenmented by a wide variety of techniques.

- 29 - Tabl es Band No. Low Freq. High
Freq. ‘Band No. Low Freq. High Freq.

-26 -

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 olily

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 allocated to these intermediate spectral components
may be balanced by ebntmlling the bandwidth of the frequency range within which these
allocations may take place. _

The audible consequences of allocaﬁng bits to these intermédiate spectral
components may be reduced by controlling the rate at which these allocations may be
changed. For example, intermediate spectral componehts may be excluded from allocation
by reducing the allocation bandwidth over an inferval of several hundreds of milliseconds.
In effect, modifications to criteria used to exclt}de intermediate spectral comi»onents are
subject to a low-pass ﬁltt':r. | |

Allocation of Residual Bits

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 embédiment, a two-step process is used:
(1) starting wuh the lowest-frequency band and proceeding upward in frequency, the _
allocation for a frequency band is increased if either () the respective allocation value is
more than zero and less than the allocation ceiling, or (b) the allocation value is zero and
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
proceedmg 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.

The allocation of residual bits can be avoided or minimized by allowing the

convergence process to converge sufﬁclently close to the bit budget so that there are very
few if any residual bits.
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0. 0250
0. 1250

N
(e0]

. 4125
. 8000

. 3750
4800
5400
6025
6675
7350
8050
8800
9600

00000000 ONNN

(kKHz) (kHz) X (kHz) (kHz) = 1

0. 0750 26 1. 9250 2.0750 2 0. 0750
27 2.0750 2.2375 3 0. 1250 0.1750
2.2375 2.4125 4 0. 1750- 0. 2250 29
2. 6000 5 0. 2250 -@72750 30 : 2. 6000
6 0. 2750 0. 3250 _ 31 . 2. 8000 3. 0250
0. 3250 0. 3750 Jndaptor 3. 0250 3. 2750 8

0. 4230 splétzlband coding éf%gl&ousing al%éaglg‘uncﬁoggwﬁﬁ:ﬂ%re Bas%%on Oj 4250

various psycBié-perceptual effedi§,Giy parameter affecting thé underlyingOpsyetidoperceptual

model may l%?,nodiﬁed to a}:@oo@g auocaﬁéq g.glg@on. Iu}éadio codingggpg;g%ions, for

example, suchSparameters incleie((d) the filter badfficients dfl equation 60:: ‘£gadlion 7
which modeﬁ@e level of psgcl%%%:suc magn gv)ve ami/gr below a 'B o tone,

(2) the charaéteristics of thesensifivity funcffon3which 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
information as a function of frequency, (6) the allocation ceiling, possibly as a function of
frequency, and (7) the number of additional bits to allocate to a spectral component for
each incremental increase in amplitude as a function of spectral amplitude. 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 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. ' e a

Adaptor 120 may utlhze either or both ot‘ 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
entails generating one or more modified values whlch are merged with the allocation values
obtamed from the allocation function.

The particular process used to nmplement- 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 formmg modified values for each alternate
value where the difference between it and the respective basic value is significant. The
complexlty of the basic allocation functlon may be restricted so as to simplify the deooder,
but the alternate allocation function may be as complex as desired. In audio coding
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 allocatnon
function, merely generating adjustments to the basic allocation values in response to the
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0. 9600 1. 0425 42 7.3750 8. 1250 18

1.1275" - ' : 43 8. 1250 9.0000 = 19

1.2200 44 9. 0000 10. 0000 20

1. 3200 45 10. 0000 11. 2500 21
~1.4275 46 J4g 2500 12. 7500 22

1.5425 47 12. 7500 14. 5625 23
déteﬁﬁoﬁf'bf various slgnal ché&mnstlcs iiér éﬁﬁﬁale, md&sﬁ&Tﬁcatlon%ues may be

1@%n response to detecgv@g tone-like m;;lgqs gomponégtsg%r e basnc alloamon

values may be decreased in respdnse id dctectifg ftiht WRARput Gignal spectrum is

“essentially flat.

As discussed above, adaptor 120 may be responsive to the mput s:gnal the subband

' ‘informatlon 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
Ioné-dislanoe 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
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 tim:against highei'picture resolutions.

As these examples show, adaptor 120 may be responsive to any information which

is desired in a particular application. The chonce of this information is not cntlcal to the
practice of the present mventlon '

It should be appreciated that the present invention may be pracnced within
numerous embodlments implemented by a wide vanety of techniques.
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- 30 - Band rr](x) b[errf](x) aferr](x) b[err] (x) Band a[err](x)
b[err](x).ana[eﬂ]e(x%( b[err] (x) X (dB) (dB) (dB) (dB)
(dB

X (dB) (dB) (dB) (dB)° 1 0.000 -15.000
-40.000. -1.600 26 0.000 -6.700 -22.000 -0.400 2 0.000 -6.400

-35.000 -2.000 27 0.000 -6.578 -22.889 0.000 3 0.000 -6.550
-28'500 -1.850 28 0.000 -6.456 -23.778 0.000 4 0.000 -6.700
-22.000 -1.700 29 0.000 -6.333 -24-8897- 0.000 5 0.000 -6.700
-21.333 -1.717 30 0.000 -6.211 -25.556 0.000 6 0.000 -6.700
-20.667 -1.733 31 0.000 -6.089 -26TdHs 0. 000 7 0.000 -6.700
-20.000 -1.750 0.000 -5.967 -27.333 0.000 8 0.0QO -6. 700

-19.333 -1.7 Band H@ (a0 Breq. 5. High Fred3. 222 0.B4d No. Low Freq. High Freq.

: —X = _(H2) —(kHz) —X  _(kHz) —(kHz)

1 0.0250 0.0750 26 1.9250 2.0750

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

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 K] 3.5500 3.8500

10 0.4800 0.5400 35 3.8500 4.2000

11 0.5400 0.6025 36 4.2000 4.6000

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

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

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

Critical-Band Mapping
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0. 000
.000 -6.700
.000 -6.700
.000 -6.700
.000 -6.700
.000 -6.700
.000 -6.700
.000 - 6. 700
.000 - 6B4RP
.000 -6. 790
. 000 -677%0
000 -6.740
000 -6.7§0
000 -6. 740
000 -6.7Q0
000 -6.7}0
000 -6.780
8
9

-6.700 -18.667

-18. 000 -
-18. 000 -
-18.000 -

-18. 000
-18. 000
-18.000 -

omyl

1
1
1
-18. 000 -1.
1
1
1

-1.783 34 0.000 -5.722

' -29.111

0. 000 10

.800" 35 0.000 -5.600 -30.000 0.000 11
. 771 36 0.000 -5.554 -31.923 0.000 " 12
. 743 37 0.000 -5.508 -33.846 0.000 13
714 38 0.000 -5.462 -35.769 0.000 14
1.686 39 0.000 -5.415 -37.692 0.000 15
.657 -40 O0.990 -5.369. -39.615 0.000 16
.629 41 0.000 -5.323 -41.538 0.000 17
) 42by(f). 000 Bdmd27%,()43.H6) Oald0 HBE)

43 (§@) 000 -3 23YdBY 45 @B4 OMBO _GB)

000 41180000, 76 1T000 126300 2200 R0

27 13000 496299 2200 6000

%5 09000 516458 230A8 (2800
0. 0005 - 3 00 5530724 100D 0003

e
49 55 .
21.733 000 226 %g 000
50,4 780900 000555 G 0.000
-1.767 5.844 -28.222  0.000
-1.783 S72  29.111  0.000
-1.800 35 ()000 5.600 -30.000 0.000
A7 36 0.000 -5.554 -31.923 0.000
-1.743 37 0.000 -5.508 -33.846 0.000
-1.714 38  0.000 -5.462 -35.769 0.000
-1.686 39 0.000 -5.415 -37.692 0.000
-1.657 -40 0.000 -5.369. -39.615 0.000
-1.629 41 0.000 -5.323 -41.538  0.000
-1.600 42 0.000 -5277 -43.461 0.000
-1.467 43 0000 -5231 -45.384 0.000
-1.333 44 .0.000. -5.185 -47.307 0.000
-1.200 45 "0.000 -5.139 -49.230 0.000
-1.067 - 46 0.000 -5.002 -51.153 0.000
0933 5 47 0.000 -5.046 -53.076 0.000
-0.800 48 0.000 -5.000 -54.999 0.000
0.667 49 0.000 -5.000 -55.000 0.000
-0.533 50 0.000 -5.000 -55.000 0.000
Table II
Filter Coefficients
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- Tabl e || | Filter Coefficients
-31 - Required SNR Quantizing (dB) Level s 0. 00
0O - 8.21 3 : .

-31 -

Required SNR Quantizing

0.00 0
8.21 3
11.62 5
15.09 7
21.49 15
27.75 K]
34.01 64
39.99 128
46.16 256
52.12 512
58.19 1,024
64.14 ' 2,048
70.11 4,006
76.23 8,192
82.21 16,384
88.11 32,768
- 9432 i 65,536
Table ITT

Allocation Lookup Table

"y Fs
3
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.11.62 5 15.09 | 7 21. 49 15 27.75

31 34. 01 64 39. 99 128 46. 16 256 -
52.12 512 58.19 1,024 64. 14 2,048 70.11
4,096 76. 23 8,192 82.21 16, 384 88.11 32, 768
94. 32 65, 536 _ Table 111 -32- '

CLAIMS

1. An encoder for encoding an input signal comprising

subband means for generating subband signals representing frequency
subbands of said input signal and for generating a spectral representation of said
input signal, '

excitation means for generating an excitation pattern by.applying a spreading
function to said spectral representation, |
' threshold means for establishing an initial masking threshold in response to
said excitation pattern, . )

allocation means for allocating respective numbers of bits to said subband
signals in accordance with levels of said subband signals relative to said initial
masking threshold,

quantization means for génerating quantized information by quantizing said
subband signals in accordance with said respective numbers of bits allocated to said
subband signals, and

format means for assembling said quantized information into an encoded
signal suitable for transmission or storage.

2. An encoder according to claim 1 wh_el"ein said spectral representation is generated
by applying a mapping function to an estimate of the power spectral density of said input
signal, said mapping function derived from a relationship betieen frequency fand

frequency band x according to f = 650 - sinh -f;

3. An encoder according to claim 1 wherein said spectral representation is generated
by applying a mapping function to an estimate of the power spectral density of said input
signal, said mapping function implemented as a lookup table of entries wherein a log-lbg
function of bandwidths of the entries in said table is substantially linear between a first
entry near the low-frequency end of said table and a second entry near the high-frequency
end of said table. - |
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Al | ocati on Lookup Tabl e _ '
-32 - : CLAI M5 1. An encoder

for- encodi ng an i nput signal conprising subband neans for
generating subband signals representing frequency subbands of said

I nput signal and for generating a spectrajsyepresentation of said
| nput signal,

4. An encoder according to any one of claims 1 through 3 wherein said excitation
means applies said spreading function by applying one or more filters to said spectral
representation. -

5. An encoder according to any one of claims 1 through 4 wherein said initial
masking threshold is established at a level relative to said excitation pattei'n, but not lower
than a level substantially equal to the threshold of hearing.

6. An encoder according to any one of claims 1 through 5 wherein said allocation
means comprises means for adjusting the level of said initial masking threshold such that a
total number of allocated bits is substantially equal to a bit budget.

7. An encoder according to claim 6 wherein said allocation means comprises

means for establishing an adjustetf masking threshold by adjusting the level
of said initial masking threshold, :

means for establishing intermediate spectral components having levels
exceeding said initial masking threshold ‘But below said adjusted masking threshold, -
and ‘ _ _

. intermediate allocation means for allocating respective numbers. of bits to at
least some of said intermediate spectral components, wherein the total of said -
respective numbers of bits allocated to intermediate spectral components is at most a
specified ptoportion of said bit budget.

8. An encoder according to any one of claims 1 through 6 wherein said allocation
means comprise:s means for establishing an é.djusted masking threshold 'by adjusting the
level of said initial masking threshold, means for establishing intermediate spectral
components havipg levels exceeding said initial masking threshold but below said adjdsted
masking threshold, and intermediate allocation means for allocating respective numbers of
bits to at least some of said intermediafe spectral components.

9. An encoder according to claim 8 wherein said intermediate allocation means
comprises means for restricting said allocating to those intermediate spectral components
having frequencies within the range from the highest-frequency spectral component which
'exceedélsaid adjusted masking threshold up to an upper limit frequency and/or having

_
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~excitation means for generating an excitation pa'ttern by applying a

spr eadi ng function to said spectral representation, o

t hreshol d neans for establishing an initial masking threshold in response
to said excitation pattern, al 'ocation nmeans for

al l ocating respective nunbers of bits tosgai d subband signals in

accordance with levels of said subband si gnals relative to said initial
maski ng t hrlevetsowhich exceed an intermediatpithreshold betweeBAd fnifidl maaking tiresholl and

uanti zed inf.ormafi ing said subband signals in
gccordance sgidiad ‘?&F g‘!’ﬁg@ﬂq\?ynunbers of bits allocated to said
subband signals, and : format means for assenbling said

quanti zed i nf or gt mr;,,%p@g;.ﬁﬁ}fg,dﬁi one ofc i QWou %%%ag(f mrishmer ein

transmi ssion or stora enco er accor

sai d spect anwn&pstdﬂshnsaﬁaldamnalsmgm&mﬂowytameymlnjlvato’mqiqbemjtaﬁunpatem to

T, AR R A, B Y o 0 o

to the threshold of hearing.

11. An encoder according to any one of claims 1 through 10 further comprising
means for modifying one or more parameters affecting the results of said allocation means,
wherein said format means assembles an indication of said modified parameters into said
enooded signal.

12. An enooder according to any one of claims 1 through 11 further comprisihg the
means for modifying one or more of said respective numbers of bits, wherein said format
means assembles an indication of said modified numbers of bits into said encoded signal.

- k)

13. An encoder according to any one of claims 1 through 12 wherein said
quantization means uses a quantization function adapted in response to said input signal.

14. A decoder for decoding an encoded representation of an input signal, said
decoder comprising . .

deformatting means for extracting from said encoded representation
quantized subband information and a spectral representation of said input signal,

excitation means for generating an excitation pattern by applying a spreading
function to said spectral representation,

threshold means for establishing an nutlal maskmg threshold in response to
said excitation pattern,

allocation means for allocating respective numbers of bits to said quantized
subband information in accordance with levels of said quantized subband
information relative to said initial masking threshold,

dequantizing means for generating subbang signals by dequantizing said
quantized subband information in acéordance with said respective numbers of bits,
and

This is the replacement sheet
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. frequency band x according to f = 650 * sinh [err] 3. An encoder
“according to claim1 wherein said spectral representation is generated by
appl ying a mapping function to an estimte of the power spectral density of
sai'd i nput signal, said mapping function inplenented as a | ookup table of
entries wherein a log-1og function of ba3flm dths of the entries in said
table is substantially linear between a first entry near the |owfrequency
end of said tabl e anidverss subbanil meamymewvdhesaidlsgphbﬁldmehcfwmmgsal d

tabl e. replica of said input slgnal

15.A decode'r according to claim 14 wherein said excitation means applies said
spreading function by applying one or more filters to said spectral representation.

16. A decoder according to claim 14 or 15 wherein said initial masking threshold is
established at a level relative to said excitation pattern, but not lower than a level
substantially equal to the threshold of hearing.

17. A decoder according to any one of claims 14 through 16 wherein said
deformatting means pomprises means for establishing in response to said encoded -
representation an adjusted masking threshold, wherein said allocation means comprises
means for establishing intermediate spectral components having levels exceeding said initial
masking threshold but below said adjusted masking threshold, and means for allocating
respective numbers of bits to at least some of said _intermgdiate 'spectral éompon_ents.

T

18. A decoder according to any one of claims 14 through 17 wherein said threshold
means establishes said initial masking threshold at a level relative to said excitation pattern

sufficient lo ensure psychoacoustic masking, but not lower than a level substantially equal
to the threshold of hearing. -

19, A decoder awoﬂing to any one of claims 14 through 18 wherein said
dequantization means uses a dequantization funcﬁon adapted in response to information
extracted from said encoded representation.

20. An encoding method for encoding an input signal comprising the steps of

generating subband signals i'épresenting frequency subbands of said input
signai and generating a spectral representatioh of said input signal,

génerating an excitation pattern by applying a spreading function to said
spectral representation, .

allocating respective numbers of bits to said subband signals in accordance
with levels of said subband signals relative to sald initial masking threshold,

- | O '
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- 33 - 4. An encoder according to any one of clainms 1 through 3
wherein said excitation neans applies said spreading function by applying
one-or nore filters to said spectral representation. 5. An encoder
according to any one of clainms 1 through 4 é@erein said initial masking
threshold is established at a | evel reIatTe to said excitation pattern,

but*not |ower than a | : ' : aring.
6. An encoder accordi n éﬁ%l’a"ﬁgaﬁone o&%r}h q{'ﬁ‘“mgﬁl‘@ mﬁﬂh%ﬁﬂ?g@@

al l ocati on neans mpdmeewntlmadsespmvadwmensmg bith allocated|to siid subband signals,
maski ng t hreshol daﬁ? ch that a total nunber of allocated bits is _
substantially equal to a bit budget. 7. An encoder according to

claim 6 wherein said ahdsemblingasaidwprantizeddnformation into an encoded signal suitable for
transmission or storage.

21. A decoding method for decoding an encoded representation of an input signal,
said method comprising the steps of : '

disassembling said encoded representation into quantized subband
information and a spectral representation of said input signal,

generating an excitation pattern by applying a spreading function to said
spectral representation, - .

establishing an initial masking threshold in response to said excitation
pattern, )

allocating reépective numbers of bits to said quantized subband information
in accordance with levels of said quantized subband information relative to said
initial masking threshold, S

generating subband signals by dequantizing said quantized subband
information in accordance with said respective numbers of bits, and

generating a replica of said input signal in response to said subband signals.

22. A device for modeling auditory perc_epﬁon of an input signal, comprising

- means for generating a spectral representation of said input signal, and
means for generating an auditory excitation signal by applying a spreading
function to said spectral representation, wherein said spreading function is applied
by filtering said spectral representation. |

23. A device according to claim 22 wherein said spectral representation is generated
by applying a mapping function to an estimate of the power spectral density of said input
signal, said mapping function derived from a relationship between frequency f and

frequency band x according to f = '.650 . Sinli -;
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means for establishing an adjusted masking threshold by adjusting the |evel

of said initial masking threshol d, nmeans for establishing

i nternmedi ate spectral conponents having | evel s exceeding said
initial masking threshold but bel ow said adjusted maski ng threshol d,

and - internedi ate all ocati-@Yreans for allocating respective
nunbers of bits to at | east sonme of said internedi ate spectral

‘conponent s, wher24. An ¢éncodertartording sacldim 22 whereinemspeicttd nepimoﬂfis bits
| ted t t fied
or opor 1 on. Erieed B fpfife & Ribbing ruskoR B St il G o Bover s ot o

of ¢l ains 1saidinputsigril,daist mapping:futictidn mqﬁmenmdmsaﬂao le Of entiies Mhedell a

i Cial o Eage ARl S viRRkicod it Sl fy =l Bl T 'bgﬁwﬁﬁ bR

conponent s fiest emtey hmuelmﬁmnmaifckaidrwmeahd H'@éd@hﬂ@n@hﬁ'hﬁé Highut bel ow
sai d adj ustfrg%maskﬂrg ft h{{ﬁ and internedi ate all ocation neans for
al l ocating of bits to at | east. sonme of ‘said internediate

spectral conponents.
25. A device according to claim 22 wherein said spectral domain is a mapped

frequency domain.

26. A device according to any one of claims 22 through 25 wherein said filtering is
implemented by a recursive filter or a lattice filter.

(TR A ——
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9. An encoder according to claim8 wherein said internediate allocation
means conprises neans for restricting said allocating to those internediate
spectral components having frequencies within the range fromthe

hi ghest - frequency spectral conponent which exceeds sai d adjusted maski ng
threshold up to an upper limt frequency and/or having

This is the replacenent sheet - 38 -

-34 - |evels which exceed an internedi ate threshold between said initial
masKki ng t hr eshol GCOMRUTATIONALLY EFFICIENT ADAPTIVE BIT ALLOCATION
FOR CODING METHOD AND APPARATUS

The invention relates to computationally efficient sophisticated perceptual models

. which can provide a basis for adaptive bit allocation and quantization of encoded
information useful in high-quality low bit-rate coding systems. In one embodiment, an . .
audio split-band encoder splits an input signal into frequency subband signals, 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 based upon a masking
threshold. The masking threshold is established by estimating the power spectral density
(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 signal-to-noise ratio
(SNR) offset sufficient to achieve psychoacoustic masking, comparing the level of the
adjusted pattern to the threshold of hearing and geﬁeré’iil;g a masking threshold which is
equal to the larger of the two. The spreading function may be implemented by applying
one or more non-recursive filters to the input sugnal PSD. In forward-adaptive coding
systems, allocation values are explicitly oonveyed to a decoder by information assembled
into the encoded signal. In backward-adaptive coding systems, allocation values are

' impliciily conveyed to a decoder by information assembled into the encoded signal from
which a decoder allocation value may derived the allocation values. In hybrid-adaptive
coding systems, basic allocation values are conveyed implicitly with modified allocation
values conveyed explicitly.

Figure 8
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sai d adj usted maski ng threshol d. : 10. An encoder according to any
one of clains-1 through 9 wherein said threshold nmeans establishes said

i ni &ial . nasklng threshold at a level relative to sai.d excitation pattern
sufficient to ensure psychoacoustic masking, but not |ower than a-level
substantially equal to the threshold of hearing. 11. An encoder
according to any one of clains 1 through 10 further conprising neans for
modi fyi ng one or nore paraneters affectild® the results of said allocation
means, wherein said format _-assenbles an indiqcpiion of said nodified

paraneters into said encaddd al . 12. /An encoder according to
any one of clains 1 throggﬂpié:f rther conpr|3|n% the means for nodifying
one or nore of sai aslp nbhers of Ls d format neans
assenbl es an indichtion off GNCd

pdi fi ed nynbers of bits info said encoded
si gnal . _
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13. - An encoder according to any one of clainms 1 through 12 wherein said
quanti zati on nmeans uses.a quantization function adapted in response to said

i nput signal . ' 14. A decoder for decoding an encoded representation
of an input signal, said decoder conprising deformatting
means for extracting from said encoded representation gquanti zed
subband information and a spectral repr?ygptation of said input signal,
excitation means for generating an excitation pattern by applying a

spr eadi ng function to said spectral representation.

t hreshol d neans for establishing an initial masking threshold in response
to said excitation patteérn, : al | ocation nmeans for

al l ocating respective nunbers of bits to said quantized subband

information in accordance with |evels of said quantized subband
information relative to said initial masking threshold,

dequanti zi ng neans for generating subband signals by dequantizing said
guanti zed subband information in accordance with said respective nunbers of

bits, -
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and - 35 -

I'nver se subband neans responsive to said subband signals for generating a
replica of said input signal. , 15. A decoder according to claim14.
wherein said excitation neans applies said spreading function by applying
one or nore filters to said spectral representation.
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16. A decoder according to claim 14 or 15 wherein said initial masking
threshold is established at a level relative to said excitation pattern,.
but.not lower than a |l evel substantially equal to the threshold of hearing.
17. A decoder according to any one of clains 14 through 16 wherein said
deformatting neans conprises neans for establishing in response to said
encoded representation an adjusted nmasking threshold, wherein said

al | ocati on means conprises neans for estégﬁsﬂﬂng i nt ernedi ate spectral
conponents having | evels exceeding said initial masking threshold but bel ow
sai d adj usted masking threshold, and means for allocating respective
nunbers of bits to at |east sone of said internedi ate spectral conponents.
18. A decoder according to any one of clains 14 through 17 wherein said

t hreshol d neans establishes said initial masking threshold at a | evel
relative to said excitation pattern sufficient to ensure psychoacoustic
maski ng, but not- | ower than a | evel substantially equal to the threshold of
heari ng. 19. A decoder aggording to any one of clains 14 through
18 wherein said o
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dequanti zati on neans uses a dequanti zat.ion function adapted in response to
I nformati on extracted from said encoded representation. 20. An
enceodi ng net hod for encoding an input signal conprising the steps of
generati ng subband signals representing frequency subbands of said input
signal and generating a spectral representation of said input signal,
genmerating an excitation pattern by applying a spreading function to said
spectral representation, 5/8 1 ocating respective nunbers of
bits to said subband signals in accordance with levels of said
subband signals relative to said initial masking threshold,
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- 36- generating quantized information by quantfzing said

subband signals in accordance with said respective nunbers of bits
al l pcated to said subband signals, and assenbllng sai d
quantized information into an encoded signal suitable for
transm ssion or storage. 21. A decoding nmethod for decoding an
encoded representation of an input signal, said nethod conprising the steps
of di sassenbling said enqppgd representation into quantized
subband i nformati on and a spectral representation of said input
si gnal , generating an excitation pattern by applying a
spreading function to said « spectral representation,
establishing an initial nasking &presh d in response to said excitation
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pattern, al l ocating respective nunbers of bits to said

guanti zed subband i nfornmation in accordance with | evels of said
gquanti zed subband information relative to said initial masking

t hreshol d, : gener ati ng subband signals by dequantizing said
quanti zed subband information in accordance with said respective
nunbers of bits, and . gener atlihg, a replica of said input
signal in response to said subband signals. 22. A device for

nodel i ng auditory perception of an input signal, conprising

nmeans for generating a spectral representation of said input signal, and
means for generating an auditory excitation signal by applying a spreading
function to said spectral representation, wherein said spreading function
is applied by filtering said spectral representation. 23. A
devi ce according to claim22 wherein said spectral representation is
generated by applying a mappi ng fugctioﬁ?to an estimate of the power
spectral density of said input sighal, sphid mapping function derived froma
rel ationship between frequencyf aHii~___|
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frequency band x according to f = 650 . sinh [err]

- 37 -, 24. An encoder according to claim 22 wherein said spectra
representation is generated by applying a mapping function to an estinate
of -t he power spectral density of said input signal, said mapping function
i npl enented as a | ookup table of entries wherein a |og-log function of
banmdwi dt hs of the entries in said tablezé7'substantially | i near between a
first entry near the | owfrequency end 9aid table and a second entry
near the high- frequency end of said table.
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25. A device according to claim 22 wherein said spectral donmain is a mapped
frequency domai n. 26. A device according to any one of clainms 22

t hrough 25 wherein said filtering is inplenmented by a recursive filter or a
latitice filter.
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