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LOW BIT-RATE HIGH—RESOLUT ION SPECTRAL ENVELOPE CODING
FOR AUDIO ENCODER AND DECODER

Technical Field
5 The invention relates in general to low bit-rate encoding and decoding of
information. More particularly, the invention relates to encoding the spectral envelope of

one or more channels of information such as audio or video information.

Background
There is considerable interest among those in the fields of audio- and video-signal

10 processing to minimize the amount of information required to represent a signal without
perceptible loss in signal quality. By reducing information requirements, signals impose
lower information capacity requirements upon communication channels and storage media.

Digital signals comprising signal samples encoded with fewer binary bits impose
lower transmission information capacity requirements than digital signals encoded using a

1S  greater number of bits to represent the signal. Of course, there are limits to the amount of
reduction which can be realized without degrading the perceived signal quality.

The number of bits available for representing each signal sample establishes the
accuracy of the signal representation by the encoded signal samples. Lower bit rates mean
that fewer bits are available to represent each sample; therefore, lower bit rates imply

20  greater quantizing inaccuracies or quantizing errors. In many applications, quantizing
errors are manifested as quantizing noise, and if the errors are of sufficient magnitude, the
quantizing noise will degrade the subjective quality of the encoded signal.

Split-band Coding

Various "split-band" coding techniques attempt to reduce information requirements

25  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
frequencies and bandwidths that vary as a function of the center frequency. The ability of
the human auditory system to detect distinct tones generally increases as the difference in

30 frequency between the tones increases; however, tﬂe resolving ability of the human
auditory system remains substantially constant for frequency differences Iess than the

bandwidth of the above mentioned filters. Thus, the frequency—resolvmg ablhty of the
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10 auditory system can better exploit psychoacoustic effects than wider band techniques. Such
digital split-band coding techniques comprise dividing the signal bandwidth with a filter
bank, quantizing the signal passed by each filter band using just enough bits to render
quantizing noise inaudible, and reconstructing a replica of the original signal with an
inverse filter bank. Two such techniques are subband coding and transform coding.

15  Subband and transform encoders can reduce transmitted information in particular frequency
bands where the resulting quantizing noise is psychoacoustically masked by neighboring
spectral components without degrading the subjective quality of the encoded signal.

Subband encoders may use various analog and/or digital techniques to implement a
filter bank. In a digital embodiment of such encoders, an input signal comprising signal

20  samples is passed through a bank of digital filters and each "subband signal" passed by a
respective filter in the filter bank is downsampled according to the bandwidth of that
subband’s filter. Each subband signal comprises samples which represent a portion of the
input signal spectrum. Digital subband decoders recover a replica of the input signal by
upsampling the downsampled subband signals and merging the upsampled subband signals

25  into an output signal. This process is one example of a signal synthesis process referred to
herein as the application of an inverse filter bank. Digital coding techniques may be used
with analog filter banks by sampling and quantizing the subband signals passed by the filter
bank.

Transform encoders may use any of various so-called time-domain to frequency-

30  domain transforms to implement a bank of digital filters. An input signal comprising
signal samples is segmented into "signal sample t;lo_cks“ prior to filtering. Individual
coefficients obtained from the transform, or two or more adjacent coefficients grouped
together, define "subbands" having effective band’widtﬁs which are sums of individual

transform coefficient bandwidths. Transform decoders recover a replica of the inpﬁt signal
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LR ougP r%gl%o% the following discussion, the term "split-band coding” and the like
5  refers to subband encoding and decoding, transform encoding and decoding, and other
encoding and decoding techniques which operate upon portions of the useful signal
bandwidth. The term "subband” refers to these portions of the useful signal bandwidth,
whether implemented by a true subband coder, a transform coder, or other technique.

The term “subband signal" refers to the split-band filtered representation of the

10 spectral energy within a respective subband. The term "subband signal block” refers to the
subband signals for all subbands across the useful signal bandwidth within a given interval
or block of time. For subband coders implemented by a digital filter bank, a subband
signal block comprises the set of samples for all subband signals over a given time interval.
For transform coders, a subband signal block comprises the set of all transform coefficients

15  corresponding to a signal sample block.

As discussed above, many split-band ericoders utilizing psychoacoustic principles
provide high-quality encoding at low bit rates by applying a filter bank to an input signal to
generate subband signals, quantizing each subband signal using a number of bits allocated
to that signal such that resulting quantizing noise is inaudible due to psychoacoustic

20 -masking effects, and assembling the quantized information into a form suitable for
transmission or storage.

A complementary 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 signals, and applying an inverse filter bank to the subband

25  signals to generate the replica of the original input signal.

Throughout this discussion more particular mention is made of split-band audio
coding, but the discussion pertains more generally to coding applications which reduce
encoded signal information requirements by exploiting signal irrelevancy and redundancy.
Signal irrelevancy pertains to signal components which are not needed to achieve a desired

30 level of coding performance such as, for example, perceived fidelity of an encoded signal.
Signal redundancy pertains to signal componénts which can be recreated from other signal
components. Split-band audio coding and split-band video coding using psycho-perceptual
effects are only two examples of coding applications to which the principles and concepts
discﬁssed herein apply.
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A "backward-adaptive" encoder passes implicit rather than explicit allocation information,
allowing a decoder to determine allocation information from the encoded signal itself.
In many embodiments, backward-adaptive encoders pass implicit allocation

15  information in the form of an estimate of the spectral shape of the information represented
by the encoded signal. The estimate often corniprises block scaling factors corresponding to
frequency subbands.

In one embodiment, a backward-adaptive audio encoder prepares a piecewise-linear
estimate of the input signal spectral envelope, establishes allocation information by

20  applying an allocation function to the envelope estimate, scales blocks of audio information
using elements of the envelope estimate as scaling factors, quantizes the scaled audio
information according to the established allocation information, 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

25  encoded signal, establishes allocation information by applying to the envelope estimate the
same allocation function as that used by the encoder, dequantizes the quantized
information, and reverses the scaling of the audio information. Two examples of a
backward-adaptive encoder/decoder system using spectral envelope estimates for scaling
and allocation are disclosed in U.S. patents 4,790,016 and 5,109,417.

30 On the one hand, it is desirable to use smaller blocks with fewer scaled values to
improve the allocation process. Smaller blocks increase the number of scaling factors
across the useful signal bandwidth, thereby increasing the resolution of the spectral
envelope estimate which is available to the allocation function. By using a higher-

resolution spectral envelope estimate, an allocation function can apply more accurate
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use blocks representing subbands which are wider than a critical bandwidth, As discussed

above, coders using subbands having bandwidths no wider than the critical bandwidths are

10 better able to exploit psychoacoustic effects than can wider band techniques.

Disclosure of Invention

It is an object of the present invention to provide for low bit-rate coding of high-
resolution spectral envelope estimates.

According to the teachings of the present invention in one embodiment of an

15  encoder, a filter bank splits an input signal into a plurality of subband signals, a scaler
generates scaled representations of the subband signals comprising scaling factors and
scaled values, a differentiator generates a differential coded representation of the scaling
factors, and a formatter assembles the scaled values and scaling factor information
comprising the differential coded representation into an encoded signal having a format

20  suitable for transmission or storage. The differential coded representation comprises
scaling factor differentials across the input signal bandwidth.

In a variation of the encoder embodiment just described, the scaler generates scaled
representations comprising scaling factors having values which are adjusted when necessary
to restrict the range of differentials between scaling factors.

25 In another variation, the scaler determines whether the information requirements of
the encoded signal can be reduced by using a previous set of scaling factors to generate the
scaled representation. When the information requirements can be reduced, the scaler
generates scaled representations using the previous scaling factors; the differentiator does
not need to generate the differential coded representation because the formatter assembles

30  into an encoded signal scaling factor information comprising a "reuse indicator” instead of
a differential coded representation,

According to the teachings of the present invention in one embodiment of a

decoder, a deformatter extracts from an encoded signal a plurality of scaled values and
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subband si gnHl & vasiationaofgthe dacaderembadigenhjust described, the deformatter extracts
scaling factor information comprising a reuse indicator from the encoded signal. The
integrator does not need to generate the scaled representations because the inverse scaler
generates subband signals from the scaled values using the scaling factors derived
10  previously from the encoded signal.

The present invention is not restricted to these embodiments. 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. The contents of the
following discussion and the drawings are set forth as examples only and should not be

15  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 a split-band encoder
incorporating various aspects of the present invention.
Figure 2 is a block diagram illustrating one embodiment of a split-band decoder
20  incorporating various aspects of the present invention.
Figure 3 is a block diagram illustrating another embodiment of a split-band encoder
incorporating various aspects of the present invention.
Figure 4 is a block diagram illustrating another embodiment of a split-band decoder
incorporating various aspects of the present invention.
25 Figure § is a hypothetical graphical representation of differential coded scaling
factors.
Figure 6 is a hypothetical graphical representation of scaling factors and
corresponding adjusted values which restrict the range of differentials. _
Figures 7-10 are hypothetical graphical representations of scaling factors and
30  corresponding adjusted values according to various differential coding modes.
Figure 11 is a hypothetical graphical representation of subband signal components

illustrating some effects of block scaling. .
This Sheet Has Been Replaced
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representation.

Figure 3 illustrates another embodiment of a split-band encoder which is similar in
structure to the embodiment illustrated in Figure 1. In contrast to the embodiment
illustrated in Figure 1, scaler 304 passes some but not all scaling factors to differentiator

15  306. The remaining scaling factors are passed along path 312 to formatter 308. Itisa
matter of mere design choice whether a particular encoder implementation passes the scaled
values to deformatter 308 along path 312, through differentiator 306, and/or along another
path not shown. Formatter 308 generates an encoded signal comprising the scaled values,
the differential coded representation, and the scaling factors not included in the differential

20  coded representation. .

Figure 2 illustrates one embodiment of a split-band decoder incorporating various
aspects of the present invention. Deformatter 202 extracts scaled values and a differential
coded representation of scaling factors from an encoded signal received from path 200.
Integrator 204 generates a scaled representation of subband signals comprising scaling

25  factors associated with one or more scaled values; the scaling factors are generated in
response to the differential coded representation received from deformatter 202. Inverse
scaler 206 generates subband signals in response to the scaled representation received from
integrator 204. Filterbank 208 generates along path 210 an output signal by applying an
inverse filter bank to the subband signals received from inverse scaler 206.

30 Figure 4 illustrates another embodiment of a split-band decoder which is similar in
structure to the embodiment illustrated in Figure 2. In contrast to the embodiment
illustrated in Figure 2, deformatter 402 extracts scaled values, a differential coded
representation, and scaling factors not included in the differential coded representation from

an encoded signal received from path 400. The differential coded representation is passed
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5 The diagrams shown in Figures 1 and 3 illustrate basic structures for an encoder
incorporating various aspects of the present invention. They do not expressly show any
coding component which reduces the information requirements of the encoded signal. In
audio coding systems, for example, a component employing various coding techniques may
exploit psychoacoustic principles to minimize the audible effects of reducing the

10 information requirements of the encoded signal. The present invention is well suited for
use with coding components such as those used in many audio coding and video coding
applications, but such a coding component is not required to practice the present invention.

Information reduction coding may be incorporated into the embodiment illustrated in
Figure 1 in many ways. For example, the coding function may be performed within any

15  one, or within any combination of filterbank 102, scaler 104, differentiator 106 and
formatter 108. As another example, the coding"process may be performed by a component
not shown which incorporates scaler 104 and differentiator 106. Similar examples also
apply to the embodiment illustrated in Figure 3.

Similarly, Figures 2 and 4 illustrate basic structures for a decoder incorporating

20  various aspects of the present invention. They do not expressly show any decoding
component which reverses the effects of a process which reduced information requirements
of the encoded signal. Information reduction decoding may be incorporated into the
embodiment illustrated in Figure 2 in many ways. For example, the decoding function
may be performed within any one, or within any combination of deformatter 202,

25  integrator 204, inverse scaler 206 and inverse filterbank 208. As another example, the
decoding process may be performed by a component not shown which incorporates
integrator 204 and inverse scaler 206. Similar examples also apply to the embodiment
illustrated in Figure 4.

The embodiments illustrated in Figures 1-4 do not include various components

30  which are often necessary in many practical applications. For example, practical
embodiments of an encoder often apply a low-pass filter (LPF) to limit the bandwidth of
the input signal and prevent aliasing. Such practical considerations do not fall within the

scope of the present invention and are not discussed in detail herein. Additional details of
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Hamming, Digital Filters, Englewood Cliffs, NJ, 1989, pp. 124-270. FIR filters may be
implemented using techniques such as polynomial filters or transforms such as the Fourier
transform. Examples of specific filter designs include various Fourier transforms such as
the Discrete Fourier Transform (DFT) and Discrete Cosine Transform (DCT), the
15  Quadrature Mirror Fi]ter (QMF) which is discussed in Esteban and Galand, "Application of
Quadrature Mirror Filters to Split Band Voice Coding Schemes," Proc. ICASSP, May
1977, pp. 191-195, and the Time-Domain Aliasing Cancellation (TDAC) filter which is
discussed in Princen and Bradley, "Analysis/Synthesis Filter Bank Design Based on Time
Domain Aliasing Cancellation,” IEEE Trans. on Acoust,. Speech, Signal Proc,, vol.
20  ASSP-34, 1986, pp. 1153-1161. ,

Although the use of subbands with bandwidths commensurate with the critical
bandwidths allows greater exploitation of psychoacoustic effects than does wider band
techniques, application of the teachings of the present invention are not so limited. The
term "subband” and the like as used herein should be understood as one or more frequency

25  bands within the useful bandwidth of an input signal.
Scaler

Many split-band coders use a scaled representation to extend the dynamic range of
encoded information represented by a limited number of bits. The scaling factors
themselves also provide a basis from which an estimate of the spectral envelope may be

30  obtained. The estimated spectral envelope may be used in backward-adaptive coding
systems to convey adaptive bit allocation information.

A split-band encoder which forms an estimate of the spectral envelope from scaling
factors may use a combination of individual and block scaling. For example, a scaled

representation may use scaling factors associated with individual scaled values to represent
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5 Block scaling in accordance with critical bandwidths is attractive in many low bit-
rate coding systems because fewer scaling factors are required to convey the allocation
information as compared to individual scaling. Block scaling reduces the information
requirement of the scaling factors in an encoded signal, but it also reduces the resolution of
the estimated spectral envelope and tends to increase the information requirements of the

10 scaled values. This effect is discussed in more detail below.

One example of an individual-scaled representation commonly known as floating-
point comprises an exponent (the scaling factor) and a mantissa (the scaled value). Many
forms of floating-point are known. In one form, the exponent represents the power of two
of a multiplier used to "normalize"” the mantissa, or scale the magnitude of the mantissa

15  into a range between 0.5 and 1.0; a multiplier with the reciprocal power of two is used to
obtain the true quantity from the normalized mantissa. For example, a 7-bit floating-point
number, which comprises a 4-bit exponent equal to 3 and a normalized 3-bit mantissa in
two’s complement form expressing a scaled value equal to 0.75, represents the quantity
0.75 x 22 or 0.09375. The exponent is used to scale the mantissa, thereby increasing the

20  range of quantities which can be represented by a limited number of bits.

One example of a block-scaled representation is commonly known as block-floating-
point (BFP) which comprises a block of mantissas (the scaled values) associated with a
common exponent (the block scaling factor). In on-le embodiment similar to that described
above, the block exponent represents the power of two of a multiplier which normalizes the

25  mantissa corresponding to the quantity having the greatest magnitude in the block. The
other mantissas in the block are scaled according to the block exponent and may not be
normalized because they may have scaled values with magnitudes less than 0.5. For
example, a BFP representation comprising a 4-bit block exponent, which is equal to 4,
associated with three scaled 3-bit mantissas, which are equal to 0.5, 0.75 and -0.25,

30  represents the numeric quantities 0.03125, 0.046875 and -0.015625.

Another example of a block-scaled representation comprises a block of scaled values
associated with a linear multiplier (the block scaling factor). The block multiplier is equal
to the magnitude of the largest quantity in the block and the quantities in the block are
scaled by dividing each quantity by the scaling factor. The true quantities are obtained by
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10 Various design criteria for a particular encoder/decoder application will often
influence the choice of the scaling function. For example, backward-adaptive split-band
coding systems may use exponents in a floating-point representation similar to that
discussed above to implicitly convey bit allocations made according to subband signal
amplitude. A unit increase in exponent value represents an approximate decrease in

1S  amplitude of one-half or a change of -6 dB (20 log,, 0.5) for the quantity represented by
the floating-point number; therefore, such a floating-point representation may be a good
design choice for backward-adaptive coding systems which allocate one additional bit for
an increase in amplitude of 6 dB or some multiple such as 18 dB.

Differentiator

20 The differentiator generates a differential coded representation of one or more of the
scaling factors by establishing the difference between scaling factors across the spectrum,
Figure 5 illustrates two sets of points representing two sets of hypothetical values. The
points connected by broken line 502 represent a set of scaling factors such as floating-point
exponents, for example, for subband signals in a subband signal block. Continuing the

25  floating point examples discussed above, the exponents X; are plotted on the graph as
negative numbers so that larger values correspond to larger amplitude signals. In the
example shown, exponent X, has a value of 8 but is plotted as -8, and exponent X, has a
value of 7 but is plotted as -7. Throughout the following discussion, the negative values as
plotted will be referred to as the value of an exponent X;. The quantity represented by the

30  floating-point number comprising exponent X; is approximately twice as large as the
quantity represented by the floating-point number comprising exponent X,. The same set of
exponents are illustrated in Figures 6-10.

The points connected by broken line 504 represent the difference between

successive exponents. For example, the first point A, having a value of one indicates that
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from the differential coded representation. In the example discussed above, the differential

10  function D(i) = X, - X, is a linear function but, because of the nature of floating-point
exponents, the differential varies approximately as the exponential of the underlying signal
amplitude.

A particular embodiment of an encoder may apply the differential function to all
scaling factors, or it may apply the function only to scaling factors associated with

15  adaptively selected subband signals. The adaptive selection may be made so as to obtain
an optimum reduction in the information requiréments of the encoded signal. For example,
referring to Figure 5, more bits may be required to convey a differential coded
representation of exponents X, to X, than would be required to convey the exponents
themselves. In this instance, an encoder could select only exponents X, to X, for

20 differential coding and pass an indication of this selection in the encoded signal.

For some embodiments, the differential function need not distinguish between block
scaling factors and scaling factors associated with a single scaled value. In other
embodiments such as some of those discussed below which adapt the differential function
to achieve the greatest possible reduction in information requirements, the distinction may

25  be important.

Formatter

The formatting process generates an encoded signal by assembling the scaled values,
differential coded representation, a base value, and possibly one or more scaling values into
a form which is suitable for transmission or storage. One scaling factor can serve as the

30  base value from which the relative values in the differential coded representation are
determined. In many practical embodiments, additional information such as error
detection/correction codes (EDC), frame synchronization codes, and/or database retrieval

keys are also assembled into the encoded signal. The formatting process used in a
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B T
emb8di mestves, adifferentidlawded eepresentation, a base value, and possibly one or more scaling
factors from an encoded signal. In many practical embodiments, EDC and frame
synchronization codes are used to correctly interpret the received encoded signal and,
where possible, to detect and correct errors introduced during transmission or
storage/retrieval. The deformatting process used in a particular embodiment is not critical
10  to the practice of the present invention.
Integrator
The integrator is a complementary function to that used to generate the differential
coded representation in the encoder. Referring to the example discussed above, for
example, a scaling factor may be recovered from the differential coded representation and a

15  base value using the relation

[

X, =X,_,+A =X +Y A forn = 1,
i1

where A, = X, - X, fori = 1, and

X, = the base value.

In general, the integral function D(§) is the inverse of the differential function D(i) such
20  that the scaling factor X; = D*{D(i)}.

If the encoded signal was prepared by an encoder which differentially codes
adaptively selected scaling factors, an indication of the selection is extracted from the
encoded signal by the deformatter and is used to adapt the integral function to derive only
.the appropriate scaling factors.

25 Inverse Scaler

The inverse scaling function is a complementary function to that used to obtain the
scaled representation in the encoder. Referring to the floating-point representation
discussed above, for example, a normalized 3-bit mantissa equal to 0.11, represents the
scaled value 0.75 in two’s complement form. The true quantity represented by this

30 normalized mantissa, associated with an exponent having a value equal to 3, is 0.75 x 2?3

or 0.09375. In this example, inverse scaling may be implemented by logically shifting the
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sampling and, in theory, permit exact reconstruction of the original input signal by the

10  inverse filter bank. Although these properties are often very desirable characteristics for
practical embodiments of an encoder/decoder system, they are not essential to the practice
of the present invention.

Alternate Embodiments
The following discusses various alternative embodiments to the basic embodiments

15  discussed above. Examples are used to describe aspects of the present invention; however,
the present invention is not limited to the specific examples cited. Several of these
alternatives pertain to coding techniques which attempt to reduce the information
requirements of the encoded signal without perceptibly degrading the encoded signal.

Differential Range

20 Information requirements of the encoded signal. may sometimes be reduced by
limiting the range of the differentials generated by the differential function D(i). In one
embodiment of an encoder incorporating aspects of the present invention, quantities are
represented by floating-point numbers comprising 4-bit exponents. Two quantities
expressed in this representation have exponents which may differ by an amount in the

25  range from -15 to 15. A conventional binary representation of a differential with this
range requires five bits, but only four bits are required to convey the exponents
themselves. By restricting the differentials to the range from -1 to 1, for example, only
two bits are required to convey the differentials using a conventional binary representation.
This results in a savings of two bits per differential,

30 The differential between exponents of successive floating-point numbers can be
restricted to any arbitrary range. Differentials can be restricted by adjusting the exponent
of the smaller magnitude quantity and scaling the associated mantissa accordingly. This
process is described below using the notation +0.nan, E xx to represent a binary fraction

mantissa +0.7nn, in two’s complement form associated with a decimal exponent xx.
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- Filterbank 102 generates subband signals in response to e _
floating-point number +0.1, E 8. The exponent differential between the two quantities is
+5. By adjusting the exponent of quantity @, and rescaling the associated mantissa such

5 - that Q, is expressed as +0.00001, E 4, for example, the exponent differential is reduced to
+1.

Figure 6 illustrates the results of adjusting exponents to restrict the differentials to
the range from -2 to 2. The circles represent the values of exponents before adjustment
and are the same as those shown in Figure 5. The squares represent the values of

10 exponents after adjustment. No adjustment is required for exponents X, to X, because the
corresponding differentials A, to A, are already within the restricted range from -2 to 2.
The exponent X, is adjusted to a new value represented by square 602 to reduce the
magnitude of the original differential A, from -3 to -2. Similar adjustments are also made
to exponents X;, X,,, X1, X5, Xj6 and Xj;.

15 Exponent X, is also adjusted but this adjustment is influenced by two
considerations. First, an initial adjustment to the exponent reduces the magnitude of the
original differential A,; between exponents X;, and X;, from -6 to -2. The exponent value
which results from this adjustment is represented by cross symbol 604. Second, an
additional adjustment is required because the remaining differential A,, between exponents

20 X3 and X, is too Jarge. This additional adjustment reduces the remaining differential from
+6 to +2. The exponent value X;; which results from the second adjustment is
represented by square 606. The resulting differential A,, between exponents X;, and X, is
+2, therefore no fu;ther adjustments are required. If the differential between exponents
X;; and X;; was too large, exponent X;, would be increased to reduce the differential. If

25  exponent X,, was increased, then the differential between exponents X,, and X,, would be
examined to determine if further adjustments to exponent X,; were required to ensure the
differential is not too large. These further adjustments would be made to each preceding
exponent until either the preceding differential is not too large or the first exponent X, is
processed.

30 The following program fragment represents one way in which the adjustments may

be carried out. A wide variety of alternative ways are possible.

i
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(16) set A, =2
()] set Ajl =Ay +k
(18) setj=j-1
(19 endwhile
20 (20) endif
(21) endif
(22) endfor

Lines (01) to (03) calculate the exponent differentials for exponents X; to X,. The
variable A, represents the differential between exponent X;, and exponent X;. Lines (04) to
25  (22) adjust the exponents to restrict the exponent differentials to a range from -2 to 2.
Line (05) determines whether the differential A, is within the restricted range. If it is, line
(04) advances the index i to the next differential and reiterates the process performed in
lines (05) to (21) until all differentials have been processed. If line (05) determines that
differential A, is not within the restricted range, then an adjustment to one or more
30  exponents is needed. Line (06) determines whether the differential is too large or too
small. If the differential is too small, lines (07) to (10) make the needed adjustments,
otherwise lines (12) to (18) make the needed adjustments.
If the differential is too small, line (07) determines the amount by which the
exponent X; must be increased to obtain a differential equal to -2. The variable k is set
35  equal to this amount. Line (08) increases the exponent X; by the amount k. Line (09) sets
the differential A, equal to -2 and line (10) decreases the differential 4,,, for the following
exponent by the amount k.
If the differential is too large, line (12) sets variable j equal to the current value of
index i. Line (13) reiterates the process performed in lines (14) to (18) until encountering

40  a differential which is less than 2 or until the variable j becomes equal to zero. Line (14)
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The logic shown in lines (13) to (195) may be further refined. Line (15) will adjust
the value of exponent X, if the differential A, between exponents X, and X, is too large, but
line (17) need not attempt to adjust the value of differential A, because this differential is
not defined.

10 Restricting exponent differentials may reduce the number of bits required to convey
the differentials, but it also may increase the number of bits required to convey mantissas
with a given level of accuracy. Referring to the example discussed above, by adjusting the
exponent of Q, from 8 to 4, the number of bits required to express the mantissa with the
same accuracy increases by four. Restricting the differential to the range from -1 to 1

15  saves two bits to convey the differential, but four additional bits are required to convey
associated mantissas with the same accuracy. =

The graphical illustration in Figure 7, which is similar to that in Figure 6, shows
the results of adjusting exporients to restrict differentials to the range from -2 to 2. The
circles represent the values of the exponents before adjustment and the squares represent

20  the values of the modified exponents after adjustment. Although the broken line connecting
the circles is a more accurate representation of the spectral envelope than is the broken line
connecting the squares, fewer bits are required to convey the restricted differentials of the
adjusted exponents. By using a conventional binary representation, for example, four bits
are required to represent each unadjusted exponent but only three bits are required to

25  represent each restricted differential for the adjusted exponents. This results in a savings
of 20 bits for the twenty exponents.

It is worthwhile to note one characteristic of the frequency response of digital filter
banks implemented by discrete transforms. As a general rule which is dependent upon the
design of the analysis-window, transform-based filters can achieve a narrow main lobe at

30  the expense of high side lobes which allow a significant amount of spectral energy to leak
into neighboring filter bands. See Harris, "On the Use of Windows for Harmonic Analysis
with the Discrete Fourier Transform," Proc, 1EEE, vol. 66, January 1978, pp. 51-83.
Because of this side-lobe leakage, part of the spectral energy which exists only at the

frequency represented by one transform coefficient will leak into adjacent transform
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10 the adjusted exponents with the same level of accuracy as that conveyed by mantissas
~ associated with the exponents before adjustment. For example, one additional bit is
required for each mantissa associated with exponent X; and three additional bits are
required for each mantissa associated with exponent X,. The sum of the differences
between the adjusted and respective unadjusted exponents for the example shown in

15  PFigure 7 is equal to 23. Assuming each exponent is associated with one mantissa, this
means that 23 additional bits are required to convey all of the mantissas using the adjusted
exponents; however, because only 20 bits are saved by restricting the differentials to the
range from -2 to 2, the twenty floating-point numbers comprising an exponent and mantissa
may be conveyed with a given level of accuracy using 3 fewer bits than is required to

20  convey the numbers using the restricted differentials.

This mode of differential coding is referred to ﬁerein as D15. The one indicates
that one scaled value is associated with one scaling factor. The five indicates that the
scaling factor differentials are restricted so that they may assume one of only five states.
In this example, the five states are the five integers in the range from -2 to 2.

25 In this example, the D15 coding mode is not able to achieve a reduction in
information requirements because the number of bits saved to convey the restricted
differentials is less than the number of additional bits required to preserve mantissa
accuracy. Eighty bits are required to convey twenty 4-bit exponents. A block-by-block
figure of merit for the D15 mode of coding the exponents shown in Figure 5, as well as for

30  the other coding modes discussed below, is expressed in terms of the net number of bits
saved relative to the number of bits required to code twenty floating-point numbers
comprising 4-bit exponents.

Figure 8 is a graphical illustration similar to that shown in Figure 7. The squares

represent adjusted exponent values which restrict differentials to the range from -1 to 1.
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Each of the two examples discussed above restrict exponent differentials to a range
which is symmetric about zero, but asymmetric ranges may also be used. For example, a
four-state D14 coding mode could restrict differentials to the range from -1 to 2. A D15
coding mode could restrict differentials to the range from -1 to 3. If asymmetric ranges
are used in audio coding systems, for example, it is generally preferable to allow for larger
positive differentials because most audio signalg comprise larger and more rapid increases
in amplitude than decreases, and because coding errors are more tolerable for large
decreases in amplitude rather than large increases due to temporal psychoacoustic masking
effects.

Differential Code Packing

Generally, a conventional binary representation is not an efficient way to convey

- differentials. For example, as mentioned above, differentials which are limited to the

25

30

range from -1 to 1 can be conveyed by a conventional binary representation of only two
bits; however, this representation is inefficient. The range from -1 to 1 comprises only the
three distinct integer values -1, 0 and 1, but two binary bits are capable of expressing four
distinct integer values. In effect, a fractional part of a bit is wasted if two bits are used to
convey a differential which can assume only one of three values. Fractional bits can be
reclaimed by packing multiple differentials together.

One example of how this may be done is to first apply to each differential a
mapping function M(i) which maps each possible differential value to an integer within the
range from O to N-1, and then to perform the packing operation by computing the
polynomial

P=M1) + M2)'N + ... + M(n)*N* = Zn:M(,‘).Ni-l This Sheet Has Been Repiaced
=1

f

|
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(1TR) T Al ifipR magind AIMGHS) Me) for differentials which may assume any integer value

5  within a range of N consecutive integers is

M) = A - A,

where A,;, = minimum value a differential may assume.
The ability to pack differentials into a more efficient representation helps make the
restriction of differential range more attractive. For example, a five-state differential with

10 a range from -2 to 2 may be mapped into the range 0 to 4 by the mapping function

- M(@) = 4, - (-2) = A, + 2. Three mapped values can be packed into a 7-bit binary
representation P by calculating the polynomial P = M(1) + 5M(2) + 25M(3). As a result,
each five-state differential can be conveyed by approximately 2.33 bits. Referring to the
example illustrated in Figure 7, approximately 46.67 bits are required to convey twenty

15  packed differentials using the D15 coding mode as opposed to 80 bits which are required to
convey the exponents themselves, but 23 additional bits are required to preserve mantissa
accuracy. As a result, D15 coding with code packing achieves a net savings of
approximately 10.33 bits over that required to convey twenty exponents and associated
mantissas.

20 A three-state differential with a range from -1 to 1 may be mapped into the range 0
to 2 by the mapping function M(i) = A, - (-1) = A, + 1. Three mapped values can be
packed into a 5-bit binary representation P by calculating the polynomial
P = M(1) + 3M(2) + 9M(3). As a result, each three-state differential can be conveyed by
approximately 1.67 bits. Referring to the example illustrated in Figure 8, approximately

25  33.33 bits are required to convey twenty packed differentials using the D13 coding mode as
opposed to 80 bits which are required to convey the exponents themselves, but 45
additional bits are required to preserve mantissa accuracy. As a result, D13 coding with
code packing achieves a net savings of approximately 1.67 bits.

For this particular example, the D15 coding mode is able to reduce the information

30  requirements to a greater extent than the D13 coding mode. This will not be true in all
instances. Within certain limits, a "lower" differential coding mode such as D13 will be
more effective in reducing information requirements than a "higher" mode such as D15 for

signals having flatter spectral shapes.
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three differentials. The remaining 3 "unused” states are wasted unless they are used for
something else. For example, these unused states may be used to represent scaling factor
differentials which fall outside the restricted range but which occur frequently enough to
deserve special treatment. Several other uses for these otherwise unused states are
15  suggested below.
Block Sealing
Block scaling technigques may sometimes be used to further reduce information
requirements of the encoded signal. Figures 9 and 10, which are similar to Figures 7,
illustrate the effects of one example of block scaling upon differential coding. The squares
20  represent adjusted exponent values which restrict differentials to the range from -2 to 2, but
the values of adjusted exponents are further constrained to equal the largest exponent in a
block. Because the exponents in each block are equal, information requirements can be
reduced by encoding only one exponent from each block.
In Figure 9, the exponents are grouped into blocks of two exponents. Although the
25  differential for the unadjusted exponent X, is within the allowed range, exponent X, is
adjusted so that it is equal to exponent X, which is the largest exponent in the block.
Similarly, exponent X, is adjusted to equal exponent X,. This differential coding is one
example of a mode of coding referred to herein as D25. The two indicates that two scaled
values are associated with each scaling factor. The five indicates that the scaling factor
30  differentials are restricted so that they may assume one of only five states.
By packing the five-state differentials as discussed above, three differentials can be
conveyed in 7 bits. Because only ten differentials are coded, approximately 23.33 bits can
convey the differentials using the D25 coding mode. By referring to the shaded area in

Figure 9, however, it can be determined that 45 additional bits are required to preserve
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because the dniFigural10p tredenpdbénts fxer grouped into blocks of four exponents. This
differential coding is one example of a mode of coding referred to herein as D45. The
5  four indicates that four scaled values are associated with each scaling factor. Because only
five differentials are coded, approximately 11.67 bits can convey the differentials using the
D45 coding mode with code packing. By referring to the shaded area in Figure 10,
however, it can be determined that 67 additional bits are required to preserve mantissa
accuracy. As a result, D45 coding achieves a net savings of approximately 1.33 bits.
10 For this particular example, the D25 coding mode is able to reduce the information
requirements to a greater extent than either the D13, the D15 or the D45 coding modes.
This will not be true in all instances. In certain situations, the D45 coding mode can
reduce information requirements more than can the other coding modes. In other
situations, no form of differential coding can reduce information requirements below that
15  achieved by individual scaling. Within certain limits, for signals having flatter spectral
| shapes, a "broader" differential coding mode sich as D45 will be more effective in
reducing information requirements of an encoded signal than a "narrower” coding mode
such as D15.
Many variations in the block scaling technique described above are possible. For
20  example, the D25 cod'ing mode may use a five-state mapping function M(i) for a pair of
exponent differentials A, and A,,, such as that shown in Table I.
MO A Ay

4 +1 +1
25 3 +1 0
2 0 0
1 -1 0
0 -1 -1
. Table I
30 The D45 coding mode may use a five-state mapping function M(i) for four exponent

differentials A, to A,,, such as that shown in Table II.
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with a Some embodiments of split-band coding systems control quantizing noise by

adaptively allocating bits to subband signals based upon block scaling factors. In a
15  transform coding system, for example, transform coefficients are grouped into subbands
~and all coefficients within a subband are allocated the same number of bits based upon the
magnitude of the largest coefficient within the subband. In a subband coding system, each
sample in a subband signal is allocated the same number of bits based upon the amplitude
of the subband signal.

20 Figure 11 illustrates a hypothetical example of subband signal components resulting
from a transform filter bank in which the circles represent individual scaling factors for
each transform coefficient. For ease of discussing the following examples, the scaling
factors are assumed to be 4-bit exponents in the floating-point representation discussed
above.

25 In one embodiment of a transform coding system using block scaling, exponent X,s,
which is associated with the largest magnitude component Qs in the illustrated subband, is
the block scaling factor. In response to the value of the block scaling factor, an allocation
function establishes a masking threshold 1102 which is approximately 30 dB below the
amplitude of the quantity Q,;5. Quantizing noise below this threshold is considered to be

30  masked by the spectral energy within the subband. Using a simple 6 dB per bit rule, the
allocation function allocates six bits to each of the fourteen components in the subband,
One of the six bits represents the sign of the quantity and the remaining five bits represent
the magnitude of the quantity in two’s complement form.

For example, assume that quantity Q,,s = 0.03125 which may be expressed as the

35  floating-point number +0.1, E 4. By using exponent Xj; as a block scaling factor and
allocating six bits to the mantissa, quantity Q,,, may be expressed as +0.00010 E 1. The
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It is apparent, however, that the bit allocation is not as efficient as it could be.

Although six bits are allocated to the mantissa, a normalized mantissa for Q,,s requires
only three bits to achieve the 12 dB SNR necessary to mask the quantizing noise. Three of

10 the bits allocated to the Q,;s mantissa are not needed if the mantissa can be coded in
normalized form, but this requires individual scaling. From this example, it can be seen
that the information requirements of an encoded signal may be reduced by balancing the
number of bits required to code individual scaling factors against the number of bits saved
by more precise allocation to normalized mantissas.

15 Referring to Figure 11, the distance between the top of the shaded area and a point
on the broken line along the bottom of the shaded area represents the number of mantissa
bits which can be saved by coding normalized mantissas. For example, ten additional bits
are required to code the Q,,, mantissa when it is scaled relative to the block scaling factor
Xi1s as opposed to the number of bits required to code the Q,,, mantissa when it is scaled

20  relative to an individual scaling factor X;,.

It is also apparent that spectral components thh exponents below threshold 1102 do
not need to be coded because they will not be audible. The spectral energy they represent
will be masked by other spectral energy within the subband. For the example shown in
Figure 11, the mantissas associated with the quantities Q,;, to Q,;s and Qyy, to Q;,s do not

25  need to be allocated any bits. This results in a further reduction in the information
requirements of the encoded signal.

Referring again to the example illustrated in Figure 11, an encoder which uses
block scaling, five-state differential coding and the code packing discussed above will
require approximately 2.33 bits to convey the block scaling factor and 84 bits to convey the

30  fourteen 6-bit mantissas, for a total of approximately 86.33 bits. In contrast, an encoder
which uses individual scaling, five-state differential coding and the code packing above will
require approximately 32.67 bits to convey fourteen exponent differentials and 26 bits to

convey the mantissas for the seven quantities above the masking threshold, for a total of
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points. These scaling factors can provide an estimate of the spectral envelope.
10 Scaling Factor Reuse

An encoder can sometimes reduce the information requirements of the encoded
signal by using scaling factors already known to the decoder. One simple way in which
this may be done is to encode subband signals using a set of scaling factors which was
generated earlier, and pass in the encoded signal an indication to the decoder that it is to

15 reuse the earlier set of scaling factors. A set of scaling factors from any number of
previous sets of scaling factors can be reused but the number is usually limited by practical
considerations such as the amount of memory available to the encoder and decoder to store
these sets, the information capacity available in the encoded signal to convey which scaling
factors in which of the previous sets are to be reused, and the amount of processing

20  required by the encoder to select from the sets.

Scaling factor reuse may not reduce informational requirements if the earlier scaling
factors are significantly different from the current scaling factors. This situation is
essentially the same as that discussed above for adjusting exponents to restrict the range of
differentials. The graphical illustration in Figure 7, for example, may be interpreted to

25  represent the current scaling factors with the circles and to represent the earlier scaling
factors with the squares. The difference between the two sets of scaling factors represents
the need for additional bits to preserve the accuracy of the scaled values when reusing the
earlier scaling factors.

In one embodiment, the reuse indicator is a single bit which is always present in the

30  encoded signal. When set to one, it indicates that new scaling factors are not present in the
encoded signal and that the previous set of scaling factors is to be used by the decoder.

The encoder decides for each subband signal block whether to reuse the previous set of

scaling factors. Scaling factors are reused whenever the number of additional bits required
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A broader coding mode may also reuse scaling factors previously generated for a

narrower coding mode. For example, a2 D45 mode of coding may use a set of scaling
factors previously used for D15 coding by selecting, for example, every fourth scaling

15  factor in the set.

An encoder may also maximize scaling factor reuse by "looking ahead.” In one
embodiment, an encoder examines a frame of two or more subband signal blocks and
establishes a set of scaling actors which can be used to code a majority of blocks in the
frame. A set of "frame scaling factors” which best represents all or most of the blocks in

20  the frame is encoded once in the frame and reused for blocks occurring later in the frame.

~ An isolated block in the frame which is not well repreeented by the frame scaling factors
can be encoded using a special set of scaling factors. The isolated block also contains an
indication that its scaling factors are to be used perhaps only one time, and that the frame
scaling factors are to be used for subsequent blocks.

25 One simple technique which establishes frame scaling factors comprises calculating
the scaling factor for each subband signal in each block in the frame, determining the value
of the largest scaling factor for each respective subband across all the blocks in the frame,
and constructing a set which comprises these largest scaling factors. The blocks which are
to be coded using a special set of scaling factors rather than the frame scaling factors are

30  identified by using a block-by-block figure of merit similar to that discussed above.

Differential Coding of Selected Subbands

An encoder may be able to reduce information requirements of an encoded signal by

applying various coding methods to selected subbands. For example, an encoder may

apply D25 coding to a relatively flat portion of the spectrum, apply D15 coding to a
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earlier set of scaling factors for another portion of the spectrum. An "unused” state, for
example, may be used with code packing to indicate a switch from one coding mode to
5  another.

Practical considerations entail trading the potential net reduction in the information
requirement of the encoded signal with the increase in information requirements to convey
the indication for these selections and the cost of the processing to make the selections.

In one embodiment, an encoder selects a frequency above which all exponents are

10 encoded using the D45 coding mode. Below this frequency, either the D15 or the D25
coding mode is used. An indication of the cutoff frequency and the coding mode selected
for the lower frequencies is included in the encoded signal.

Other Features

The present invention may be used in embodiments of coding system which adapt

15  the length of the subband signal block in response to various events such as signal
transients. For example, WIPO publication WO 91/16769, published October 31, 1991,
discloses a coding system using the TDAC filter bank of Princen and Bradley which may
switch to a shorter block length in response to the occurrence of a transient in the input
signal. No special considerations are necessary to incorporate the present invention into

20  such coding systems, but various practical considerations may be pertinent.

For example, in one particular embodiment of a low bit-rate 20 kHz bandwidth
coding system which adaptively switches between a 512-point block and a 256-point block,
the D15 coding mode is not used to code the shorter subband signal blocks but the D25 and
the D45 modes are used as desired. The reason for this is that generally not enough bits

25  are available to code a shorter block using the D15 mode.

The present invention may also be used in embodiments of multi-channel coding
systems which control the information requirements of the encoded signal by adaptively
combining two or more channels into a composite representation. For example, WIPO
publication WO 92/12607, published July 23, 1992, discloses such a coding system for

30  multiple channels of audio information. No special considerations are necessary to
incorporate the present invention into such coding systems.

In one embodiment of a multi-channel split-band encoder, only high-frequency

subband signals representing two or more of the channels are combined into a composite
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For gt ter Many alternative switching functions are available. For example, a switching

function may base a decision to switch between modes upon a measure of spectral shape.
Lower coding modes such as D13 as opposed to D15, and broader coding modes such as
D45 as opposed to D15, are generally more efficient for coding signals with flatter spectral
characteristics. One possible measure is the basic block-by-block figure of merit discussed
15  above. Another measure is the Spectral Flatness Measure (SFM) described by Jayant and
Noll, Digital Coding of Waveforms, Englewood Cliffs, NJ, 1984, pp. 56-58. The SFM
describes the shape of a signal’s power spectral density by a single number which ranges in
value from 0 to 1. The SFM is inversely proportional to waveform predictability. A value
of 1 describes an unpredictable signal with the properties of white noise. A value of zero
20  describes a signal which is perfectly predictable. One embodiment of an encoder
incorporating various aspects of the present invention adaptively switches to progressively
broader coding modes as the SFM falls below progressively lower thresholds.
As another example, the switching decision may be based upon a longer-term
average of a measure F(k) such as SFM or a measure such as the block-by-block figure of
25  merit discussed earlier. An average may be obtained by applying a low-pass filter to the
measure. For example, an exponentially decaying average of the calculated measure F(k)
can be obtained from a simple IIR filter such as
AR) = {F(k)-AGk-1)} E + Ak-1)
where A(k) = filtered average for iteration %, and
30 E = filter time constant. The time constant of the filter is chosen to balance
response time with stability of response across short-term conditions.
The features of the alternative embodiments discussed above may be combined in
various ways and incorporated into a single embodiment. Features may also be applied

selectively, either adaptively in response to signal characteristics, for example, or in an
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5 invention.

eet Has Been Replaced

111

I

i




pérticul%L@IﬁaBﬂ'ﬂ‘rrent and the format of the encoded signal resulting from’
the formatting process are not critical to the practi ceTnik Shée Has Bé&iReplaced
I nventi on. Def or he
deformatter reverses the effects of thgof_or matti ng process
scal ed values, a differential coded representation, a base Val ue,
possi bly one or nore scaling factorsqfr, n encoded signal. In many
practical enbodi nents, EDC and fra CLA S’ioni zation codes are used to
caorrectly interpret the received encoded signal and, where possible, to
. detect and cqrr ' C ' L SSIARGAL o
st orage/ ret rﬁé\fgf .éncﬁﬂéexo(g%?dgpén% ?lllén(g]q'ﬁlgéfo%gggm h{sggﬁﬁ{ﬁn%gﬂngéﬁlﬁ é gﬁn%lr saénr%%sdi ment
I s not saidtencadertconiphigingr acti ce of the present invention.
I nt egr at or The integrator is a conplenentary function to that used
to generate the disPhtbarchimeans fopgererating & sebhand signal block eompddog a ply@hty 1 ng
to e exanpl ' : : ' Fes .
rec%ered frgﬁs%béﬁgi% ersgﬁ?@ylé%gefgé?ggélg?e%gg? ?%‘Jrrl]egngﬁ gﬁ@aﬂ vsé%céh usi ng
t he rel ati onsubband signalXfepresenting afespedtive freguerdcy-=subbafideof daid-chanpelsrdf inputf or
nf[err] 1,

signals,

scaling means for generating scaled representations of one or more subband
signals, each of said scaled representations comprising a scaling factor and one or
10 more scaled values,

differentiating means for generating a differential coded representation of one
or more of said scaling factors, and

formatting means for generating an encoded signal comprising said scaled

values and scaling factor information representing said scaling factors.

15 2. An encoder according to claim 1 wherein said filter bank is implemented by one

or more discrete transforms.

3. An encoder according to claim 1 wherein said filter bank is implemented by a
bank of digital band-pass filters.

4, An encoder according to claim 1 wherein each of said subband signals represents
20  a respective frequency subband of a respective one of said channels of input signals.

5. An encoder of two or more channels of input signals according to claim 1
wherein at least one of said subband signals represents a composite of a respective

frequency subband of two or more of said channels of input signals.

6. An encoder according to claim 1 wherein said differential coded representation
25  comprises information corresponding to a difference between values of individual scaling

factors, each individual scaling factor associated with a single scaled value.

e
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differential function D(i) such that the scal rr] =
Derr]{D(i)). . | f the encoded signal was prepare y an encoder
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appr opr icehprisepinfarehation Tc@fr&spondmg to a difference between values of block scaling
| nverse Scal er The inverse scaling function is a conplenentary

funct i orfagters; gagh blegly sealing factorassordated (‘}aﬁhe‘étlor@pme?eﬁ?tﬂﬁilv@"?eﬁ-n t he encoder.
Referring to the floating-point representati on di scussed above, for
exanple, a nornmalized 3-bit_ nmantissa equal to 11[err represents the

scal ed val ue %./meqdpdenaccordingn elaimi Woargin smiescpk% it infarpatienhy esent ed
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may be inplenented by logically shifting the :
| 9. An encoder according to claim | wherein said scaling means comprises
means for generating a tentative set of scaling factors corresponding to
subband signals in said subband signal block,
means for storing one or more previous sets of scaling factors,
10 means for comparing results from using the scaling factors in said tentative
set with results from using respective scaling factors in said previous sefs to
generate scaled representations, and
means for reusing one or more scaling factors in one of said previous sets by
selecting scaling factors from said one previous set whenever the use of respective
15 scaling factors in said tentative set results in higher information requirements for
said encoded signal and/or the coding quality of said encoded signal is lower than is
achieved by the use of said selected scaling factors from said one previous set,
otherwise selecting scaling factors from said tentative set,
wherein said scaling means generates said scaled representations comprising said selected
20  scaling factors, and wherein said scaling factor information comprises an indication of

reuse of selected scaling factors from said one previous set.

10. An encoder according to claim 1 wherein said splitband means further
comprises
means for generating one or more additional subband signal blocks each
25 comprising a plurality of subband signals by applying a filter bank to said channels
of input signals, wherein said subband signal block and said one or more additional
subband signal blocks constitute a frame of blocks,
wherein said scaling means generates said scaled representations using selected scaling
factors, said scaling means comprising

30 means for establishing sets of tentative scaling factors, one set for each block

) 0 Y

in said frame of blocks,
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practice of the present invention. .. .
Al t ernat e Enbodi naneags for selecting, for each block in said frame of blocks, said frame

scaling factors whenever the use of said frame scaling factors results in lower
information requirements of said encoded signal and/or the coding quality of said
encoded signal is higher, otherwise selecting respective tentative scaling factors, and
10 wherein said scaling factor information comprises
a representation of respective tentative scaling factors in portions of said
encoded signal corresponding to subband signal blocks from which scaled
representations were generated using respective tentative scaling factors,
a representation of said frame scaling factors in a portion of said encoded
15 signal corresponding to a block in said frame of blocks from which scaled
representations were first generated usistg said frame scaling factors, and
an indication to reuse said frame scaling factors in portions of said encoded
signal corresponding to one or more other blocks in said frame of blocks from

which scaled representations were generated using said frame scaling factors.

20 11. An encoder according to claim 1 wherein said scaled representation is a
floating-point representation, said scaling factor corresponding to a floating-point exponent

and said scaled values corresponding to floating-point mantissas.

12. An encoder according to any one of claims 1 through 11 wherein said scaling
means comprises means for adjusting the value of said scaling factor and said scaled values
25  in a respective one of said scaled representations to restrict the magnitude of the difference

between said scaling factor and a base value and/or one or more other scaling factors.

13. A decoder of an encoded signal comprising
deformatting means for extracting from said encoded signal one or more
scaled values and scaling factor information,
30 integrating means for generating scaled representations, each scaled

representation comprising a scaling factor and one or more scaled values, wherein
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10 15. A decoder according to claim 13 wherein said inverse filter bank is

implemented by a bank of digital inverse filters.

16. A decoder according to claim 13 wherein each of said subband signals
represents a respective frequency subband of a respective one of said channels of output

signals.

15 17. A decoder according to claim 13 wherein at least one of said subband signals
represents a composite of a respective frequency subband of two or more of said channels

of output signals.

18. A decoder according to claim 13 wherein said differential coded representation
comprises information corresponding to a difference between values of individual scaling

20  factors, each individual scaling factor associated with a single scaled value.

. 19. A decoder according to claim 13 wherein said differential coded representation
comprises information corresponding to a difference between values of block scaling

factors, each block scaling factor associated with two or more scaled values.

20. A decoder according to claim 13 wherein said scaling factor information

25  comprises a differential coded representation of one or more scaling factors.

L
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- 15 - For exanple, a quantity 3(M_err] = -0. pressed

as the floating-point nunber -0. 11[err] E 3, and a successive quantity @ =
0, DO195G120 iy RS B SRRt b 15 U R Bl PR RuPhRY o 2,
the expaofiprised aflitiidatibn ofcAing HA6E Aluké) dandNehersin Qaidine g ratigt mems such
- comprises
means for storing one or more previous sets of scaling factors, and
5 means for incorporating one or more scaling factors from one of said
previous sets into said scaled representations in response to said indication of

scaling factor reuse.

22. A decoder according to claim 13 wherein said scaled representation is a
floating-point representation, said scaling factor corresponding to a floating-point exponent

10  and said scaled values corresponding to floating-point mantissas.

23. An encoding method of one or more channels of input signals comprising signal
samples, said encoding method comprising
generating a subband signal block comprising a plurality of subband signals
by applying a filter bank to said channe_lrs of input signals, each subband signal
15 representing a respective frequency subﬁand of said channels of input signals,
generating scaled representations of one or more subband signals, each of
said scaled representations comprising a scaling factor and one or more scaled
values,
generating a differential coded representation of one or more of said scaling
20 factors, and
generating an encoded signal comprising said scaled values and scaling factor

information representing said scaling factors.

24. An encoding method according to claim 23 wherein said filter bank is

implemented by one or more discrete transforms.

25 25. An encoding method according to claim 23 wherein said filter bank is

implemented by a bank of digital band-pass filters.

26. An encoding method according to claim 23 wherein each of said subband
signals represents a respective frequency subband of a respective one of said channels of

input signals. - --
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10  scaling factors, each block scaling factor associated with two or more scaled values.

30. An encoding method according to claim 23 wherein said scaling factor

information comprises said differential coded representation.

31. An encoding method according to claim 23 wherein said generating scaled
representations comprises
15 generating a tentative set of scaling factors corresponding to subband signals
in said subband signal block,
storing one or more previous sets of scaling factors,
comparing results from using the scaling factors in said tentative set with
results from using respective scaling factors in said previous sets to generate scaled
20 representations, and
' reusing one or more scaling factors in one of said previous sets by selecting
scaling factors from said one previous set whenever the use of respective scaling
factors in said tentative set results in higher information requirements for said
encoded signal and/or the coding quality of said encoded signal is lower than is
25 achieved by the use of said selected scaling factors from said one previous set,
| otherwise selecting scaling factors from said tentative set,
wherein said scaled representations comprise said selected scaling factors, and wherein said
scaling factor information comprises an indication of reuse of selected scaling factors from

said one previous set.
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reduce the differential. If exponent X err] was increased, t

differential between exponents X err] and X err] would be ex

determine if further adjustments to expggent Xl err] were req re
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t 0 each precedijn | | not
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.carried out. A wide varjety of alter Y
- 16 - generaéng One or more ad?i?t}onafasu% d mgnal%?ocics ea& comprising a

plurality of subband signals by applying a filter bank to said channels of input
5 signals, wherein said subband signal block and said one or more additional subband
signal blocks constitute a frame of blocks,
wherein said generating scaled representations generates said scaled representations using
selected scaling factors, said generating comprising
establishing sets of tentative scaling factors, one set for each block in said
10 frame of blocks,
| analyzing said sets of tentative scaling factors and establishing a set of frame
scaling factors in response thereto,

comparing, for each block in said frame of blocks, results from using said
frame scaling factors with results from using respective tentative scaling factors to

15 generate scaled representations, and

selecting, for each block in said-frame of blocks, said frame scaling factors
whenever the use of said frame scaling factors results in lower information
requirements of said encoded signal and/or the coding quality of said encoded signal
is higher, otherwise selecting respective tentative scaling factors, and

20  wherein said scaling factor information comprises _

a representation of respective tentative scaling factors in portions of said
encoded signal corresponding to subband signal blocks from which scaled
representations were generated using respective tentative scaling factors,

a representation of said frame scaling factors in a portion of said encoded

25 signal corresponding to a block in said frame of blocks from which scaled
representations were first generated using said frame scaling factors, and

an indication to reuse said frame scaling factors in portions of said encoded
signal corresponding to one or more other blocks in said frame of blocks from

which scaled representations were generated using said frame scaling factors.

30 33. An encoding method according to claim 23 wherein said scaled representation is
a floating-point representation, said scaling factor corresponding to a floating-point

exponent and said scaled values corresponding to floating-point mantissas.
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(01) forporbzepck to 20 (02)  set [em\isSheé’{ﬁ‘ésréeen

(03) endfor (04) for i froml to 20

|[err]| > 2 then . (06) if [err] <O mmHl"" ﬂmm
(07) set k = -2 - [err] .3 (08) [err]
=X[err] + k (09) set [err] = -2 (10)
set [err] =

set | = | [ A encogmglrg?thod accordmé qu,\}w)( gne 8# El]an‘gs 23 gﬁ&“%h 33 Ufhere}n said

(14) generating scalé’cﬁidpresélﬁhtﬁdns?compnses adjusting thd Yilue of saxd scaling fac®k axferr] =
- X[err] + k (16) set [err], = (17)
set [ er rspid=scpled valueg i a respective one of saidgycaled representations §@1reqmet the -

(19) magnitude 6P th¥iff€rence between said scaling factor and a base value and/or one or

5  more other scaling factors.

35. A decoding method of an encoded signal comprising
extracting from said encoded signal one or more scaled values and scaling
factor information,
generating scaled representations, each scaled representation comprising a
10 scaling factor and one or more scaled values, wherein one or more of said scaling
factors is generated in response to said scaling factor information,
generating a subband signal block comprising a plurality of subband signals,
wherein one or more of said subband signals is generated in response to a respective
one of said scaled representations, and
15 generating one or more channels.of output signals by applying an inverse

filter bank to said subband signal block.

36. A decoding method according to claim 35 wherein said inverse filter bank is

implemented by one or more discrete inverse transforms.

37. A decoding method according to claim 35 wherein said inverse filter bank is

20  implemented by a bank of digital inverse filters.

38. A decoding method according to claim 35 wherein each of said subband signals
represents a respective frequency subband of a respective one of said channels of output

signals.

39. A decoding method according to claim 35 wherein at least one of said subband
25  signals represents a composite of a respective frequency subband of two or more of said

channels of output signals.

40. A decoding method according to claim 35 wherein said differential coded

representation comprises information correspondmg to a difference between values of
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(20) DOL@HYIET (21) endi f (22) endfor

Lines (01) to (03) calculate the exponent differentials for exponents
X[err] to X[err]. The variable [err] represents the differential between
exponent X err] and exponent X err]. Lges (04) to (22) adjust the
exponents to restrict the exponent differentials to a range from-2 to 2.
Li'ne (O%diviaba rs@ﬁmﬁsfa%?é haéh inasvidual sedimBifhatbr hRbEihtel Swith & Ringld f8led
restricted range. I's, line (04) advances the index i to the next

di f f er enalugl and relterates the process performed in lines (05) to (21)

- until all differentials have been processed. If line (05) determ nes that
differential [err] is not within the restricted range, then an adjustnent

to one or no#éd. Axtimnéngsnethodﬁwdﬂﬂng to eleing Gﬁ)whmiersaiidrctiﬁfemﬁalrmded he

di ff t | t t |1 ff t | i [,
1 nee ¢ iepreentafiob SompnictinBrmaltn P %emandife 10 & il Rndtn vilut SA0R
(18} mK&th@a&@ﬁd%mbél@ S¢AMAg Factor associated f\mﬁ\%odérf &Sf@i&lsﬁ'vahﬁst oo small,

line (07) deéterm nes the anount by which the exponent X err] nust be
increased to obtain a differential equal to -2. The variable k is set equal

to this anmouap. Adeaedlﬁgsihemcsmﬁ&aﬁﬂﬁg td\elafx BS Retitreind[s&idr scalg faba;rarmunt K.
Line (09) sets the djfrerenti al %ﬂ/\*equal to WE2 and line (10) .decreases
o

the di f ifprmation cogrmsfs 7 differpptial &pqi 15,0% pEre;sealing factors.
If the differential is too large, line (12) sets variablej equal to the

current val ue_of . ) . L. .
43. A decoding method according to claim 35 wherein said scaling factor

information comprises an indication of scaling factor reuse, and wherein said generating a
10  subband signal block comprises
storing one or more previous sets of scaling factors, and
incorporating one or more scaling factors from one of said previous sets into

said scaled representations in response to said indication of scaling factor reuse.

44, A decoding method according to claim 35 wherein said scaled representation is
15  a floating-point representation, said scaling factor corresponding to a floating-point

exponent and said scaled values corresponding to floating-point mantissas.
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i ndex i .DOLO2 PC3) reiterates the process performed in lines (14) to (18)
until encountering a differential which is less than 2 or until the

vari able j becones equal to zero. Line (14)

- 17 - determ nes the anount by which 4ghe previ ous exponent X[ err] nust be
I ncreased to obtain a differential equal to 2. The variable k is set equal

to this amount. Line (15) j _ y the amount k. Line
(16) sets the differenti aIA SIRACE fEpisC Sfl}Rﬂ( 17) increases the
differential [err] for the previous exponent by the anmount k. Line (18)
- decrenents t variable j taq point,to the previous differential. and
exponent. "fhe m’\‘?{g‘f’f‘&& 2 .sslﬂmer%tolollowg@t-gaﬁfnqo ing, 4id &F‘.ﬁ?g‘tﬂg qfurt her
r ef i ned.infori@tiénl Suchvds! duditdinesiinatib®. \WabréSpaplicuarBQ B inviéBtior reldiss & mb@oant i al
[err] between exponents Xerr] and X/ err] is too |arge, but
and apparatus for reducing the amount of information required to convey a high-resolution
spectral envelope of a signal. A split-band encoder prepares an estimate of an input signal
spectral envelope by splitting the input signal into frequency subband signals, generates a
scaled representation of the subband signals comprising scaling factors and scaled values,
generates a differential coded representation. of the scaling factors, and assembles the

differential coded representation and scaled values into an encoded signal.
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DOLO24 pCT
I|ne (17) need not attenpt to adjust the value of differential [err]
because this differential is not defined. Restricting exponent
differentials nmay reduce the nunber of bits required to convey the
differentials, but it also nmay increase the nunber of bits required to
convey mantissas with a given | evel ofl &8curacy. Referring to the exanple
di scussed above, by adjusting the exponent of Qerr] from8 to 4, the
nunber of bits required to express the manti ssa with-the_same._accuracy_
i ncreases by four. Restricting the differential to the range from-1 to 1

"saves two bits to convey the differential, but four Haisi sEbems
required to convey associated manti ssas with the sane a}

graphical illustration in Figure 7, which is simlar to e 6
shows the results of adjusting exponents to restrict dlfferentla s

range from-2 to 2. The circles represent the values of the exponents
before adjustnent and the squares represent the values of the nodified
exponents after adjustment. AIthquh t hgy broken i ne connecting the
circles is a nore accurate repre tati of the spectral envelope than is
t he broken line conneciing the squa fewer bits are required to convey
the restricted differeééials of the adjusted exponents. By using a
conventional binary reptedentati on, bits are required to
represent each unadj usted exponent but only three bitg are required to
represent each restrictedydi f f éradtisdls &0~ thel ailj ust gd exponents. Thi s
results in a savings of 40 bits for the twenty expondgnts.
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. DOL024 PCT
It is worthwhile to note one characteristic of the frequency response of

digital filter banks inplenented by discrete transforns. As a general rule
whi ch i s dependent upon the design of the analysis-w ndow, transform based
filters can achieve a narrow main |lobe at the expense of high side |obes
which allow a significant anount of s@ec8ral energy to leak into

nei ghboring filter bands. See Harris, "On the Use of Wndows for Harnonic
Anal ysis w th the Discrete Fourier Transform™" Proc. |EEE, vol. 66, '
January 1978, pp. 51-83. Because of this side-1obe | eakage, part 61‘""T_h_e'”"
-spectral energy which exists only at the frequency repTHsSiteedasBechReplac

transformcoefficient will leak into adjacent transform ”"'I" III” ”'I IIII
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DOL024 PCT -
coeff|0|ents the nei ghboring transformcoefficients will indicate falsely

t hat spectral energy exists at their respective frequencies. One
consequence of side-lobe |eakage is a limt which is inposed upon the rate
at which spectral energy can change between transform coefficients. Because
of ‘this limtation, the magnitude of sypaBing factor differentials is
inherently restricted. In other words, because of filter bank side-I| obe
| eakage, very few if any large adjustments will need to be made to the
scaling factors to restrict the range of scaling factor differentials.
-The shaded area illustrated in Figure 7 between the twoThs 8k&diHas Bésh Replatec
rough nmeasure of the additional bits required to convey fl

manti ssas associated with the adjusted exponents with the mm

accuracy as that conveyed by manti ssas associated with the nt's bef ore
adj ustnment. For exanple, one additjonal bit is required for each manti ssa
associ ated with exponent X3 and thyee aflitional bits are required for each
manti ssa associ ated with exponent@«l\dl sum of the differences between
the adjusted and respecd ve unadj usted gxponents for the exanple shown in
Figure 7 is equal to 2% = sw—- soci ated with one
manti ssa, this neans thdt b3 addi ti onal ed to convey all of
the manti ssas using the adj ustﬁﬁéx‘%gﬁents however, lgecause only 20 bits
are saved by restricting the di H5 o Ae rande from-2 to 2, the
twenty floating-point nu gnd manti ssa may be
conveyed with a given |eve bits than is required
to
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convey Pﬁ%ﬁﬁﬁﬁ%%ﬁs using the restricted differential s. Thi s node of
differential coding is referred to herein as D15. The one indicates that
one scaled value is associated with one scaling factor. The five indicates
that the scaling factor differentials are restricted so that they may

assune one of only five states. In thiyg exanple, the five states are the
five integers in the range from-2 to 2. In this exanple, the D15
coding node is not able to achieve a reduction in i'nformationm o -

requi rements because the nunber of bits saved to convgy '
.differentials is |l ess than the nunber of additional bi tséﬂé@uﬁé‘éééh%ﬁ,gced
preserve manti ssa accuracy. Eighty bits are required Julmgmﬁ Ity
4-bit exponents. A bl ock-by-bl ock figure of nmerit for f
codi ng the exponents shown in Figure 5 as well as for t he ot her coding
nodes di scussed below, is expressed in terns of the net nunber of bits
saved relative to the nunber of §Ets reQuired to code twenty fl oati ng-point
nunber s conprising 4-bit exponefts. Figure 8 is a graphica
illustration simlar t%%that shown i gure 7. The squares r epr esent

adj ust ed exponent valu h [ ifferentials to the range from-1
to 1. <
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- 19 - qg%%%ﬂ%&?bits are required to convey each differential in a
conventional binary representation; therefore, these adjustnents result in
a savings of 40 bits to convey twenty restricted differentials_as_conpared
to twenty exponents. The sum of the differences between the adjusted and
respective unadj usted exponents for tI§¢ g@xanpl e shownThis SheejtlasBeer Replagadl
to 45. Assum ng each exponent is associated with one nman nl ting
the differ ntigls to the range from-1to 1 allows the t

fl oati ng- p®t nt“2aunbers to be conveyed with a given | evel of accuracy using
"5 fewer bitshdthan is required to convey the numbers using the restricted
di fferenti@l¥. This mode of differential coding is referred to herein as
D13 becaygg 4he scaling factor differentials are regtricted to three
states. Each of the two exanpl es discussed ove restrict exponent
differenti@als to a range which is synmetric about ro, but asymmetric
ranges may also be used. For exanple, a
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four stateLB%i codlng node could restrict differentials to the range from
-1to 2. A D15 coding node could restrict differentials to the range from
-1to 3. If asymmetric ranges are used in audi o coding systens, for
exanple, it is generally preferable to allow for |arger-positive.
differentials because nost audi o signagg gonprise |arggr and nmore rapid

i nCreases in anplitude than decreases, and because cod S@@n&epﬁé@j
toterable for | arge decreases in anplltude rat her than | due
to.tenmporal psychoacoustic masking effects.

‘Differenti. Code Packi ng Generally, a conventlonal blnary

represent attiion is not an efficient way to convey differentials. For

exanpl e, aa fenti oned above, differentials which are linmted to the range

from-1 toYl jcan be conveyed by a conventional binary representation of

only two-bptg however, this representation is ineffgicient. The range from

-1 to 1 conprfises only the three distig i nt eger es -1, 0 and 1, but

t wo binary4b oo g | nteger values. In

ef fect, a_ér. are used to convey
n

adffere 3 L@Dbits
can be redBa [ &« p, One
exanpl e_ % DF done is to flrsﬁvapp , g%/éntlal a
mappi ng f ct & ch maps each possible vaue to an




pol ynomi BPLO24 PCT b _ \rqy & M2) N+ ... + Mn).Nerr] = [err]

- 20 - where Mi) = the mapped value of differential [err], N = the
nunber of states each differential nay assunme, and n = the nunber of
scaling factors to pack. A sinple mapping function Mi) for differentials
whi.ch may assune any integer val ue 7178
i
)
O 4
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wi t hin dﬁééﬁngﬁﬂ'N consecutive integers is Mi) = [err] - [err]
where [err] = mninumvalue a differential may assune. The ability
to pack differentials into a nore efficient representation hel ps nake the
restriction of differential range nore attractive. For exanple, a
five-state differential with a range f ? -2 to 2 may be mapped _into_the
range O to 4 by the mapping function h{ ?1: [err] - (-2) =([err] + 2. Three
mepped val ues can be packed into a 7-bit binary representhistShest HastBeen Replaced
calculating the polynomal P = M1) + 5M2) + 25M3). As a

-five-state differential can be conveyed by approxi mately 2

Referring to the exanple illustrated in Figure 7, approximtely . Its
are required to convey twenty packed differentials using the D15 codi ng
node as opposed to 80 bits which are required to convey the exponents

t hensel ves, but 23 additional bits are required to preserve nantissa
accuracy. As a result, D15 coding with code packi ng achi eves a net savings
of approximately 10.33 bits over that required to convey twenty exponents
and associ ated manti ssas. A three-state differential with a range
from-1to 1 my be mapped into the range 0 to 2 by the mappi ng function
Mi) =T[err] - (-1) =[err] + 1. Three mapped val ues canwge packed into a
5-bit binary representation P by calculating the polyngal
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P=M1 +3M2) + 9M 3). Asdafresult, each three-state differential can be
conveyed by approxi mately 1. bits. Referrihg to theexanple illustrated
in Figure 8, approximately 33,33 bits are refuired te®convey twenty packed
differentials using the D13 dbding node as ofposed td%80 bits which are
required to convey the exponeﬁts thenselyes;ﬁbut;45'addiiional bits are
required to preserve manti ssa accuracy. As a result, D13 coding with code
packi ng achi eves a net savi'ngs of ﬁggggihﬂgﬂgbwqygﬁz bits. For this
particul ar exanple, the D15 codi ng node I's able to reduce the information
r equi rement s “i(ﬁv%’??ﬁﬁfag& % £4GRUTIANE SPEARRARIEYIEIDER COBING vi | | not

I

be true in all 7nstances. k! AibpreoDERWer " differenti al
codi ng node such as D13 Wlr bte"BrIr%(rﬂe (de)?giét Ive in reducing information

requi renents than a "higher” node such as D15 for .signals having flatter
spectral shapes. Technical Field

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

information. More particularly, the invention relates to encoding the spectral envelope of

one or more channels of information such as audio or video information.

Background

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

Digital signals comprising signal samples. encoded with fewer binary bits impose
lower transmission information capacity requitements than digital signals encoded using a
greater number of bits to represent the signal. Of course, there are limits to the amount of
reduction which can be realized without degrading the perceived signal quality.

The number of bits available for representing each signal sample establishes the
accuracy of the signal representation by the encoded signal samples. Lower bit rates mean
that fewer bits are available to represent each sample; th;réfore, lower bit rates imply
greater quantizing inaccuracies or quantizing errors. In many applications, quantizing
errors are manifested as quantizing noise, and if the errors are of sufficient magnitude, the
quantizing noise wiil degrade the subjective quality ofithe encoded signal.

Split-band Coding

Various “split-band" coding techniques attempt to reduce information requirements
without any perceptible degradation by exploiling various psycho-perceplual effects. In
audio applications, for example, the human auditory 'syslcm displays frequency-analysis
properties resembling those of highly asymmetrical tuned filters having variable center
frequencies and bandwidths that vary as a function of the center frequency. The ability of
the human auditory system to detect distinct tones generally increases as the difference in
frequency between the tones increases; however, the resolving ability of the human
auditory system remains substantially constant for frequency differences less than the

bandwidth of the above mentioned filters. Thus, the frequency-resolving ability of the
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- 21 - Any nunber of differentials may be packed by using a

pol ynom al of appropriate length, but a three-term polynom al was used for
each of the previous exanpl es because the packing is reasonably efficient.
Al t hough packing efficiency will tend to increase as the nunber of

pol ynom al ternms increases, the nunber of-ternms is restricted in practical
enbodi nents because the resultl ng packed representati on woul d ot herw se
becone excdmsiaw eiditonpsygteanthrien reoddiife fodle bandwidth etdess (ilteretbayphanhtlicg

i scussion ghoaLl e FDGARLA RN IRRe] BPludloh e 1f REeRt wrgm ol 1

packing I n general Is not per ficient. For
exanpl €, t Herilleab bnnqulh.és arﬁoatmann sigfial ihmers 1B<eb‘t tatreaskjthef @ﬂ@ﬂt‘? af ethers onl y

about 95% el SARREGARG Bllol haB Al HliP IR PhaROR lishphel oo Lhat

can be repr A5 e neede to convey the three fferentials.
The remai nifnguénctes rwsekl thas tcritied bandavidihs t%gmrﬂystmmw for

sonet hi ng 0 qm%;_ ylm 1149-1. 8PL RS ENt
scal i ng fa%#é%ﬁ@gﬁg"%ﬁr éﬁc a Iﬁﬂo‘uﬁﬁfg t resfPi&%gedgr ange but
whi ch occur4.8#delfuent | y enough to deserve speci al treat ment. Several other

uses for t_hese %MJWSW t&:hﬁlthﬁé WHich &Uﬂg?ﬁé&gfu? Rﬂ’b dw1dthl

Bl ock Seal i ng echni ques nay sonet use
further rediremencyftandsewitio handwidths no wider than the cnucal bandw1dths of the human

auditory system can better exploit psychoacoustic effects than wider band techniques. Such
digital split-l;and coding techniques comprise dividing the signal bandwidth with a filter
bank, quantizing the signal passed by each filter band using just enough bits to render
quantizing noise inaudible, and reconstructing a replica of the original signal with an
inverse filter bank. Two such techniques are subband coding and transform coding.
Subband and transform encoders can reduce transmitted information in particular frequency
bands where the resulting quantizing noise is psychoacoustically masked by neighboring
spectral components without degrading the subjective quality of the encoded signal.
Subband encoders may use various analog and/or digital techniques to implement a
filter bank. In a digital embodiment of such encoders, an input signal comprising signal
samples is passed through a bank of digital filters and each "subband signal" passed by a
respective filter in the filter bank is downsampled according to the bandwidth of that
subband's filter. Each subband signal comprises samples which represent a poftion of the
input signal spectrum. D.igital subband decoders recover a replica of the input signal by
upsampling the downsampled subband signals and merging the upsampled subband signals
into an output signal. This process is one example of a signal synthesis process referred to
herein as the application of an inverse filter bank. Digital coding techniques may be used

_ with analog filter banks by sampling and quantizing the subband signals passed by the filter
bank.

Transform encoders may use any of various so-called time-domain to frequency-
domain transforms to implement a bank of digital filters. An input signal comprising
signal samples is segmented into "signal sample blocks" prior to filtering. 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 bandwidths. Transform decoders recover a replica of the input signal

This is the regplacement shesel
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requi renents of the encoded signal. Figures 9 and 10, which are simlar to
" Figures 7, illustrate the effects of one exanple of block scaling upon

di fferent.ial coding. The squares represent adjusted exponent val ues which
restrict differentials to the range from-2 to 2, but the val ues of

adj usted exponents are further constrained to equal the |argest exponent in
a bl ock. Because the exponents in each bl ock are equal, information

Tequi T emenkg 60D, HRAMAGHNR LodRGAHL AOIBY TRBCRKRAPRALNE BN each bl ock.

In Figure xponents are grouped into blocks of two exponents.

Al t hough t kemplefmtetaryrinvease transformeousraehiled fregreagypéneain todiBeApmai8 i t hin t he
all owed ranp sfo&i%ﬁonent X[err] is adjusted so that it is equal to exponent
X[ err] whic S e largest exponent in the block. Sim]arly, exponent
X[err] is adj usThubughout thedbliewipp diseussisp,cthe fermTisplit-band pediggyrand the kg ng i s
one exanpl & f@{s t? (it Plflcgﬁﬂlg'aﬂg dbdolifnl! Gshstm cadift AR deéading, Had oy

i ndi cates that two scal ed vl ues are-associated wth each scal ing factor.
The five i rdeslitgeandtdecodinghtectniques whichapereie upon pertions phihe usefel signdl ri cted so
t hat they u Q Y L : |

five-state %%.?((,P\?ié(?lé meg‘P@“ a;s"b%Hg c Jéség'\é"?}o g%%\t'/ g:émf’ hr ?afeth%i P#)g rsrek%tgii(%agwgdgﬁ be
conveyed i rwhether impleBentedibya drup pulband eoder, e exnsfosmeodere o ehertechiigicoxi nat el y

Feforring o tna BNalcuBal weRZRER & (epliodridTubdkes ERRBUEREE e

t hat 45 addipeitmheherpy withiracrespeqtiver subiband. Fhedenny &subband signal block” refers to the
subband signals for all subbands across the useful signal bandwidth within a given interval
or block of time. For subband coders implemented by a digital filter bank, a subband
signal block comprises the set of samples for all subband signals over a given time interval.
For transform coders, a subband signal block comprises the set of all transform coefficients
corresponding to a signal sample block.

As discussed above, many split-band encoders utilizing psychoacoustic principles
provide high-quality encoding at low bit rates by applying a filter bank to an input signal to
generate subband signals, quantizing each subband signal using a number of bits allocated
to that signal 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. o

A complementary 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 signals, and applying an inverse filter bank to the subband
signals to generate the replica of the original input signal.

Throughout this discussion more particular mention is made of split-band audio
coding, but the discussion pertains more generally to coding applications which reduce
encoded signal information requirements -by exploiting signal irrelevancy and redundancy.
Signal irrelevancy pertains to signal components which are not needed to achieve a desired
level of coding performance such as, for example, perceived fidelity of an encoded signal.
Signal redundancy pertains to signal components which can be recreated from other signal
components. Split-band audio coding and split-band video coding using psycho-perceptual

effects are only two examples of coding applications to which the principles and concepts
discussed herein apply.
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- 22 - mntissa accuracy. As a result, D25 coding with code packing
- achi eves a net savings of approximately 11.67 bits. In Figure 10,

t he exponents are grouped into bl ocks of four exponents. This differential
coding is one exanple of a node of coding referred to herein as D45. The
four indicates that four scal ed values ajpe associated with each scaling
factor. Because only five differentials are coded, approximately 11.67 bits

can convey the Qi Rpflchd cdaeksbdided MBI GARI ihs TOdCAU icBres@iiioRaGKI NG,
y referring to aded area 1 n Figure 10, however, it can be determ ned
that 67 addixtend il dymamis mnge ofcqorded dnformation sepresentad hy adispited swmbercef bitss o
result, D45, codl NG AR TofpRel ofY! 87 LalAR RS B Gidted wilh *Raled
values” corresponding to elements of the encoded subband signals. Many forms of scaled
representation are known. By sacrificing some accuracy in the scaled values, even fewer
bits may be used to convey information using a "block-scaled representation.” A block-
scaled representation comprises a group or block of scaled values associated with a
common scaling factor.

The number of bits allocated to quantize each subband signal must be available to
the decoder to permit accurate dequantization of the subband signals. A “forward-
adaptive” encoder passes explicit allocation information or “side information" to a decoder.
A "backward-adaptive™ encoder passes implicit rather than explicit allocation information,
allowing a decoder to determine allocation information from the encoded signal itself.

In many embodiments, backward-adaptive encoders pass implicit allocation
information in the form of an estimate of the spectral shape of the information represented
by the encoded signal. The estimate often comiprises block scaling factors corresponding to
frequency subbands. '

In one embodiment, a backward-adaptive audio encoder prepares a piecewise-linear
estimate of the input signal spectral envelope, establishes allocation information by
applying an allocation function to the envelope estimate, scales blocks of audio information
using elements of the envelope estimate as scaling factors, quantizes t‘he scaled audio
information according to the established allocation information, 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 information by applying to the envelope estimate the
same allocation function as that used by the encoder, dequantizes the quantized
information, and reverses the scaling of the audio information. Two examples of a
backward-adaptive encoder/decoder system using spectral envelope estimates for scaling
and allocation are disclosed in U.S. patents 4,790,016 and 5,109,417,

On the one hand, it is desirable to use sméller blocks with fewer scaled values to
improve the allocation process. Smaller blocks increase the number of scaling factors
across the useful signal bandwidth, thereby increasing the resolution of the spectral
envelope estimate which is available to the allocation function. By using a higher-

resolution spectral envelope estimate, an allocation function can apply more accurate

This is the replacement sheet
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JFor this particular exanple, the D25 coding node is able to reduce the

I nformation requirenents to a greater extent than either the D13, the D15
or the D45 coding nodes. This will not be true in all instances. In certain
situations, the D45 codi ng node can reduce information requirenents nore

t han can the ot her codi ng nodes. In otherc situations, no form of
differential coding can reduce information requirenents bel ow that achieved

by i ndi vi dUﬁiycﬁcﬁ@&dsﬂQmoWl.‘; R Sick SLid Vaidel eElﬁdusﬁ%oréé&Mrﬁ aﬂ@%k flatter

spectral shapes, ,a "broader™ differentia chas 5 wll be
nor e effect} “N’P’Yedum ng information requirenents of an encoded si gnal

than a na.rrOVVerOn ﬁﬁcﬂtlﬂﬂ HHP% %Lagﬂmgﬁe tQJtée lar%eésbéocgf Nﬁﬂélo\fgrs%%gﬁpgs n the

bl ock scaling techniq escrl ove are % he D25
codi ng noder ‘b%é“‘abﬁffmé’llsmewapppmgem theccaling Mgtods if dhre enceded rsignél.

;\?P;’nfgﬁ r ]d' E’é‘?ém&l@d&&ﬁé the ARbek OF Eclahﬁéj PP adr DRt Qs%l“"? sggﬂal-li)a (imd

_ +1 ereby decreasing the resolution of the spectral envelop&estimate) Although this reduces
1 -1 fhe number of bits required to convey the scaling factors, 1t01s genemhy not dejéxrable to

use blocks representing subbands which are wider than a critical bandwidth. As discussed

above, coders using subbands having bandwidths no wider than the critical bandwidths are

better able to exploit psychoacoustic effects than can wider band techniques.

Disclosure of Invention

It is an object of the present invention to provide for low bit-rate coding of high-
resolution spectral envelope estimates.

According to the teachings of the present invention in one embodiment of an
encoder, a filter bank splits an input signal into-a plurality of subband signals, a scaler
generates scaled representations of the subband signals comprising scaling factors and
scaled values, a differentiator generates a differential coded representation of the scaling
factors, and a formatter assembles the scaled values and scaling factor information
comprising the differential coded representation into an encoded signal having a format
suitable for transmission or storage. The differential coded representation comprises
scaling factor differentials across the input signal bandwidth,

In a variation of the encoder embodiment just described, the scaler generates scaled
representations comprising scaling factors having values which are adjusted when necessary
to restrict the range of differentials between scaling factors.

In another variation, the scaler determines whether the information requirements of
the encoded signal can be reduced by using a previous set of scaling factors to generate the
scaled representation. When the information requirements can be reduced, the scaler
generates scaled representations using the previous scaling factors; the differentiator does
not need to generate the differential coded representation because the formatter assembles

into an encoded signal scaling factor information comprising a "reuse indicator” instead of
a differential coded representation.

According to the teachings of the present invention in one embodiment of a

decoder, a deformatter extracts from an encoded signal a plurality of scaled values and
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~Tabl e | The D45 coding node may use a five-state mapping function
"Mi) for four exponent differentials [err]

to [err] such as that shown in
Table I1.- - 23 -
Mi) [err] [err] [err] [err] 4 +1 0
+1 0 - 1 0 0 0
2 0 0 0 0 - 1 -1 0 0
0

scaling factor information comprising a differential coded representation of scaling factors,
an integrator generates scaled representations in response to the extracted scaled values and
the differential coded representation, an inverse scaler generates subband signals in
response to the scaled representations, and an inverse filter bank generates an output signal
in respdnse to the subband signals.

In a variation of the decoder embodiment just described, the deformatter extracts
scaling factor information comprising a reuse indicator from the encoded signal, The
integrator does not need to generate the scaled representations because the inverse scaler

generates subband signals from the scaled values using the scaling factors derived
previously from the encoded signal.

The present invention is not restricted to these embodiments. 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. 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.

rief Description of Drawings

Figure 1 is a block diagram illustrating one embodiment of a split-band encoder
incorporating various aspects of the present invention.

Figure 2 is a block diagram illustrating one embodiment of a split-band decoder
incorporating various aspects of the present invention.

Figure 3 is a block diagram illustrating another embodiment of a split-band encoder
incorporating various aspects.of the present invention.

Figure 4 is a block diagram illustrating another embodiment of a split-band decoder
incorporating various aspects of the present invention.

Figure 5 is a hypothetical graphical representatxon of differential coded scaling
factors.

Figure 6 is a hypothetical graphical representation of scaling factors and
corresponding adjusted values which restrict the range of differentials.

Figures 7-10 are hypothetical graphical representations of scaling factors and
corresponding adjusted values according to various differential coding modes.

Figure 11 is a hypothetical graphical representation of subband signal components
illustrating some effects of block scaling.
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0 -1 0 -1 0 ' Table |1

~The choi ce of the mapping function nmay have significant effects upon coding
per formance, but the choice is not critical to practicing the concepts of
the present invention. Spectral Envel ope

Resol uti on Sone embodi nent s of_gp]it-band codi ng systens contro
quanti zi ng noi se by adaptively allocati'ng bits to subband signals based

upon bl ock scaling factorw% { RdReuist em for exanple,
transform coefficients are grouped I nto subbands and all coefficients

wi thin a subband are al | ocatliagictEncodeniBecodemhBirugird)i t s based upon the

magni t ude of t r ! ety : ehRnd

codi ng systemlblgl(l;lljgfli lgg%p eg%ﬁégg‘ﬁgﬁ@%lg@étagpg}lg ﬂieg&glgfggg?g%uﬁ%g same nunber
of bits baspeds obtha presentdnysntiondEiliefbank 402 pestorates sublpndlisignals in respdfisgto e 11

I 1lustratgs; o} | l.ting
froma t r%rilsn? %@{n@@ F%élr &ﬁgﬁﬁ)&lﬁr@)m C%QFKBB%E%%%HA?%&QEE | %‘Q?@?ﬁﬂ‘&
scal i ng f subbandssigmails recgived: fram fferbank 48, fthesoaled .refiesentatiore carfiprites saalisg ng t he

fol |l owi ng.exanpl es he, scaling factors are, assu be 4-bit exponents
in the fl 8"5(“%“%?‘%‘{ wﬁ@ﬁl“%’?&ﬁ%ﬁ“t %t?gdf‘lg sggtgﬂggﬁg’éaaﬁ Benerales 3 1 one
enbodi nmentiffetentialt coded tepravematitinng they schttap fasiorsjarid| pasies steadiffergntiab epdrdent
X[err], representation and the scaled values to formatter 108. Formatter 108 generates along path

110 an encoded signal which comprises the scaled values and the differential coded

representation.

Figure 3 illustrates another embodiment of a split-band encoder which is similar in
structure to the embodiment illustrated in Figure 1. In contrast to the embodiment
illustrated in Figure 1, scaler 304 passes some but not all scaling factors to differentiator
306. The remaining scaling factors are passed along path 312 to formatter 308, Itisa
matter of mere design choice whether a particular encoder implementation passes the scaled
values to deformatter 308 along path 312, through differentiator 306, and/or along another
path not shown. Formatter 308 generates an encoded Signal comprising the scaled values,
the differential coded representation, and the scaling factors not included in the differential
coded representation. ,

Figure 2 illustrates one embodiment of a split-band decoder incorporating various
aspects of the present invention. Deformatter 202 extracts scaled values and a differential
coded representation of scaling factors from an encoded signal received from path 200.
Integrator 204 generates a scaled representation of subband signals comprising scaling
factors associated with one or more scaled values; the scaling factors are generated in
response to the differential coded representation received from deformatter 202. Inverse
scaler 206 generates subband signals in response to the scaled representation received from
integrator 204. Filterbank 208 generates along path 210 an output signal by applying an
inverse filter bank to the subband signals received from inverse scaler 206.

Figure 4 illustrates another embodiment of a split-band decoder which is similar in
structure to the embodiment illustrated in Figure 2. In contrast to the embodiment
illustrated in Figure 2, deformatter 402 extracts scaled values, a differential coded
representation, and scaling factors not included in the differential coded representation from
an encoded signal received from path 400. The differential coded representation is passed

This is the replacement sheet

Date: 7 * 3N mg

¥



which is associated with the |argest nagnitude conponent Jerr] in the
illustrated subband, is the block scaling factor. In response to the val ue
of the block scaling factor, an allocation function establishes a masking
t hreshold 1102 which is approxi mately 30 dB bel ow the anplitude of the
quantity @ err]. Quantizing noise belowthis threshold is considered to be
masked by the spectral energy within th&-subband. Using a sinple 6 dB per
bit rule, the allocation function all ocates bits t h of the

fourteen dOMITHRM 4rﬁ“FH§“§§HB%HHFth€“8V‘Fﬁéééﬂ “ﬁﬁ?gmﬁgg?@§§ﬁW§m?he si gn
of the quakd pisyedailshg!ath 4 R2Biifen@ scal¥C408. LB iy £RaE VT imdré GesifOihbicde of the
uant ity Qe = Bacicuaa desoi ATy alRD Bitss AR SHUAO TERTFHIE. 96 nt
nunmber +0.aldn@rgalh tﬁ2§thr§)ghq§&€kﬂto?>40@,%ﬂ}or)ﬂcﬂé lahotAér RAtPARGKowd:al i ng fact or
and allocating six bits to the mantissa, quantity Qerr] may be expressed
as +0. 00010 E [The yiggrams shown in Figures 1 and 3 illustrate basic structures for an encoder

incorporating various aspects of the present invention. They do not expressly show any

coding component which reduces the information requirements of the encoded signal. In

audio coding systems, for example, a component employing various coding techniques may

exploit psychoacoustic principles to minimize the audible effects of reducing the

- information requirements of the encoded signal. The present invention is well suited for

use with coding components such as those used in many audio coding and video coding

applications, but such a coding component is not required to practice the present invention.

Information reduction coding may be incorporated into the embodiment illustrated in
Figure 1 in many ways. For example, the coding function may be performed within any
one, or within any combination of filterbank 102, scaler 104, differentiator 106 and
formatter 108. As another example, the codingprocess may be performed by a component
not shown which incorporates scaler 104 anci differentiator 106. Similar examples also
apply to the embodiment illustrated in Figure 3.

Similarly, Figures 2 and 4 illustrate basic structures for a decoder incorporating
various aspects of the present invention. They do not expressly show any decoding
component which reverses the effects of a process which reduced information requirements
of the encoded signal. Information reduction decoding may be incorporated into the
embodiment illustrated in Figure 2 in many ways. For example, the decoding function
may be performed within any one, or within any combination of deformatter 202,
integrator 204, inverse scaler 206 and inverse filterbank 208. As another example, the
decoding process may be performed by a component not shown which incorporates
integrator 204 and inverse scaler 206. Similar examples also apply to-the embodiment
illustrated in Figure 4.

The embodiments illustrated in Figures 1-4 do not include various components
which are often necessary in many practical applications. For example, practical
embodiments of an encoder often apply a low-pass filter (LPF) to limit the bandwidth of
the input signal and prevent aliasing. Such practical considerations do not fall within the

scope of the present invention and are not discussed in detail herein, Additional details of
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- 24 - mntissa is not normalized, that is, it has a magnitude | ess than
0.5, because it is resealed relative to the block scaling factor Xerr].
Because t-he (Qerr] mantissa is*not normalized, the signal-to-noise ratio
(SNR) between quantity err] and the quantizing noise resulting fromthe
allocation is only about 12 dB even though six bits are allocated to the
mantissa. In spite of this reduced SNR, the quantizing noise is not audible
because it implandniationmg betdbtrined kanny.3-Hratewh 6]169,310Xor example, which; is cited
apparent, h er, that the bit allocation is not as efficient as it could
be. Although si'x bits are allocated to the nantissa, a nornalized mantissa
for Qerr] requires only three bits tcFitetbave t he 12 dB SNR necessary to

k th tiz ' Th f.the bits all ted to, th
Tanti soa are not VIS letEk i iogiie Sondi@les iy o topd TEirlehéhy Ibceme st
but t hi ikr elf anadol etk ralsed\gthe bubband Hpmlepasyiby, the tncoder fhlerimak
tﬁat tlhz irﬁ?p:rr tia?)ar;ohe m??lgfr: tssem?.]z .alodgl? Si allﬁn?g%(nge reduéed By
bal anci ng t MY R stsmRedpnthquagtized 40 oblain qigiTal Stgaals for PPauint Ledivg PREUEEE-or &
agai nst t heNoyahrula®techhitjge HaYietal by tHEIractRE OF tzrésehtCiiddntion btadigied mal i zed

nti :
mant | ssas _ techniques may often be implemented less expensively.

Digital techniques include nonrecursive or so-called Finite Impulse Response (FIR)
filters and recursive or so-called Infinite Impulse Response (IIR) filters. See generally,
Hamming, Digital Filters, Englewood Cliffs, NJ, 1989, pp. 124-270. FIR filters may be
implemented using techniques such as polynomial filters or transforms such as the Fourier
transform. Examples of specific filler designs include various Fourier transforms such as
the Discrete Fourier Transform (DFT) and Discrete Cosine Transform (DCT), the
Quadrature Mirror Filter (QMF) which is discussed in Esteban and Galand, "Application of
Quadrature Mirror Filters to Split Band Voice Coding Schemes," Proc. ICASSP, May
1977, pp. 191-195, and the Time-Domain Aliasing Cancellation (TDAC) filter which is
discussed in Princen and Bradley, "Analysis/Synthesis Filter Bank Design Based on Time

Domain Aliasing Cancellation," IEEE Trans. on Acoust., Speech, Signal Proc., vol.
ASSP-34, 1986, pp. 1153-1161.

Although the use of subbands with bandwidths commensurate with the critical
bandwidths allows greater exploitation of psychoacoustic effects than does wider band
techniques, application of the teachings of the present invention are not so limited. The
term "subband" and the like as used herein should be understood as one or more frequency
bands within the useful bandwidth of an input signal.

Scaler

Many split-band coders use a scaled representation to extend the dynamic range of
encoded information represented by a limited number of bits. The scaling factors
themselves also provide a basis from which an estimate of the spectral envelope may be
obtained. The estimated spectral envelope may be used in backward-adaptive coding
systems to convey adaptive bit allocation information.

A split-band encoder which forms an estimate of the spectral envelope from scaling
factors may usc a combination of individual and block scaling. For example, a scaled

representation may use scaling factors associated with individual scaled values to represent
T is the (spigoement snest
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Referring to Figure 11, the distance between the top of the shaded area and
- a point on the broken line along the bottom of the shaded area represents

t he nunber of mantissa bits which can be saved by codi ng nornmali zed

manti ssas. For exanple, ten additional bits are required to code the Jerr]
manti ssa when it is scaled relative to tfge. bl ock scaling factor Xferr] as
opposed to the nunber of bits required to code the Qerr] nmantissa when it
i's scal ed newdtequeéncy Gutidand sighaty shdﬁlsesw@iritw JadeWidths Xrelow] frequencies are It i S

al so apparent that, spectral_conponent ents bel ow t hr hoId 1102
o ot nediioD, B BB et EdadiR aSPRaa Al & R S iHHE SIS CRA | a

ener gy theyreﬁ:@&h@ﬁignlfreqwnbt sitafPsifRth BuéaRt MRS critiva Hahdlide E6righ t hin the
subband Forirr t he, exa own in Figure 11, the nantissas associated with

the quantit @é‘e'@"éraf‘}‘”f‘l?"qerr] and Qerr] to Qerr] do not need to be

al l ocated any bigigok stfling ih Q&sdraa:ﬁcé WitR cfitiédl BaidwidH BlaaiRtivdlint gyl 18%@iEaL | ON
requi rements of the encoded si Referring again to the exanple

i |'1'ust r at ecralerFofing sygems becaysedp wwé?hr\ma@ﬂrseg%?quwdo'emw the gllocations - st at e

di fferenti ghfirRidifasaidthphid 16 RIRIAAS kdallfp. d BRI SSMidg 2RYE e InformfaBervi ' €
approximately 2.33 bits to convey the block scallng factor and 84 bits to
f

convey the reRviameataf %wmlm&eﬁﬂtqrg iman eqcgded;signat, ut Bralsgipdusss g resolptigy o83

bits. In comg reﬁﬁﬁate@ibe&m Qﬂ@xopevs(ﬂu Qéhdh' &?&cfeﬂﬂe‘ {Hé fifermati6tdqiBemdrtyv6r ik at e
differential coding he code packing above will require approximtely

32.67 bits ’Ecéleéd'ﬁl&‘é%r 'F'b‘ﬁreffé‘éﬁs é‘)’é‘ﬁﬁ??érit‘ “éﬂfFfi@F‘éhFP‘éﬂs and 26 bits to convey
the mantissas fofnd SQ@mPRVSEnAHAHdLd1isERePRBMSerliAiRn BMkioRY KnBwe 26 Postingl Or 2

total of point comprises an exponent (the scaling factor) and a mantissa (the scaled value). Many
forms of floating-point are known. In one form, the exponent represents the power of two
of a multiplier used to "normalize" the mantissa, or scale the magnitude of the mantissa
into a range between 0.5 and 1.0; a multiplier with the reciprocal power of two is used to
obtain the true quantity from the normalized mantissa. For example, a 7-bit floating-point
number, which comprises a 4-bit exponent equal to 3 and a normalized 3-bit mantissa in
two's complement form expressing a scaled value equal to 0.75, represents the quantity
0.75 X 23 or 0.09375. The exponent is used to scale the mantissa, thereby increasing the
range of quantities which can be represented by a limited number of bits.

One example of a block-scaled representation is commonly known as block-floating-
point (BFP) which comprises a block of mantissas (the scaled values) associated with a
common exponent (the block scaling factor). In one embodiment similar to that described
above, the block exponent represents the power of two of a multiplier which normalizes the
mantissa corresponding to the quantity having the greatest magnitude in the block. The
other mantissas in the block are scaled according to the block exponent and may not be
normalized because they may have scaled values with magnitudes less than 0.5. For
example, a BFP representation comprising a 4-bit block exponent, which is equal to 4,
associated with three scaled 3-bit mantissas, which are equal to 0.5, 0.75 and -0.25,
represents the numeric quantities 0.03125, 0.046875 and -0.015625.

Another example of a block-scaled representation comprises a block of scaled values
associated with a linear multiplier (the block scaling factor). The block multiplier is equal
to the magnitude of the largest quantity in the block and the quantities in the block are
scaled by dividing each quantity by the scaling factor. The true quantities are obtained by
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-25- approximately 58.67 bits. The use of a higher-resolution spectral
“envel ope realizes a net savings of approximately 27.67 bits for this
particul ar subband signal. Al t hough the illustration in Figure 11
and the discussion of spectral envel ope resolution are directed nore
particularly toward transform codi ng systens, the principles also apply to

subband codi ng systens. |In general, t hellresol ution of the spectral envel ope
S controllq

3, 2on ol L5 SR b B 5 b S B R URMRECDTS
downsanpl ewliich areletjugbte-Q235,NIL8) aralrGl50,diociatbdalitls € dlock ehultiptien rvhictais egeal
applied tq Suaend Sl heSquril SO TR 5 %389 & 1875 and 0.09375,

respectively.

An embodiment of an encoder incorporating various aspects of the present invention
may use any of a wide variety of scaling functions S(q). For example, the scaling function
S(g) may be linear, logarithmic, or trigonometric; however, the scaling function should
provide for a complementary inverse scaling function $'(g) which can be applied in the
decoder to recover an approximation of the true quantities from the scaled values.

Various design criteria for a particular encoder/decoder application will often
influence the choice of the scaling function. For example, backward-adaptive split-band
coding systems may use exponents in a floating-point representation similar to that
discussed above to implicitly convey bit lallocations made according to subband signal
amplitude. A unit increase in exponent value represents an approximate decrease in
amplitude of one-half or a change of -6 dB (20 log,, 0.5) for the quantity represented by
the floating-point number; therefore, such a floating-point representation may be a good
design choice for backward-adaptive coding systems which allocate one additional bit for
an increase in amplitude of 6 dB or some multiple such as 18 dB.

Differentiator

The differentiator generates a differential coded representation of one or more of the
scaling factors by establishing the difference between scaling factors across the spectrum.
Figure 5 illustrates two sets of points representing two sets of hypothetical values. The
points connected by broken line 502 represent a set of scaling factors such as floating-point
exponents, for example, for subband signals in a subband signal block. Continuing the
floating point examples discussed above, the exponents X, are plotted on the graph as
negative numbers so that larger values correspond to larger amplitude signals. In the
example shown, exponent X, has a value of 8 but is plotted as -8, and exponent X; has a
value of 7 but is plotted as -7. Throughout the following discussion, the negative values as
plotted will be referred to as the value of an exponent X,. The quantity represented by the
floating-point number comprising exponent X, is approximately twice as large as the

quantity represented by the floating-point number comprising exponent X,. The same set of
exponents are illustrated in Figures 6-10.

The points connected by broken line 504 represent the difference between

successive exponents. For example, the first point A, having a value of one indicates that
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poi nts. These scaling factors can provide an estinmate of the spectral

" envel ope. Scal i ng Factor Reuse

An encoder can sonetines reduce the information requirenments of the encoded
signal by using scaling factors already known to the decoder. One sinple
way in which this nmay be done is to encode subband signals using a set of
scaling factors which was generated eatliper, and pass in the encoded signal
an indication to the decoder that it is to reuse the earlier set of scaling
factors. Aesgine@fX,dcand e dah @kFonbit Q) arhg tmumiﬁm Bf haprngw' ale o akgatioé

| i fact b but th b
ract | cal - CBRTISBRARD RAPUTE s S HES AR POt Fermhire Sag FkeRial foinh,e
encoder an@odeposting to%xﬁbrﬁahﬁXJ bheafe 8¢ Sxpohdi is ME GEsEEkd® WhichpBC diffgreatiali | abl e

in the encoded si gdg fo convey which scaling factors in which of the
previ ous s&EREHYE delgrpised-cused, and the anount of processing required by

the encoder to mhge%mttroﬁmntthepﬁﬁés@ for%neratm% fﬁealhfrdi@mfaaeddea répedseationy not
reduce i nformati g{g requi renents if e earlier scal I g factors are
er

si gni fi cant¥§PYsiPlee B example i differpntialfunclion QR nayRe 1ear, lagarithmic, fat i on i s

essenti al | Xnﬁd?\@né@iéeh&ﬁev%{“%e Q‘f@?édﬁﬂefﬂmﬁgﬁ"é&ui@ﬁm@ﬂb orid &dinplerRQpePts to
restrict the ran ferentials. The hical illustration 1n Figure

7, for exaripeesal g‘ﬁ‘}“%é) | (Ht"éﬁ‘fi‘r endg aPBhedrlé ;S‘Pee@?éPﬁef i) EeCRYRT tishicalingafactaes

factors wi tefonk R différehtBs cad réfRese@RHidS 1M thé BRanfié hlk&fssea%b¢é‘%e diffeleia Wi th
t he squares The di fference between the two sets of scal mgbeactors

represent s fupgiian p¥8 o= Xor Xaddptinearfingsion Hut, begspieselythe natpre of dloglingcRoigf t he
scal ed val YsgonehfsNink WitPdrBiial Pfties approximately as the exponential of the underlying signal
amplitude.

A particular embodiment of an encoder may apply the differential function to all
scaling factors, or it may apply the function only to scaling factors associated with
adaptively selected subband signals. The adaptive selection may be made so as to obfain
an optimum reduction in the information requiréments of the encoded signal. For example,
referring to Figure 5, more bits may be required to convey a differential coded
representation of exponents X, to X,, than would be required to convey the exponents
themselves. In this instance, an encoder could select only exponents X, to X, for
differential coding and pass an indication of this selection in the encoded signal.

For some embodiments, the differential function need not distinguish between block
scaling factors and scaling factors associated with a single scaled value. In other
embodiments such as some of those discussed below which adapt the djifferential function
to achieve the greatest possible reduction in information requirements, the distinction may
be important.

Formatter

The formatting process generates an encoded signal by assembling the scaled values,
differential coded representation, a base value, and possibly one or more scaling values into
a form which is suitable for transmission or storage. One scaling factor can serve as the
base value from which the relative values in the differential coded representation are
determined. In many practical embodiments, additional information such as error
detection/correction codes (EDC), frame synchronization codes, and/or database retrieval

keys are also assembled into the encoded signal. The formatting process used in a
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earlier scaling factors. I n one enbodi nent, the reuse indicator is
"a single bit which is always present in the encoded signal. Wen set to
one, it indicates that new scaling factors are not present in the encoded
signal and that the previous set of scaling factors is to be used by the
decoder. The encoder decides for each subband signal bl ock whether to

reuse the previous set of scaling factors. Scaling factors are reused
whenever the nunber of additional bits required

- 26 - tO pjaHRSRF ¢mbodimkstthnd ahdiforiaat i nisconcoded|siphal fefudtingt fin@m thenfoematiidg bi t s
required Lo, CONSY ol Gitfcal loHhe praciice dlthd SredeRl w@lighor their differentials.
Deformatter
The deformatter reverses the effects of the formatting process by extracting scaled
values, a differential coded representaﬁon, a base value, and possibly one or more scaling
factors from an encoded signal. In many practical embodiments, EDC and frame
synchronization codes are used to correctly interpret the received encoded signal and,
where possible, to detect and correct errors introduced during transmission or
storage/retrieval, The deformatting process used in a particular embodiment is not critical
to the practice of the present invention.
Integrator
The integrator is a complementary function to that used to generate the differential
coded representation in the encoder. Referring to the example discussed above, for

example, a scaling factor may be recovered from the differential coded representation and a
base value using the relation

X, =X ,+A =X, + :EIA, forn = 1,
where A, = X;-X,, fori = 1, and

X, = the base value,
In general, the integral function D(j) is the inverse of the differential function D(i) such
that the scaling factor X; = D'{D(D)}. |

If the encoded signal was prepared by an encoder which differentially codes
adaptively selected scaling factors, an indication of the selection is extracted from the
encoded signal by the deformatter and is used to adapt the integral function to derive only
the appropriate scaling factors.

Inverse Scaler

The inverse scaling function is a complementary function to that used to obtain the
scaled representation in the encoder. Referring to the floating-point representation
discussed above, for example, a normalized 3-bit mantissa equal to 0.11, represents the
scaled value 0.75 in two’s complement form. The true quantity represented by this
normalized mantissa, associated with an exponent having a value equal to 3, is 0.75 X 23

or 0.09375. In this example, inverse scaling may be implemented by logically shifting the
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Referring to the D15 coding exanple in Figure 7, an additional 23 bits are
‘required to preserve nanti ssa accuracy but approximately 46.67 bits are
saved by reusing earlier scaling factors. For the D13 coding exanple in
Figure 8, an additional 45 bits are required to preserve mantissa accuracy
and only about 33.33 bits are saved by Yeusing the earlier scaling factors.
For the D25 c exanple in Figure 9, an additional 45 bits are required
to preser ﬂgﬂl"rlg%"éy maptissa &9, the righby pymbes dimes pqua fo e, valug of theRFERNBY
reusing thﬂmeaa«ekseesrcam@qirb&es for PP reprefeatatibiieis [Hfilae0di ng exanpl e in Figure

9, an addltlong é} .are re ui red toﬁp ese Ve mantka}s c}cc raQE\; and

only about 11.&%Y8H} Fé“?&‘\?éﬁa ige fungtien g(q? h°‘et UNEISR L BESF3RG HHnctpyy s

A broader Sygyliuetg tHxodR tfquuaﬁt&pqreus'w@nal $thigt dqastitplisSnqin geus;bweaenerat ed t
ng nmay use a se

for a narrower codi For, exarr de of co
of scal | ngherast BiEsOTie SR Fyrelircriay Bt doi ) Sy ShBEY- ng. 1 or

exanpl e; every fourth scaling factms,efsgpmag,aﬁgt An encoder nmay al so
maxi m ze scal i 2@0 factor reuse hy "l ooking ead." In one enmhodi nent, an
encoder exani nd¥ Bati¢ #éeﬁmlquwrdmpiﬁmeet%wsamr@féfﬁabmﬁq ig GRbcah fythe’

establ i sh lc§ QF tiRf mmbﬁ n@dﬁ?ﬁ&hﬁlqﬁ\é&' subh Q@Qwﬁeadasﬂsqusﬁetefoa ciiérity of
bl ocks in frane., A set of "frame scaling factors" which best represents

all or nos%anwims ard, i gersy, iparrpif exact mepqnstraction f dhsgoriginal inpyt sigeal by st and
reused forizRieciferQank! rA1fBugtethede eﬁrébehm aré S vefy désﬁ%lercﬁﬂa&érﬁﬁks fop the

frarre which is not well represent the frame scaling factors
practical embodiments of an encoderldecoder system, they are not essential to the practice

of the present invention.
Alternate Embodiments

The following discusses various alternative embodiments to the basic embodiments

discussed above. Examples are used to describe aspects of the present invention; however,

the present invention is not limited to the specific examples cited. Several of these

alternatives pertain to coding techniques which attempt to reduce the information

requirements of the encoded signal without perceptibly degrading the encoded signal.
Differential Range

Information requirements of the encoded signal. may sometimes be reduced by
limiting the range of the differentials generated by the differential function D(f). In one
embodiment of an encoder incorporating aspects of the present invention, quantities are
represented by floating-point numbers comprising 4-bit exponeats. Two quantities
expressed in this representation have exponents which may differ by an amount in the
range from -15 to 15. A conventional binary representation of a differential with this
range requires five bits, but only four bits are required to convey the exponents
themselves. By restricting the differentials to the range from -1 to 1, for example, only
two bits are required to convey the differentials using a conventional binary representation.
This results in a savings of two bits per differential.

The differential between exponents of successive floating-point numbers can be
restricted to any arbitrary range. Differentials can be restricted by adjusting the exponent
of the smaller magnitude quantity and scaling the associated mantissa accordingly. This
process is described below using the notation +0.nnn, E xx to represent a binary fraction

mantissa £0.nnn, in two’s complement form associated with a decimal exponent xx.
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can be encoded using a special set of scaling factors. The isol ated bl ock

“also contains an indication that its scaling factors are to be used perhaps
only one time, and that the frame scaling factors are to be used for
subsequent bl ocks. One sinpl e techni que which establishes frame
scaling factors conprises calculating the scaling factor for each subband
signal in each block in the franme, determning the value of the |argest
scaling factor for each respective subband across all the blocks in the
frame, . and constructing a set which conprises these |argest scaling

factors. The b'F&'%iaMﬁleabq@dnﬁly DP=b.09095 fhayl b& Bﬂ)réss&pﬂﬁmamo&ﬂ{g pzfmtscal I ng
factors rather than the frame scaling factors are gégent fied by hng a
bl ock- by- bhvaRer +-dda B 3o and,a syceessiveiqpaptity @ shSO0H03 Bpessed as ¢

Differenti ghat qioﬂﬁ n@hberel 69} £B. Sehdaipdfent dxfferenttal%t%ﬁ Qﬁiﬁfwd@&n%sﬁi@ eto

reduce information requirenments of an encoded s gplylng vari ous

codi ng met HddsBY adiuging theerpengib oh guantity £, %‘Qdﬁﬁ%‘é‘g ‘8?1 a@ﬂ?} Yol y D25
coding to fat @), &l dxpRisdedidsat0.00001) B, Fbr éxa@pﬁpaﬁte&wnenm&wmmss fdéeddot 0 a
+1. |

Figure 6 illustrates the results of adjusting exponents to restrict the differentials to
the range from -2 to 2. The circles represent the values of éxponents before adjustment
and are the same as those shown in Figure 5. The squares represent the values of
exponents after adjustment. No adjustment is required for exponents X to X; because the
corresponding differentials A, to A, are already within the restricted range from -2 to 2.
The exponent X is adjusted to a new value represented by square 602 to reduce the
magnitude of the original differential A; from -3 to -2. Similar adjustments are also made
to exponents X, Xq, Xig, Xis, Xi6 and X,s.

Exponent Xj, is also adjusted but this adjustment is influenced by two
considerations. First, an initial adjustment to the exponent reduces the magnitude of the
original differential A,, between 'exponents Xi, and X;; from -6 to -2. The exponent value
which results from this adjustment is represented by cross symbol 604. Second, an
additional adjustment is required because the remaining differential A, between exponents
X3 and X, is too large. This additional adjustment reduces the remaining differential from
+6 to +2. The exponent value X,; which results from the second adjustment is
represented by square 606. The resulting differential A, beiween exponents X;, and X;; is
+2, therefore no further adjustments are required. If the differential between exponents
X, and X;; was too large, exponent X;, would be increased to reduce the differential. If
exponent X;, was increased, then the differential between exponents X,, and X,, would be
examined to determine if further adjustments to exponent X;; were required to ensure the
differential is not too large. These further adjustments would be made to each preceding
exponent until either the preceding differential is not too large or the first exponent X, is
processed.

The following program fragment represents one way in which the adjustments may

be carried out. A wide variety of alternative ways are possible.
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- 27 - portion of the spectrumwhich is not as flat, not apply any
"differential coding for a portion of the spectrumin which the
differentials are very large, and indicate the reuse of an earlier set of
scaling factors for another portion of the spectrum An "unused" state, for
exanple, may be used with code packing to indicate a swtch from one codi ng
node to anot her. Practical consiterations entail trading the
potential net reduction in the information requirenent of the encoded
signal with the inc{h&s iifiem h#92%mt i on requi renents to convey the

i ndi cation for thes®2kel & 57& -2hd the cost of the processing to nake the
sel ecti ons. {03 esforenbodi ment, an encoder sel ects a frequency above
whi ch all exponent s(04} fordrfeamiddo d8i ng t he D45 coding node. Below this
frequency, either t@8)D1¥ |éyl Ph2#®A5 codi ng node is used. An indication of

the cutoff frequenc{®6hnd t et W%ﬂ nmode sel ected for the |lower frequencies
is included in the €Htoded sisgffar. -2 - 4 '

O her Features (08) set X, =X, + k
(09) set A, = -2
(10) set Ay, = Ay -k
an else
(12) setf =i
(13) while A, > 2andj > 0
(14) setk=A4,-2
(15) set X, = X, +k
(16) set A, =2
¢y} set Ay =4, +k
(18) setj=j-1
(19) endwhile
(20) endif
21) endif

(22) endfor

Lines (01) to (03) calculate the exponen'f differentials for exponents X; to X;o. The
variable A, represents the differential between exponent X;; and exponent X,. Lines (04) to
(22) adjust the exponents to restrict the exponent differentials to a range from -2 to 2.
Line (05) determines whether the differential A, is within the restricted range. If it is, line
(04) advances the index i to the next differential and reiterates the process performed in
lines (05) to (21) until all differentials have been processed. If line (05) determines that
differential A, is not within the restricted range, then an adjustment to one or more
exponents is needed. Line (06) determines whether the differential is too large or too
small. If the differential is too small, lines (07) to (10) make the needed adjustments,
otherwise lines (12) to (18) make the needed adjustments.

If the differential is too small, line (07) determines the amount by which the
exponent X; must be increased to obtain a differential equal to -2. The variable k is set
equal to this amount. Line (08) increases the exponent X, by the amount k. Line (09) sets
the differential A, equal to -2 and line (10) decreases the differential A,,, for the following
exponent by the amount k.

If the differential is too large, line (12) sets variable j equal to the current value of
index i. Line (13) reiterates the process performed in lines (14) to (18) until encountering

a differential which is less than 2 or until the variable j becomes equal to zero. Line (14)

This is the replacement sheat

31 DEC !
nae. 31 DEC 9%



The present invention may be used in enbodi nents of coding system which
“adapt the length of the subband signal block in response to various events
such as signal transients. For exanple, WPO publication WO 91/16769,
publ i shed Cctober 31, 1991, discloses a coding systemusing the TDAC filter
bank of Princen and Bradl ey which may sWtch to a shorter block length in
response to the occurrence of a transient in the input signal. No special
consi der at fe¢raings dheamauathy yhich theprsyigey expananh . rﬂ“t‘g ancrqasﬁé e PBRiN %t o such

codi ng sys§iefeFentidl hual 38 Qo%e%ﬁﬁﬂlé £ se@@x{lﬁl Qethﬁtah{bﬂﬁt NBiKe PS) E}%Eéaké@e”t
For exanple, in one particular enbodi nen alowhit-rate

bandwi dt h exeReh & .slgyskhe aMemitdn biae Lo sets %eﬁmf@reﬁ@é Apequakier? ﬂ\dém (wl nt
bl ock and gcrals R ditfelehf la,, for MR frdro®OGboiEnlB thelafoRik. UBRE (1§ code the

shorter subband signal blockS but the D25 and the D45 nodes are used as

desired. THSReRlIRe Vafiabley to point t, the pagsius differentigl andtxapienbits  are
available to Coﬂﬂ: l@%ﬁ'&ﬁé&@fﬂ Me9 ¢18) 4§ (19 rﬂa@%e%éhéﬁéiﬂwd Line (15) WilPadjisesent

invention may al so be used .in enbodi ments of multi-channel. ¢coding “systens
whi ch cont H] valus of expasentaXo ib thedifferentiahdnbeiwesn expaneatschaciad X5 iigieallamgg, but

adaptivel y f | tation.
For exanpl 3“59@5%38’6%%‘5 |t%n t&b %ﬁddfg&@ | éﬁg% % dlﬁzd%ﬁ&%‘ggg&

di scl oses #okdefinedsodi ng system for mJI ti pl e channel s of audl o information.

:\"r)wz gtelc'oﬁ' | ﬁfgsggs%fi]&&g %Qﬁoréﬁ@dtﬂ@:%ﬁt?ﬁ@ﬁﬁ{y tQucd @8 %Hﬁéxaéf%x% b%euﬁ&? ?&‘&Invey
mul ti - chanks dlﬂ'glentnalsgémdlt@lsgontqrmcrgnbyhmmgrbef o bitsereqyired to convey marmssas
with a given level of accuracy. Referring to the example discussed above, by adjusting the
exponent of @, from 8 to 4, the number of bits required to express the mantissa with the
same accuracy increases by four. Restricting the differential to the range from -1 to 1
saves two bits to convey the differential, but four additional bits are required to convey
associated mantissas with the same accuracy.

The graphical illustration in Figure 7, which is similar to that in Figure 6, shows
the results of adjusting exponents to restrict differentials to the range from -2 to 2. The
circles represent the values of the exponents before adjustment and the squares represent
the values of the modified exponents after adjustment. Although the broken line connecting
the circles is a more accurate representation of the spectral envelope than is the broken line
connecting the squares, fewer bits are required to convey the restricted differentials of the
adjusted exponents. By using a conventional binary representation, for example, four bits
are required to represent each unadjusted exponent but only three bits are required to
represent each restricted differential for the adjusted exponents. This results in a savings
of 20 bité for the twenty exponents.

It is worthwhile to note one characteristic of the frequency response of digital filter
banks implemented by discrete transforms. As a general rule which is dependent upon the
design of the analysis-window, transform-based filters can achieve a narrow main lobe at
the expense of high side lobes which allow a significant amount of spectral energy to leak
into neighboring filter bands. Sec Harris, "On the Use of Windows for Harmonic Analysis
with the Discrete Fourier Transform," Proc, IEEE, vol. 66, January 1978, pp. 51-83.
Because of this side-lobe leakage, part of the spectral energy which exists only at the

frequency represented by one transform coefficient will leak into adjacent transform
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subband signals representing two or
"a conposite - 28 -
representation. Differential coding of subband signal scaling factors is
applied to the conbined representati on but not to the individual

| ow- f requency subband signal s. -VAri ous considerations nmay depend
upon the needs of a particular coding application but they do not represent
any | i ni t eqeffinientsh the aeighbetieg rustasme coeffictants will indigate falglyethat spectral energy

Swi t chi Ngefiitk hEHEIR respective fAudabe@der can sometimes further reduce the
information requirenents of "an encoded signal by first determ ning the

i nf or mati on reammmgt@e&fswnéot@dmww midwhigh is fimpesed upan the §3¢ ghe use

of vari ougneRdhaiaBHRSy cA WatddReAdARIhYE Y cthidiéild. "Bedalse! dHanis

limitation, the magnitude of scaling factor differentials is inherently restricted. In other

nore of the channels are conbined into

words, because of filter bank side-lobe leakage, very few if any large adjustments will need
to be made to the scaling factors to restrict the range of scaling factor differentials.

The shaded area illustrated in Figure 7 between the two broken lines is a rough
measure of the additional bits required to convey floating-point mantissas associated with
the adjusted exponents with the same level of accuracy; as that conveyed by mantissas
associated with the exponents before adjustment. For example, one additional bit is
required for each mantissa associated with exponent X, and three additional bits are
required for each mantissa associated with exponent X,. The sum of the differences
between the adjusted and respective unadjusted exponents for the example shown in
Figure 7 is equal to 23. Assuming each exponent is associated with one mantissa, this
means that 23 additional bits are required to convey all of the mantissas using the adjusted
exponents; however, because only 20 bits are saved by restricting the differentials to the
range from -2 to 2, the twenty floating-point numbers comprising an exponent and mantissa
may be conveyed with a given level of accuracy using 3 fewer bits than is required to
convey the numbers using the restricted differentials.

This mode of differential coding is referred to herein as D15. The one indicates
that one scaled value is associated with one scaling factor. The five indicates that the
scaling factor differentials are restricted so that they may assume one of only five states.
In this example, the five states are the five integers in the range from -2 to 2.

In this example, the D15 coding mode is not able to achieve a reduction in
information requirements because the number of bits saved to convey the restricted
differentials is less than the number of additional bits required to preserve mantissa
accuracy. Eighty bits are required fo convey twenty 4-bit exponents. A block-by-block
figure of merit for the D15 mode of coding the exponents shown in Figure 5, as well as for
the other coding modes discussed below, is expressed in terms of the net number of bits
saved relative to the number of bits required to code twenty floating-point numbers
comprising 4-bit exponents.’

Figure 8 is a graphical illustration similar to that shown in Figure 7. The squares
represent adjusted exponent values which restrict differentials to the range from -1 to 1.
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node which achi eves the greatest reduction. Many al ternative
switching functions are available. For exanple, a switching function may
base a decision to swtch between nodes upon a neasure of spectral shape.
Lower coding nodes such as D13 as opposed to D15, and broader coding nodes
such as D45 as opposed to D15, are generglly nore efficient for coding
signals with flatter spectral characteristics. One possible neasure is the

basi ¢ bl oclOnty twal bitkaré regjuired @f comdyl éaéld Hﬂ’ﬁ:_&;&gﬁgdg &h?ﬁ%nti?f@bgﬁfﬁo Imleas l[J)l re It Z |
t he Spectral Fl atnes sur,e ( Sk escri be . Jayant an , gi
Codi nS of W@RIESF@FQ‘E‘ ?ﬁ“%ﬁamae i@%@}s FRSult inggosavings, of 4kbitgto copveydmrnty

descri bes tréstricidioditfeRhtidls & Gitlared (5 Wty SRRALHS! TREAR) bl hBMiffer&icBg! € nunber
whi ch rangﬁ)s in valye fromO to 1. The SFMis inversely proportional to

wavef or m prPEest Hsiadjusted and gespestive, pnadjugied expasents &y theeraatpiecshawnda si gnal

wi th the prRgge Biieequal toMB, t RssiRirpCeaceMBhR iCdssdcitad WRF hd Pamis, ST gnal
which is perfectl r,gdl Céébl e. e enbodi nent of an encoder 1 ncorporating
various as 5%‘&‘%‘“5?‘(“?[011? erstials in the Fanes diosn- 1@ dpatiows the ayentydirating-point

rogr essi vahbérs 46 8€ comefédgitiR §ien dével SeacalitMly @ileSs RAJep Bitd (haR iCahived Y
Fowgr threihg‘I dss urRg gx e, the gZWitchi n decs?%iaox_n may be

. As apot her ) I >
based upon %W‘Hﬁﬁéﬂe-‘t%‘i‘%ﬂsa‘efé}gaﬁ%fedw&d tialse Lhys giede obditiereptig codingeasur e
such as t hds bdferedd-toyheliDakDi3 Gevacsehe mm}%t fadioP AlfferittaBAld teSttictedVio BHEL 20€
may be obt aiagq%d by applying a |lowpass filter to the nmeasure. For exanple,

an exponent®t y decayi ng average of the cal cul ated measure F(k) can be
obtained from agatHof e hvekdrfi& disttésBd Fove restrict exponent differentials to a range

which is symmetric about zero, but asymmetric ranges may also be used. For example, a
four-state D14 coding mode could restrict differentials to the range from -1 to 2. A D15
coding mode could restrict differentials to the range from -1 to 3. If asymmetric ranges
are used in audio coding systems, for example, it is generally breferable to allow for larger
positive differentials because most audio signals comprise larger and more rapid increases
in amplitude than decreases, and because coding errors are more tolerable for large
decreases in amplitude rather than large increases due to temporal psychoacoustic masking
-effects. :
Differential Code Packing

Generally, a conventional binary representation is not an efficient way to convey
differentials. For example, as mentioned above, differentials which are limited to the
range from -1 to 1 can be conveyed by a conventional binary representation of only twd
bits; however, this representation is inefficient. The range from -1 to 1 comprises only the
three distinct integer values -1, 0 and 1, but two binary bits are capable of expressing four
distinct integer values. In effect, a fractional part of a bit is wasted if two bits are used to
convey a differential which can assume only one of three values. Fractional bits can be
reclaimed by packing multiple differentials together.

One example of how this may be done is to first apply to each differential a
mapping function M(i) which maps each possible differential value to an integer within the

range from O to N-1, and then to perform the packing operation by computing the
polynomial

P=M1) + M2)'N + ... + M(n)-N""! = zu:M(i)'N"l
=
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A(K) = {F(k)-A(k-1)}.E + A(k-1) where A(k) =filtered average for

iteration k, and E=filter time constant. The time constant of the
filter is cthosen to balance response time with stability of response
across short-term conditions. The features of the alternative

enbodi ment s di scussed above may be combined in various ways and
I ncorporated into a single enbodinent._ﬁgqtures.nay al so be applied
selectively, either adaptively in respofise to signal characteristics, for

exanpl e, OkhtR AQ) = the mapped value of differential Ai, - 29
) N = the number of states each differential may assume, and

n = the number of scaling factors to pack.

A simple mapping function M(j) for differentials which may assume any integer value
within a range of N consecutive integers is

M@i) = A - A,
where A, = minimum value a differential may assume.

The ability to pack differentials into a more efficient representation helps make the
restriction of differential range more altractive. For example, a five-state differential with
a range from -2 to 2 may be mapped into the range O to 4 by the mapping function
M(i) = A; - (-2) = A, + 2. Three mapped values can be packed into a 7-bit binary
representation P by calculating the polynomial P = M(1) + 5M(2) + 25M(3). As a result,
each ﬁ\;e-state differential can be conveyed by approximately 2.33 bits. Referring to the
example illustrated in Figure 7, approximately 46.67 bits are required to convey twenty
packed differentials using the D15 coding mode as opposed to 80 bits which are required to
convey the exponents themselves, but 23 additional bits are required to preserve mantissa
accuracy. As a result, DIS coding with code pécking achieves a net savings of
approximately 10.33 bits over that required to convey twenty exponents and associated
mantissas.

A three-state differential with a range from -1 to 1 may be mapped into the range 0
to 2 by the mapping function M()) = A, - (-1) = A, + 1. Three mapped values can be
packed into a 5-bit binary representation P by calculating the polynomial
P = M(1) + 3M(2) + 9M(3). As a result, each three-state differential can be conveyed by
approximately 1.67 bits. Referring to the example illustrated in Figure 8, approximate_ly
33.33 bits are required to convey twenty packed differentials using the D13 coding mode as
opposed to 80 bits which are required to convey the exponents themselves, but 45
additional bits are required to preserve mantissa accuracy. As a result, D13 coding with
code packing achieves a net savings of approximately 1.67 bits.

For this particular example, the D15 coding mode is able to reduce the information
requirements to a greater extent than the D13 coding mode. This will not be true in all |
instances. Within certain limits, a "lower" differential coding mode such as D13 will be

more effective in reducing information requirements than a "higher® mode such as D15 for
signals having flatter spectral shapes.
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Invariant manner. For exanple, different differential coding nodes may be
applied to selected subbands in response to input signal spectral shape, or
they may be applied in an invariant nmanner based upon enpirical evidence of
signal characteristics. The manner in which selective application is
acconpl i shed does not limt the scope oh;the present invention.

- 30 - CLAI V5

Any number of differentials may be packed by using a polynomial of appropriate
length, but a three-term polynomial was used for each of the previous examples because
the packing is reasonably efficient. Although packing efficiency will tend to increase as
the number of polynomial terms increases, the number of terms is restricted in practical
embodiments because the resulting packed representation would otherwise become
excessively long and more difficult to process. The following discussion of various
embodiments assumes that a three-term polynomial is used.

Code packing in general is not perfectly efficient. For example, the 7-bit
representation of three 5-state differentials is only about 98% efficient because only 125 of
the 128 total possible states that can be represented by 7 bits are needed to convey the
three differentials. The remaining 3 "unused" states are wasted unless they are used for
something else. For example, these unused states may be used to represent scaling factor
differentials which fall outside the restricted range but which occur frequently enough to
deserve special treatment. Several other uses for these otherwise unused states are
suggested below. _

Block Staling

Block scaling techniques may sometimes be used to further reduce information
requirements of the encoded signal. Figures 9 and 10, which are similar to Figures 7,
illustrate the effects of one example of block scaling upon differential coding. The squares
represent adjusted exponent values which restrict differentials to the range from -2 to 2, but
the values of adjusted exponents are further constrained to equal the largest exponent in a
block. Because the exponents'in each block are equal, information requirements can be
reduced by encoding only one exponent from each block.

In Figure 9, the exponents are grouped into blocks of two exponents, Although the
differential for the unadjusted exponent X, is within the allowed range, exponent X; is -
adjusted so that it is equal to exponent X, which is the largest exponent in the block.
Similarly, exponent X, is adjusted to equal exponent X,. This differential coding is one
example of a mode of coding referred to herein as D25. The two indicates that two scaled
values are associated with each Scaling factor. The five indicates that the scaling factor
differentials are restricted so that they may assume one of only five states.

By packing the five-state differentials as discussed above, three differentials can be
conveyed in 7 bits. Because only ten differentials are coded, approximately 23.33 bits can
convey the differentials using the D25 coding mode. By referring to the shaded area in

Figure 9, however, it can be determined that 45 additional bits are required to preserve
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1. An encoder of one or nore channels of input signals conprising signal
sanpl es, said encoder conprising splitband nmeans for
generating a subband signal block conprising a plurality of subband
signals by applying a filter bank to said channels of input signals, each
subband signal representing a respective frequency subband of said channels
of i nput signal s, scal ing neans for generating scal ed
representati ons of one or nore subband -22- signals, each of said scal ed

e O N e Y
coded repr egprixdhdtelp 10/67ie. or nore of said scaling factors, and
val oS and soal NGB0 FATSRHER FE4 R LSS Sa B ond Waot o 5.
2. An encodgifferkfitid codif® ist che Gkahple bf Wiide iof cadingirefértedas hixeinkasi 345, nPheement ed
by one or nR)[u? in icgt%,g t ta? fotu{' o efdovraﬂlseé are associated with each scaling factor. Because only

five differentials are coded, approximately 11.67 bits can convey the differentials using the

D45 coding mode with code packing. By referring to the shaded area in Figure 10,

however, it can be determined that 67 additional bits are required to preserve mantissa

accuracy. As a result, D45 coding achieves a net savings of approximately 1.33 bxts

For this particular example, the D25 coding mode is able to reduce the information

requirements to a greater extent than either the D13, the D15 or the D45 coding modes.

This will not be true in all instances. In certain situations, the D45 coding: mode can

reduce informatioﬁ requirements more than can the other coding modes. In other

situations, no form of differential coding can reduce information requirements below that

achieved by individual scaling. Within certain limits, for signals having flatter spectral

shapes, a "broader" differential coding mode siich as D45 will be more effective in

reducing information requirements of an encoded signal than a "narrower" coding mode

such as D15. _

Many variations in the block scaling technique described above are possible. For
example, the D25 coding mode may use a five-state mapping function M(i) for a pair of
exponent differentials A, and A,,, such as that shown in Table I.

M@ A Ay

4 +1  +1
3 +1 0
2 0 0
1 -1 0
0 -1 -1
Table I

The D45 coding mode may use a five-state mapping function M() for four exponent
differentials A, to A,,; such as that shown in Table II.
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3. An encoder according to claim1 wherein said filter bank is inplenented
"by a bank of digital band-pass filters. 4. An encoder according to
claim1l1l wherein each of said subband signals represents a respective
frequency subband of a respective one of said channels of input signals.

5. An encoder of two or nore channels of23i-nput signals according to claim1
wherein at |east one of said subband signals represents a conposite of a
respective frequency subbandM$® tWo odinoréuof 4a d channel s of I nput

si gnal s. 6. An enC0d0&r accordrng to ctainrl wherein said
differential coded r presentaﬂion+éonppise§Wlﬁcﬂnation corresponding to a
di fference between val ues of pndi ¥ildual® scaping(?actors, each indi vi dual
scal ing factor associ at ed mﬁt% a é{ngl% scaled V&l ue.

0 -1 0 -1 0
Table I

The choice of the mapping function may have significant effects upon coding
performance, but the choice is not critical to practicing the concepts of the present
invention. .

Spectral Envelope Resolution

Some embodiments of split-band coding systems control quantizing noise by
adaptively allocating bits to subband signals based upon block scaling factors. In a
transform coding system, for example, transform coefficients are grouped into subbands
and all coefficients within a subband are allocated the same number of bits based upon the
magnitude of the largest coefficient within the subband. In a subband coding system, each
sample in a subband signal is allocated the same number of bits-based upon the amplitude
of the subband signal.

Figure 11 illustrates a hypothetical exarhple of subband signal components resulting
from a transform filter bank in which the circles represent individual scaling factors for
each transform coefficient. For ease of discussing the following examples, the scaling
factors are assumed to be 4-bit exponents in the floating-point representation discussed
above.

In one embodiment of a transform coding system using block scaling, exponent X4,
which is associated with the largest magnitude component Q44 in the illustrated subband, is
the block scaling factor. In response to the value of the block scaling factor, an allocation
function establishes a masking threshold 1102 which is approximately 30 dB below the
amplitude of the quantity Q;,s. Quantizing noise below this threshold is considered to be
masked by the spectral energy within the subband. Using a simple 6 dB per bit rule, the
allocation function allocates six bits to each of the fourteen components in the subband.
One of the six bits represents the sign of the quantity and the remaining five bits represent
the magnitude of the quantity in two’s complement form.

For example, assume that quantity Q,;s = 0.03125 which may be expressed as the
floating-point number +0.1, E 4. By using exponent X;;s as a block scaling factor and
allocating six bits to the mantissa, quantity Q,,, may be expressed as +0.00010 E 1. The
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- 31 - 7. An encoder according to claim1l wherein said differentia
coded representation conprises information corresponding to a difference
bet ween val ues of bl ock scaling factors, each bl ock scaling factor
associated with two or nore scal ed val ues. 8. An encoder according
to claim1 wherein said scaling factor information conprises said
differential coded representation. 9. An encoder according to
claim 1l wherein said scaling neans conpri#ses means for
generating a tentative set of scaling factors corresponding to

subband si @§Ralsa ishos apemaliaeh dbaY isiighng|a magsitnde less than 0.5, because it is rescaled

relative to the block scaling factor X;,,. Because the Q,,, mantissa is not normalized, the
signal-to-noise ratio (SNR) between quantity Q,, and the quantizing noise resulting from
the allocation is only about 12 dB even though six bits are allocated to the mantissa. In
spite of this reduced SNR, the quantizing noise is not audible because it is still under the -
masking threshold 1102.

It is apparent, however, that the bit allocation is not as efficient as it could be.
Although six bits are allocated to the mantissa, a normalized mantissa for Qy;s requires
only three bits to achieve the 12 dB SNR necessary to mask the quantizing noise. Three of
the bits allocated to the @, mantissa are not needed if the mantissa can be coded in
normalized form, but this requires individual scaling. From this example, it can be seen
that the information requirements of an encoded signal may be reduced by balancing the
number of bits required to code individual scaling factors against the number of bits saved
by more precise allocation to normalized mantissas.

Referring to Figure 11, the distance between the top of the shaded area and a point
on the broken line along the bottom of the shaded area represents the number of mantissa
bits which can be saved by coding normalized mantissas. For example, ten additional bits
are required to code the Q,;, mantissa when it is scaled relative to the block scaling factor
X415 as opposed to the number of bits required to code the Q;,, mantissa when it is scaled
relative to an individual scaling factor Xj,. .

It is also apparent that spectral components with exponents below threshold 1102 do
not need to be coded because they will not be audible. The spectral energy they represent
will be masked by other spectral energy within the subband. For the example shown in
Figure 11, the mantissas associated with the quantities Q5 to Qyy4 and @z, to @y do not
need to be allocated any bits. This results in a further reduction in the information
requirements of the encoded signal.

Referring again to the example illustrated in Figure 11, an encoder which uses
block scaling, five-state differential coding and the code packing discussed above will
require approximately 2.33 bits to convey the block scaling factor and 84 bits to convey the
fourteen 6-bit mantissas, for a total of approximately 86.33 bits. In contrast, an encoder
which uses individual scaling, five-state differential coding and the code packing above will
require approximately 32.67 bits to convey fourteen exponent differentials and 26 bits to

convey the mantissas for the seven quantities above the masking threshold, for a total of
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nmeans for storing one or nore previous sets of scaling factors,
means for conparing results fromusing the scaling factors in said

tentative set with results fromusing respective scaling factors in
said previous sets to generate scal ed representati ons, and

means for reusing one or nore scaling factors in one of said previous sets
by selecting scaling factors fr@gg.said one previous set whenever
the use of respective scaling factors in said tentative set results
i n hi gher iamrgximtelm 62 byt r'@meuste&ffadﬁgher-resomnmsqiedmrea@aqﬁ 1841884 n@nd/ or
the codin si.gnal r than is achi eved
by the usg %p@jof g’ﬁﬁﬁgg‘?ﬁ&orf@&f’ﬁﬁhg‘ﬁ? %'}(’ﬁ iS"%8he previous set,
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ncoder, accord to claim1 wherein
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of input sl EH‘? 8¢ é‘f%f‘f’ LXoale %%P@B%EP Lipbband | sigpls whichdpwensaraple tesiagle nor e
addi ti onal points. These scaling factors can provide an estimate of the spectral envelope.
' Scaling Factor Reuse

An encoder can sometimes reduce the information requirements of the encoded
signal by using scaling factors already known to the decoder. One simple way in which
this may be done is to encode subband signals using a set of scaling factors which was
generated earlier, and pass in the encoded signal an indication to the decoder that it is to
reuse the earlier set of scaling factors. A set of scaling factors from any number of
previous sets of scaling factors can be reused but the number is usually limited by practical
considerations such as the amount of memory available to the encoder and decoder to store
these sets, the information capacity available in the encoded signal to convey which scaling
factors in which of the previous sets are to be reused, and the amount of processing
required by the encoder to select from the sets.

Scaling factor reuse may not reduce informational requirements if the earlier scaling
factors are significantly different from the current scaling factors. This situation is
essentially the same as that discussed above for adjusting exponents to restrict the range of
differentials. The graphical illustration in Figure 7, for example, may be interpreted to
represent the current scaling factors with the circles and to represent the earlier scaling
factors with the squares. The difference between the two sets of scaling factors represents
the need for additional bits to preserve the accuracy of the scaled values when reusing the
earlier scaling factors.

In one embodiment, the reuse indicator is a single bit which is always present in the
encoded signal. When set to one, it indicates that new scaling factors are not present in the
eﬁcoded signal and that the previous set of scaling factors is to be used by the decoder.

The encoder decides for each subband signal block whether to reuse the previous set of

scaling factors. Scaling factors are reused whenever the number of additional bits required
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subband signal bl ocks constitute a frame of blocks, wherein said scaling
"means generates said scal ed representations using sel ected scaling

factors, said scaling nmeans conprising means for
establishing sets of tentative scaling factors, one set for each bl ock
in said frame of bl ocks, - 26 -

- 32 -

nmeans for analyzing said sets of tentative scaling

fact ors andtofmesenstsediéd sdluggrcuracy is lessIdn thé niihbersf ditakdquied @Cdoavey the
response th

response 1| §“§%§?S°P%%faf‘§"w‘8mf therir;s%%regt?{[s.corrpar ing, for each block in said

Referring to the D15 coding example in Figure 7, an additional 23 bits are required
to preserve mantissa accuracy but approximately 46.67 bits are saved by reusing earlier
scaling factors. For the D13 coding example in Figure 8, an additional 45 bits are
required to pfeserve mantissa accuracy and only about 33.33 bits are saved by reusing the
earlier scaling factors. For the D25 coding example in Figure 9, an additional 45 bits are
required to preserve mantissa accuracy and only about 23.33 bits are saved by reusing the
earlier scaling factors. For the D45 coding example in Figure 9, an additional 67 bits are
required to preserve mantissa accuracy and only about 11.67 bits are saved by reusing the
earlier scaling factors.

A broader coding mode may also reuse scaling factors previously generated for a
narrower coding mode., For example, a D45 mode of coding may use a set of scaling
factors previously used for D15 coding by selecting, for example, every fourth scaling
factor in the set.

An encoder may also maximize scaling -factor reuse by "looking ahead." In one
embodiment, an encoder examines a frame of two or more subband signal blocks and
establishes a set of scaling actors which can be used to code a majority of blocks in the
frame. A set of "frame scaling factors” which best represents all or most of the blocks iﬁ
the frame is encoded once in the frame and reused for blocks occurring later in the frame.
An isolated block in the frame which is not well représented by the frame scaling factors
can be encoded using a special set of scaling factors. The isolated block also contains an
indication that its scaling factors are to be used perhaps only one time, and that the frame
scaling factors are to be used for subsequent blocks. |

One simple technique which establishes frame scaling factors comprises calculating
the scaling factor for each subband signal in each block in the frame, determining the value
of the largest scaling factor for each respective subband across all the blocks in the frame,
and constructing a set which comprises these largest scaling factors. The blocks which are
to be coded using a special set of scaling factors rather than the frame scaling factors are
identified by using a block-by-block figure of merit similar to that discussed above.

Differential Coding of Selected Subbands

An encoder may be able to reduce information requirements of an encoded signal by

applying various coding methods to selected subbands. For example, an encoder may

apply D25 coding to a relatively flat portion of the spectrum, apply D15 coding to a
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using said frane scaling factors with results from using respective
“tentative scaling factors to generate scal ed representations, and
means for "selecting, for each block in said frame of bl ocks, said frane
scaling factors whenever the use of said frame scaling factors results in

| ower I nformati on requirenments of said encoded signal and/or the
coding quality of said -encoded signal is higher, otherw se selecting
respective tentative scaling factors, and wherein said scaling factor

ot at e St Raecime Whict 1= 1 °‘oa3a’a8fe‘@ { Sy difforcndal oasing fir agoriion
|V | | . ge |
cor r espond e O i thich SredHreeRiaiaTe vER ip and dndiFalg the Teuss'of an

repr esent ateanies ssvf ecatiag ﬁo&tre Corianother portgestt thy spebemh AtAn tunsed! istage, ffarct or s,
a representatign of

ai d.f ne scaI| f.agtors in ortion,.of encoded
G orel Coor et Ry, B hieq it RoeR PRy PRGL R sele B one BiifEmRdh R oot od
r epr esent atanotier. were fir st generated u3|ng said frame scaling factors, and
an indication t e sajd frane factors in portions .o
encoded Braghical consdesations entail rading i notenfi ngt rstigtionin BoShorsalich ¢
frame of b'x@@h&nfeh@éﬂ the encoded\éizfall “mﬁah@ﬁ.cfe@&nﬁsmhﬁéﬁoﬁ RéquiYeients & edrvee d
u3|ng said frane scaling factors. 11. An encoder acco;dlng to

clai m | whebgindicationfog é'aas"e gelectignseandrthe eqsbaf the pgpcessing to make the selections.

In one embodiment, an encoder selects a frequency above which all exponents are
encoded using the D45 coding mode. Below this frequency, either the D15 or the D25
coding mode is used. An indication of the cutoff frequency and the coding mode selected
for the lower frequencies is included in the encoded signal.

Other Features

The present invention may be used in embodiments of coding system which adapt
the length of the subband signal block in response to various events such as signal
transients. For example, WIPO publication WO 91/16769, published October 31, 1991,
discloses a coding system using the TDAC filter bank of Princen and Bradley which may
switch to a shorter block length in response to the occurrence of a transient in the input
signal. No special considerations are necessary to incorporate the present invention into
such coding systems, but various practical considerations may be pertinent. _

For example, in one particular embodiment of a low bit-rate 20 kHz bandwidth
coding system which adaptively switches between a 512-point block and a 256-point block,
the D15 coding mode is not used to code the shorter subband signal blocks but the D25 and
the D45 modes are used as desired. The reason for this is that generally not enough bits
are available to code a shorter block using the D15 mode.

The present invention may also be used in embodiments of multi-channel coding
systems which control the information requirements of the encoded signal by adaptively
combining two or more channels into a composite representation. For example, WIPO
publication WO 92/12607, published July 23, 1992, discloses such a coding system for

multiple channels of audio information. No special considerations are necessary to
incorporate the present invention into such coding systems.

In one embodiment of a multi-channel split-band encoder, only high-frequency

subband signals representing two or more of the channels are combined into a composite
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floating-point representation, said scaling factor corresponding to a
floating-point exponent and said scal ed val ues corresponding to

fl oati ng- poi nt nmanti ssas. 12. An encoder according to any one of
claims 1 through 11 wherein said scaling mneans conprises neans for

adjusting the value of said scaling fac;fqr and said scaled values in a
respective one of said scaled representations to restrict the magnitude of

(e 9111 ety oisahih a5l Sboh ol R Tt 2, o0,

more ot her scaling r's e _ si gnal
conpri si ng combined representatiorgleut awotrént the inglividah bow-frequendyr subbandgighatem sai d

eneoes o™ VRl ooy 8 5 L 5 P PR Sy g
repr esent atbusthey doanoh repeestrdchny limitation upmprimsethe prdsem imventior maynbe asedcal i ng
factor and one or nore scal ed val ue§Wit3’l\{t11negr8riitgria
An encoder can sometimes further reduce the information requirements of an
encoded signal by first determining (he information requirements of the encoded signal
which results from the use of various coding modes, and then adaptively switching to the
mode which achieves the greatest reduction.
Many alternative switching functions are available. For exﬁmple, a switching
function may base a decision to switch between modes ﬁpon a measure of spectral shape.
Lower coding modes such as D13 as opposed to D15, and broader coding modes such as
D45 as opposed to D15, are generally more efficient for coding signals with flatter spectral
characteristics. One possible measure is the basic block-by-block figure of merit discussed
above. Another measure is the Spectral Flatness Measure (SFM) described by Jayant and
Noll, Digital Coding of Waveforms, Englewood Cliffs, NJ, 1984, pp. 56-58. The SEM
describes the shape of a signal’s power spectral density by a single number which ranges in
value from 0 to 1. The SFM is inversely proportional to waveform predictability. A value
of 1 describes an unpredictable signal with the properties of white noise. A value of zero
describes a signal which is perfectly predictable. One embodiment of an encoder
incorporating various aspects of the present invention adaptively switches to progressively
broader coding modes as the SFM falls below progressively lower thresholds.
As another example, the switching decision may be based upon a longer-term
average of a measure F(k) such as SFM or a measure such as the block-by-block figure of
merit discussed earlier. An average may be obtained by applying a low-pass filter to the

measure. For example, an exponentially decaying average of the calculated measure F(k)
can be obtained from a simple IIR filter such as

A(K) = {F(k)-Ak-1)} E + A(k-1)
where A(k) = filtered average for iteration &, and

E = filter time constant. The time constant of the filter is chosen to balance
response time with stability of response across short-term conditions.

The features of the alternative embodiments discussed above may be combined in
various ways and incorporated into a single embodiment. Features may also be applied

selectively, either adaptively in response to signal characteristics, for example, or in an
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- 33 - one or nore of said scaling factors is generated in response
"to said scaling factor i nformati on, i nverse scaling
means for- generating a subband signal block conprising a plurality
of subband signals, wherein one or nore of said subband signals is
generated in.response to a respective one of said scal ed representations,
and inverse splitband neaps for generating one or nore
channel s of out put signals by applying an inverse filter bank to

sai d SUbbamdarﬁlhgﬂ%lmepl %l‘exan EE)le, d1f|ferenlﬁtffdbénqu&qglﬁ n‘?&ﬁ?ﬁ‘g& BY apfliefhdti M 13

wherein said inverse fil
selected subbands in response to input signal spectral shape, or they may be applied in an

invariant manner based upon empirical evidence of signal characteristics. The manner in
which selective application is accomplished does not limit the scope of the present

invention,
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inmplemented by one or nore discrete inverse transforns. 15. A
decoder according to claim 13 wherein said inverse filter bank is

i npl emented by a bank of digital inverse filters. 16. A decoder
according to claim 13 wherein each of said subband signals represents a
respecti ve frequency subband of a respective one of said channels of output
signal s. 17. A decoder accordidg to claim 13 wherein at |east one
of said subband signals represents a conposite of a respective frequency
subband of two or nore of said channéﬂéﬂgﬁioutput si gnal s. 18. A
decoder according to claim13 wherein said differential coded

representatlon C nforrratio carrespondi n 0 a difference between
val ues of indi\i gm%{l:sca orbe dr' Thore Shanadls o?m?)up signai comprlsmg signal sampl

said encoder comprising

splitband means for generating a subband signal block comprising a plurality
of subband signals by applying a filter bank to said channels of input signals, each
subband signal representing a respective frequency subband of said channels of 1nput
signals,

scaling means for génerating scaled representations of one or more subband
signals, each of said scaled representations comprising a scaling factor and one or
more scaled values,

differentiating means for generating a-differential coded representation of one
or more of said scaling factors, and

formatting means for generating an encoded signal comprising said scaled

values and scaling factor information representing said scaling factors.

2. An encoder according to claim 1 wherein said filter bank is implemented by one
or more discrete transforms. '

3. An encoder according to claim 1 wherein said filter bank is implemented by a
bank of digital band-pass filters.

4. An encoder according to claim 1 wherein each of said subband signals represents
a respective frequency subband of a respective one of said channels of input signals.

5. An encoder of two or more channels of input signals according to claim 1
wherein at least one of said subband signals represents a composite of a respective

frequency subband of two or more of said channels of input signals.

6. An encoder according to claim 1 wherein said differential coded representation
comprises information corresponding to a difference between values of individual scaling

factors, each individual scaling factor associated with a single scaled value.
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factors, each individual scaling factor associated with a single scal ed
val ue. 19. A decoder according to claim 13 wherein said
differenti'al coded representation conprises information corresponding to a
di fference between val ues of bl ock scaling factors, each bl ock scaling
factor associated with two or nore scal ed val ues. 20. A decoder
according to claim 13 wherein said scaBing factor information conprises a

di fferenti al c7oded representation of one or nore scaling factors.,
. An encoder according to claim 1 wherein said differential coded representation

comprises information corresponding to a difference between values of block scaling

factors, each block scaling factor associated with two or more scaled values.

8. An encoder according to claim 1 wherein said scaling factor information
comprises said differential coded representation.

9. An encoder according to claim I wherein said scéling means comprises
means for generating a tentative set of scaling factors corresponding to -
subband signals in said subband signal block,
means for storing one or more previous sets of scaling factors,
means for comparing results from using the scaling factors in said tentative
set with results from using respective scaling factors in said previous sets to
generate scaled representations, and '
means for reusing one or more scaling factors in one of said previous sets by
selecting scaling factors from said one previous set whenever the use of respective
scaling factors in said tentative set resuiﬁ in higher information requirements for
said encoded signal and/or the coding quality of said encoded signal is lower than is
achieved by the use of said selected scaling factors from said one previous set,
otherwise selecting scaling factors from said tentative set,
wherein said scaling means generates said scaled representations comprising said selected
scaling factors, and wherein said scaling factor information comprises an indication of
reuse of selected scaling factors from said one previous set.

10. An encoder according to claim 1 wherein said splitband means further
comprises
means for generating one or more additional subband signal blocks each
comprising a plurality of subband signals by applying a filter bank to said channels
of input signals, wherein said subband signal block and said one or more additional
subband signal blocks constitute a frame of blocks,

wherein said scaling means generates said scaled representations using selected scaling
factors, said scaling means comprising

means for establishing sets of tentative scaling factors, one set for each block
in said frame of blocks,
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- 34 - 21. A decoder according to claim 13 wherein said scaling
factor information conprises an indication of scaling factor reuse, and

wherein said integrating nmeans conprises means for storing
one or nore previous sets of scaling factors, and means for
i ncorporating one or nore scaling factorg fromone of said previ ous

sets into said scaled representations in response to said indication of

scaling factor reusepeans for analy%%r A0S U WntaRvE atthg GacloPs SrdBfolbslablivdifg ©i n
said scal ed representation iIs fg | oat i ng- poi nt representation, said scaling

factor corresporidiehef ﬁ@nasqall@mfamgmpdﬁmnwb%%nt and sai d scal ed val ues
correspondi ng to floﬁfeksl Ko Bbxﬂ arﬂgn %?ég.sblock in said fran%?bfbﬁfékﬁ%ﬁﬂh A@mTet hod

of one or nore channe conprising s l es, said
encodi ng met hod usisgpaidSrams Scalmg faClorS with re@éhaém nyieg @Smﬁﬁl‘ﬁaﬁ ivegwealingb| ock

conprising a pl by applying a filter bank
gﬁ%{;ﬂs afe ¢! ﬁpqe&gggﬁh .

to said channel ut Sig sub and si gnal representing
a respective f requen@}eawbbadebtmg, fonieathdtieckrie said dramernf plocks, aid| fsame

scaling factors whenever the use of said frame scaling factors results in lower

information requirements of said encoded signal and/or the coding quality of said

encoded signal is higher, otherwise selecting respective tentative scaling factors, and
wherein said scaling factor information comprises

a representation of respective tentative scaling factors in portions of said
encoded signal corresponding to subband signal blocks from which scaled
representations were generated using respective tentative scaling factors,

a representation of said frame scaling factors in a portion of said encoded
signal corresponding to a block in said frame of blocks from which scaled
representations were first generated using séid frame scaling factors, and

an indication to reuse said frame scaling factors in portions of said encoded
signal corresponding to one or more other blocks in said frame of blocks from

which scaled representations were generated using said frame scaling factors.

11. An encoder according to claim 1 wherein said scaled representation is a
~ floating-point representation, said scaling factor corresponding to a floating-point exponent
and said scaled values corresponding to floating-point mantissas.

12. An encoder according to any one of claims 1 through 11 wherein said scaling
means comprises means for adjusting the value of said scaling factor and said scaled values
ina resbective one of said scaled representations to restrict the magnitude of the difference
between said scaling factor and a base value and/or one or more other scaling factors.

13. A decoder of an encoded signal comprising

deformatting means for extracting from said encoded signal one or more
scaled values and scaling factor information,

integrating means for generating scaled representations, each scaled

representation comprising a scaling factor and one or more scaled values, wherein
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generating scal ed representations of one or nore subband signals, each of
sai d scal ed representations conprising a scaling factor and one or nore

scal ed ) val ues, generating a differential coded
representation of one or nore of said scaling - factors, and
generating an encoded signal conprising said scaled values and scaling
factor I nformati on representing said scaling factors. 24.
An encodi ng nmet hod according to claim23 gwherein said filter bank is

i npl emented by one or nore discrete transtorns. 25. An encodi ng
met hod accordi ng oh@ot:h\aterraf%&dwaﬂrnglfﬁbt&@l.éﬂgénbéatearm béPbnst %o km)k&ﬂﬁﬁa%r by a
bank of digital ﬁggﬁpass filters. . An encoding neth

according to cl at URer ei n each of said subband signal s represents a

respective frequency pitbla@BaliRg nRarlsGoPgGEIMRg 236bbakd Sighdl bfdR ORI a
plurality of subband signals, wherein one or more of said subband signals is
generated in response to a respective one of said scaled representations, and

inverse splitband means for generating one or more channels of output
signals by applying an inverse filter bank to said subband signal block.

14. A decoder according to claim 13 wherein said inverse filter bank is

implemented by one or more discrete inverse transforms.

15. A decoder according to claim 13 wherein said inverse filter bank is
implemented by a bank of digital inverse filters.

16. A decoder according to claim 13 wherein each of said subband signals

represents a respective freduency subband of a respective one of said channels of output
signals. '

17. A decoder according to claim 13 wherein at least one of said subband signals

represents a composite of a respective frequency subband of two or more of said channels
of output signals.

18. A decoder according to claim 13 wherein said differential coded representation
comprises information corresponding to a difference between values of individual scaling

factors, each individual scaling factor associated with a single scaled value.

19. A decoder according to claim 13 wherein said differential coded representation
comprises information corresponding to a difference between values of block scaling

factors, each block scaling factor associated with two or more scaled values.

20. A decoder according to claim 13 wherein said scaling factor information

comprises a differential coded representation of one or more scaling factors.
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input signals. - 35 -

27. An encoding nethod of two or nore channels of input signals according
to claim 23 wherein at |east one of said subband signals represents a
conposite of a respective frequency subband of two or nore of said channels

of

I nput si gnal s. 28. An encodi n% _rret hod according to claim 23

wherein said differential coded

21. A decoder according to claim 13 wherein said scaling factor information
comprises an indication of scaling factor reuse, and wherein said integrating means
comprises |

means for storing one or more previous sets of scaling factors, and
means for incorporating one or more scaling factors from one of said
previous sets into said scaled representations in response to said indiéation of

scaling factor reuse.

22. A decoder according to claim 13 wherein said scaled representation is a
floating-point representation, said scaling factor corresponding to a floating-point exponent

and said scaled values corresponding to floating-point mantissas.

23. An encoding method of one or more channels of input signals comprising signal
samples, said encoding method comprising

generating a subband signal block comprising a plurality of subband signals
by applying a filter bank to said channels of input signals, each subband signa}
representing a respective frequency subband of said channels of input sigﬁals,

generating scaled representations of one or more subband signals, each of
said scaled representations comprising a scaling factor and one or more scaled
values,

generating a differential coded representation of one or more of said scaling
factors, and

generating an encoded signal comprising said scaled values and scaling factor
information representing said scaling factors.

24. An encoding method according to claim 23 wherein said filter bank is

implemented by one or more discrete transforms.

25. An encoding method according to claim 23 wherein said filter bank is
implemented by a bank of digital band-pass filters.

26. An encoding method according to. claim 23 wherein each of said subband

signals represents a respective frequency subband of a respective one of said channels of
input signals.
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representation conprises information corresponding to a difference between
val ues of individual scaling factors, each individual scaling factor
associated with a single scal ed val ue. 29. An encodi ng net hod
according to claim 23 wherein said differential coded representation
conprises information corresponding to a difference between val ues of bl ock
scaling factors, each block scaling facger associated with two or nore

scal ed val ues. 30. An encodi ng nethod according to claim 23

wherein sai d scgl iNRGntefifPneihBl OF IR bORocUNRNMRET it Gighlif E&bRiMg @ coded
representation, 31. An encodi ng net hod accorél ng to clalm 23

wher ei n_safi@iny&hwhereiny lepsieonscpf saidisuahand signainepeasents R semposite of a respective
gener at i Ngfaq Rl @bbMR otlvo @ nif@bf a8 &gﬁﬁoég{(éf inpitsfaRRNdi ng to subband

signal s in saild subband signa storing one or
nore previous sets of scaling factors,

28. An encoding method according to claim 23 wherein said differential coded
representation comprises information corresponding to a difference between values of

individual scaling factors, each individual scaling factor associated with a single scaled
value.

29. An encoding method according to claim 23 wherein said differential coded
representation comprises information corresponding to a difference between values of block

scaling factors, each block scaling factor associated with two or more scaled values.

30. An encoding method according to claim 23 wherein said scaling factor

information comprises said differential coded representation.

31. An encoding method according to claim 23 wherein said generating scaled
representations comprises

generating a tentative set of scaling factors corresponding to subband signals
in said subband signal block,

storing one or more previous sets of scaling factors,

comparing results from using the scaling factors in said tentative set with
results from using respective scaling factors in said previous sets to generate scaled
representations, and

reusing one or more scaling factors in one of said previous sets by selecting
scaling factors from said one previous set whenever the use of respective scaling
factors in said tentative set results in higher information requirements for said
encoded signal and/or the coding quality of said encoded signal is lower than is
achieved by the use of said selected scaling faclors from said one previous sét,
otherwise selecting scaling factors from said tentative set,

wherein said scaled representations comprise said selected scaling factors, and wherein said

scaling factor information comprises an indication of reuse of selected scaling factors from
said one previous set.
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conparing results fromusing the scaling factors in said tentative set with
results fromusing respective scaling factors in said previous sets to
generate scal ed representations, and _reusing one or
nore scaling factors in one of said previous sets by selecting _
scaling factors fromsaid one previous set whenever the use of respective
scal i ng factors in said tentativgeset results in higher information
requirenents for said encoded si gnal and/or the coding quality of

sai d encoded si gmglad éu:h&MEheth'&@!ﬁa&o?ding to claim ﬁ@in&%ﬁ%aﬁygeh%iﬂgf{gﬁéma@gi d

selected scaling factors from said one previous set, . _ _
sel ecting sé‘&!‘@%&’*éﬁ?‘lﬁ‘@*‘?% said tentative set, wherein said scaled

representations conprdefiathid! heBnfirt ahicGal j‘,dﬁgalfdas@ér% ﬁlmﬂ@c%%spgise gsaai d

scaling factor information conprises an |Indication of reuse > ted
scal i ng factors ﬂl"a‘my of Aubbagd sigpale by aprlyigg e filter bank to said channels of input

signals, wherein said subband signal block and said one or more additional subband
signal blocks constitute a frame of blocks,
wherein said generating scaled representations generates said scaled representations using
selected scaling factors, said generating comprising

establishing sets of tentative scaling factors, one set for each block in said
frame of blocks,

analyzing said sets of tentative scaling factors and establishing a set of frame
scaling factors in response thereto,

comparing, for each block in said frame of blocks, results from using said
frame scaling factors with results from using respective tentative scaling factors to
generate scaled representations, and

selecting, for each block in said-frame of blocks, said frame scaling factors
whenever the use of said frame scaling factors results in lower information
requirements of said encoded signal and/or the coding quality of said encoded signal
is higher, otherwise selecting respective tentative scaling factors, and

wherein said scaling factor information comprises _

a representation of respective tentative scaling factors in portions of said

encoded signal corresponding to subband signal blocks from which scaled
- representations were generated using respective tentative scaling factors,

a representation of said frame scaling factors in a portion of said encoded
signal corresponding to a block in said frame of blocks from which scaled
representations were first generated using said frame scaling factors, and

an indication to reuse said frame scaling factors in portions of said encoded
signal corresponding to one or more other blocks in said frame of blocks from

which scaled representations were generated using said frame scaling factors.

33. An encoding method according to claim 23 wherein said scaled representation is
a floating-point representation, said scaling factor corresponding to a floating-point

exponent and said scaled values corresponding to floating-point mantissas.
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- 36 - 32. An encodi ng nethod according to claim 23 wherein said
generating a subband signal block further conprises

generating one or nore additional subband signal blocks each conprising a
plurality of subband signals by applying a filter bank to said channel s of
I nput signals, wherein said subband signal block and said one or
nore addi tional subband si gnal blygcks constitute a frame of bl ocks,
wherein said generating scal ed representati ons generates said scal ed

represent ati ons 3ummg1@&m§mta¢d&ewrﬁlng wf a6t @feSof claivnsl 2y ﬁﬂ?ﬁg&t'.!f%nﬂl;]&%lﬁﬁixﬂ si ng
establishin ts of fentative scal ct.or one set, for C ck in
sai d gﬁ;@ s&latreg&q&ntahons compns S a ustlgﬁz}feyvlai?t}?gosfssaﬁdcfc%lg\g aglor and -+ ot i ve

scal i ng f actidrssalahvhlwestimhlrespldting ofic 6L$aidicaled @eftesentations t6 @etridighef actors in
response th

ref o . cOo ring, for egc bloklnsaldfrarreof
bl ocks, i"qeroém%%'ffﬁrﬁngea‘?eﬂ”““@% scﬁﬁ’ﬁrfﬁ‘g%'c"é‘? WE‘S‘? XU pd/Qf 9ng Fresul t s
from usi ng morsp&let scaling fadlodd.i ve scal i ng factors to generate scal ed
representations, and

35. A decoding method of an encoded signal comprising _

extracting from said encoded signal one or more scaled values and scaling
factor information,

generating scaled representations, each scaled representation comprising a
scaling factor and one or more scaled values, wherein one or more of said scaling
factors is generated in response to said scaling factor information,

generating a subband signal block comprising a plurality of subband signals,
wherein one or more of said subband signals is generated in response to a respective
one of said scaled representations, and

generating one or more channels;of output signals by applying an inverse
filter bank to said subband signal block.

36. A decoding method according to claim 35 wherein said inverse filter bank is

implemented by one or more discrete inverse transforms.

37. A decoding method according to claim 35 wherein said inverse filter bank is
implemented by a bank of digital inverse filters.

38. A decoding method according to claim 35 wherein each of said subband signals

represents a respective frequency subband of a respective one of said channels of output
signals.

39. A decoding method according to claim 35 wherein at least one of said subband

signals represents a composite of a respective frequency subband of two or more of said
channels of output signals.

40. A decoding method according to claim 35 wherein said differential coded

representation comprises information corresponding to a difference between values of

I
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selecting, for each block in said frame of blocks, said franme scaling
‘factors whenever the use of said franme scaling factors results in

| ower information requi renents of said encoded signal and/or the
coding quality of said encoded signal is higher, otherw se selecting
respective tentative scaling factors, aqg wherein said scaling factor

i nformation conpri ses : a representation of respective
tentative A ' ortions, of,. sai . [

corr espondn il sl Hitort baBP k) BB Qi Hecly: aspociue PO S 8

repr esent atvalueas were generated using respective tentative scaling factors,
a representation of said frame scaling factors in a portion of said encoded
signal corresponding to,a block in said franme of blocks, fromwhich scal ed

repr esent at i ons 4hef desqding mefhobacserding faicipim Ia; whereim said difterentig ooded or s, and
an i ndi cat i epredeftafliGt einprisbinkdrAEBors Sittelsptdin@ G @ 'dBfdrbhc BbiweNvalttls of Bidek

encoded si gnal ‘correspondi ng to one or nore other blocks in said
frane of blseding fagters each block sepling factnr absogiated yrithdwatas maesp scalpdrvalugener at ed
using said frame scaling factors. 33. An encodi ng net hod

according to cl gpm,2 her ei aid scal ed.represent at.i,on.. s :
f1 oat i ng- poi nt r%g‘g}r\e o] WS‘H?EE%P@?@SICP%'B%Q@{%?" &ie P@é‘ﬂ%ﬁ&%ﬁg to a
f | oat i ng- pdnformatiepomprisesandi ffeentthl sadeld eepresehtation ofboneas poorel iscading €actors.
fl oati ng-poi nt manti ssas.

43. A decoding method according to claim 35 wherein said scaling factor
information comprises an indication of scaling factor reuse, and wherein said generating a
subband signal block comprises

storing one or more previous sets of scaling factors, and
incorporating one or more scaling factors from one of said previous sets into

said scaled representations in response to said indication of scaling factor reuse.

44, A decoding method according to claim 35 wherein said scaled representation is
a floating-point representation, said scaling factor corresponding to a floating-point

exponent and said scaled values corresponding to floating-point mantissas.
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- 37 - 34. An encodi ng nethod according to any one of clains 23

t hrough 33 wherein said generating scal ed representations conpri ses

adj usting the value of said scaling factor and said scal ed values in a
respective one of said scaled representations to restrict the nagnitude of

the difference between said scaling facior and a base val ue and/ or one or
nore ot her scaling factors.

LOW BIT-RATE HIGH-RESOLUTION SPECTRAL ENVELOP.E CODING FOR
AUDIO ENCODER AND DECODER

ABSTRACT OF TIIE DLSCM)SQRE

The invention relates in general to low bit-rate encoding and decoding of
information such as audio information. More particularly, the invention relates to method
and apparatus for reducing the amount of information required to convey a high-resolution
spectral envelope of a signal. A split-band éncoder prepares an estimate of an input signal
spectral envelope by splitting the input signal into frequency subband signals, generates a
scaled representation of the subband signals comprising scaling factors and scaled values,
generates a differential coded representation of the scaling factors, and assembles the

differential coded representation and scaled values into an encoded signal.

Figure 1
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35. A decoding nethod of an encoded signal conprising
"extracting fromsaid encoded signal one or nore scal ed val ues and scaling

factor information, generating scal ed representations, each
scal ed representation conprising a scaling factor and one or nore
scal ed val ues, wherein one or nore of said scaling factors is

generated in response to said-scaling factor information,

generating a subband signal block conprising a plurality of subband

si gnal s, wherein one or nore bf 8sai d subband signals is generated in
response to a respective one of said scaled representations, and
generating one or nore channels of output signals by applying an inverse
filter bank to said subband signal bl ock. 36. A decodi ng net hod -
according to claim 35 wherein said inverse filter bank is inplenmented by
one or nore discrete inverse transforns. 37. A decoding net hod
according to claim35 wherein said inverse filter bank is inplenented by a
bank of digital inverse filters.
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38. A decoding nethod according to claim35 wherein each of said subband
signals represents a respective frequency subband of a respective one of
said channel s of output signals. 39. A decodi ng nmet hod accordi ng
to claim35 wherein at | east one of said subband signals represents a
conposite of a respective frequency subband of two or nore of said

channel s of output signals. 40. A decodi ng nethod according to
claim 35 wherein said differenti al EEZEF representation conprises
information corresponding to a diff ce between val ues of
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- 38 - individual scaling factors, each individual scaling factor
associated with a single scal ed val ue. 41. A decodi ng net hod
according to claim35 wherein said differential coded representation
conprises information corresponding to a difference between val ues of bl ock
scaling factors, each block scaling factor associated with two or nore

scal ed val ues. 42. A decodi ng net hod according to claim35 wherein
said scaling factor information co 9 es a differential coded
representation of one or nore scalrﬁg act ors. 43. A decodi ng

met hod according to claim35 wherein said scaling factor
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jnformation conprises an indication of scaling factor reuse, and wherein
sai d generating a subband signal block conprises storing one
or ‘nore previous sets of scaling factors, and i ncor porating
one or nore scaling factors fromone of said previous sets into sai d
scal ed representations in response to said indication of scaling factor
reuse. 44. A decodi ng net hod according to claim35 wherein said
scal ed representation is a floating-point representation, said scaling
factor corresponding to a floating-p#i/t exponent and said scal ed val ues
correspondi ng.to floating-point mantissas.
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