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ENCODING DECODING AND COMPRESSION 
OF AUDIO-TYPE DATA USING REFERENCE 
COEFFICIENTS LOCATED WITHIN A BAND 

OF COEFFICIENTS 

Matter enclosed in heavy brackets [ ] appears in the 
original patent but forms no part of this reissue speci?ca 
tion; matter printed in italics indicates the additions 
made by reissue. 

RELATED APPLICATION 

This is a continuation of application Ser. No. 07/879,635 
?led on May 7, 1992, now US. Pat. No. 5,369,724, which is 
a continuation-in-part of Ser. No. 07/822,247, ?led Jan. 17, 
1992, now US. Pat. No. 5,394,508. 
The present invention relates generally to the ?eld of sig 

nal processing, and more speci?cally to data encoding and 
compression. The invention relates most speci?cally to a 
method and an apparatus for the encoding and compression 
of digital data representing audio signals or signals generally 
having the characteristics of audio signals. 

BACKGROUND OF THE INVENTION 

Audio signals are ubiquitous. They are transmitted as 
radio signals and as part of television signals. Other signals, 
such as speech, share pertinent characteristics with audio 
signals, such as the importance of spectral domain represen 
tations. For many applications, it is bene?cial to store and 
transmit audio type data encoded in a digital form, rather 
than in an analogue form. Such encoded data is stored on 
various types of digital media, including compact audio 
discs, digital audio tape, magnetic disks, computer memory, 
both random access (RAM) and read only (ROM), just to 
name a few. 

It is bene?cial to minimize the amount of digital data 
required to adequately characterize an audio-type analogue 
signal. Minimizing the amount of data results in minimizing 
the amount of physical storage media that is required, thus 
reducing the cost and increasing the convenience of what 
ever hardware is used in conjunction with the data. Minimiz 
ing the amount of data required to characterize a given tem 
poral portion of an audio signal also permits faster 
transmission of a digital representation of the audio signal 
over any given communication channel. This also results in a 
cost saving, since compressed data representing the same 
temporal portion of an audio signal can be sent more 
quickly, relative to uncompressed data, or can be sent over a 
communications channel having a narrower bandwidth, both 
of which consequences are typically less costly. 

The principles of digital audio signal processing are well 
known and set forth in a number of sources, including 
Watkinson, John, The Art of Digital Audio., Focal Press, 
London (1988). An analogue audio signal x(t) is shown 
schematically in FIG. 1. The horizontal axis represents time. 
The amplitude of the signal at a time t is shown on the 
vertical axis. The scale of the time axis is in milliseconds, so 
approximately two thousandths of a second of audio signal 
is represented schematically in FIG. 1. A basic ?rst step in 
the storage or transmission of the analogue audio signal as a 
digital signal is to sample the signal into discrete signal 
elements, which will be further processed. 

Sampling the signal x(t) is shown schematically in FIG. 2. 
The signal x(t) is evaluated at many discrete moments in 
time, for example at a rate of 48 kHz. By sampling, it is 
meant that the amplitude of the signal x(t) is noted and 
recorded forty-eight thousand times per second. Thus, for a 
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2 
period of one msec (1><10_3 sec.), the signal x(t) will be 
sampled forty-eight times. The result is a temporal series 
x(n) of amplitudes, as shown in FIG. 2, with gaps between 
the amplitudes for the portions of the analogue audio signal 
x(t) which were not measured. If the sampling rate is high 
enough relative to the time-wise variations in the analogue 
signal, then the magnitudes of the sampled values will gen 
erally follow the shape of the analogue signal. As shown in 
FIG. 2, the sampled values follow signal x(t) rather well. 
The outline of a general method of digital signal process 

ing is shown schematically in FIG. 4a. The initial step of 
obtaining the audio signal is shown at 99 and the step of 
sampling is indicated at 102. Once the signal has been 
sampled, it is typically transformed from the time domain, 
the domain of FIGS. 1 and 2, to another domain that facili 
tates analysis. Typically, a signal in time can be written as a 
sum of a number of simple harmonic functions of time, such 
as cosoot and sinoot, for each of the various harmonic fre 
quencies of 00. The expression of a time varying signal as a 
series of harmonic functions is treated generally in 
Feynman, R., Leighton, R., and Sands, M., the Feynman 
Lectures on Physics, Addison-Wesley Publishing Company, 
Reading, Mass. (1963) Vol. I, §50, which is incorporated 
herein by reference. Various transformation methods 
(sometimes referred to as “subband” methods) exist and are 
well known. Baylon, David and Lim, Jae, “Transform/ 
Subband Analysis and Synthesis of Signals,” pp. 5404544, 
2ssPA90, Gold Coast, Australia, Aug. 27431 (1990). One 
such method is the Time-Domain Aliasing Cancellation 
method (“TDAC”). Another such transformation is known as 
the Discrete Cosine Transform (“DCT”). The transformation 
is achieved by applying a transformation function to the 
original signal. An example of a DCT transformation is: 

= 0 otherwise, 

where k is the frequency variable and N is typically the 
number of samples in the window. 
The transformation produces a set of amplitude coef? 

cients of a variable other than time, typically frequency. The 
coef?cients can be both real valued or they can be complex 
valued. (If X(k) is complex valued, then the present inven 
tion can be applied to the real and imaginary parts of X(k) 
separately, or the magnitude and phase parts of X(k) 
separately, for example. For purposes of discussion, it will 
be assumed, however, that X(k) is real valued.) A typical plot 
of a portion of the signal x(n) transformed to X(k) is shown 
schematically in FIG. 3. If the inverse of the transform 
operation is applied to the transformed signal X(k), then the 
original sampled signal x(n) will be produced. 
The transform is taken by applying the transformation 

function to a time-wise slice of the sampled analogue signal 
x(n). The slice (known as a “frame”) is selected by applying 
a window at 104 to x(n). Various windowing methods are 
appropriate. The windows may be applied sequentially, or, 
more typically, there is an overlap. The window must be 
consistent with the transform method, in a typical case, the 
TDAC method. As shown in FIG. 2, a window wl(n) is 
applied to x(n), and encompasses forty-eight samples, cover 
ing a duration of one msec (1><10_3 sec). (Forty-eight 
samples have been shown for illustration purposes only. In a 
typical application, many more samples than forty-eight are 
included in a window.) The window w2(n) is applied to the 
following msec. The windows are typically overlapped, but 
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non-overlapping WindoWs are shown for illustration pur 
poses only. Transformation of signals from one domain to 
another, for example from time to frequency, is discussed in 
many basic texts, including: Oppenheim, A. V., and Schafer, 
R. W., Digital Signal Processing, EngleWood Cliffs, N.J. 
Prentice Hall (1975); Rabiner, L. R., Gold, B., Therory and 
Application of Digital Signal Processing, EngleWood Cliffs, 
N.J., Prentice Hall, (1975), both of Which are incorporated 
herein by reference. 

Application of the transformation, indicated at 106 of 
FIG. 4a, to the WindoW of the sampled signal x(n) results in a 
set of coef?cients for a range of discrete frequency. Each 
coef?cient of the transformed signal frame represents the 
amplitude of a component of the transformed signal at the 
indicated frequency. The number of frequency components 
is typically the same for each frame. Of course, the ampli 
tudes of components of corresponding frequencies Will dif 
fer from segment to segment. 
As shoWn in FIG. 3, the signal X(k) is a plurality of ampli 

tudes at discrete frequencies. This signal is referred to herein 
as a “spectrum” of the original signal. According to knoWn 
methods, the next step is to encode the amplitudes for each 
of the frequencies according to some binary code, and to 
transmit or store the coded amplitudes. 
An important task in coding signals is to allocate the ?xed 

number of available bits to the speci?cation of the ampli 
tudes of the coe?icients. The number of bits assigned to a 
coef?cient, or any other signal element, is referred to herein 
as the “allocated number of bits” of that coef?cient or signal 
element. This step is shoWn in relation to the other steps at 
107 of FIG. 4a. Generally, for each frame, a ?xed number of 
bits, N, is available. N is determined from considerations 
such as: the bandWidth of the communication channel over 
Which the data Will be transmitted; or the capacity of storage 
media; or the amount of error correction needed. As men 
tioned above, each frame generates the same number, C, of 
coef?cients (even though the amplitude of some of the coef 
?cients may be Zero). 

Thus, a simple method of allocating the N available bits is 
to distribute them evenly among the C coe?icients, so that 
each coef?cient can be speci?ed by N/C bits. (For discussion 
purposes, it is assumed that N/C is an integer.) Thus, consid 
ering the transformed signal X(k) as shoWn in FIG. 3, the 
coef?cient 32, having an amplitude of approximately one 
hundred, Would be represented by a code Word having the 
same number of bits (N/C) as Would the coef?cient 34, 
Which has a much smaller amplitude, of only about ten. 
According to most methods of encoding, more bits are 
required to specify or encode a number Within a larger range 
than are required to specify a number Within a smaller range, 
assuming that both are speci?ed to the same precision. For 
instance, to encode integers betWeen Zero and one hundred 
With perfect accuracy using a simple binary code, seven bits 
are required, While four bits are required to specify integers 
betWeen Zero and ten. Thus, if seven bits Were allocated to 
each of the coef?cients in the signal, then three bits Would be 
Wasted for every coef?cient that could have been speci?ed 
using only four bits. Where only a limited number of bits are 
available to allocate among many coe?icients, it is important 
to conserve, rather than to Waste bits. The Waste of bits can 
be reduced if the range of the values is knoWn accurately. 

There are various knoWn methods for allocating the num 
ber of bits to each coef?cient. HoWever, all such knoWn 
methods result in either a signi?cant Waste of bits, or a sig 
ni?cant sacri?ce in the precision of quantiZing the coef? 
cient values. One such method is described in a paper 
entitled “High-Quality Audio Transform Coding at 128 
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4 
Kbits/s”. Davidson, G., Fielder, L., and Antill, M., of Dolby 
Laboratories, Inc., ICASSP, pp 1117*1120, Apr. 3*6. 
Albuquerque, N. Mex. (1990) (referred to herein as the 
“Dolby paper”) Which is incorporated herein by reference. 

According to this method, the transform coef?cients are 
grouped to form bands, With the Widths of the bands deter 
mined by critical band analysis. Transform coef?cients 
Within one band are converted to a band block ?oating-point 
representation (exponent and mantissa). The exponents pro 
vide an estimate of the log-spectral envelope of the audio 
frame under examination, and are transmitted as side infor 
mation to the decoder. 
The log-spectral envelope is used by a dynamic bit alloca 

tion routine, Which derives step-siZe information for an 
adaptive coef?cient quantiZer. Each frame is allocated the 
same number of bits, N. The dynamic bit allocation routine 
uses only the exponent of the peak spectral amplitude in 
each band to increase quantiZer resolution for psychoacous 
tically relevant bands. Each band’ s mantissa is quantiZed to a 
bit resolution de?ned by the sum of a coarse, ?xed-bit com 
ponent and a ?ne, dynamically-allocated component. The 
?xed bit component is typically established Without regard 
to the particular frame, but rather With regard to the type of 
signal and the portion of the frame in question. For instance, 
loWer frequency bands may generally receive more bits as a 
result of the ?xed bit component. The dynamically allocated 
component is based on the peak exponent for the band. The 
log-spectral estimate data is multiplexed With the ?xed and 
adaptive mantissa bits for transmission to the decoder. 

Thus the method makes a gross analysis of the maximum 
amplitude of a coef?cient Within a band of the signal, and 
uses this gross estimation to allocate the number of bits to 
that band. The gross estimate tells only the integral part of 
the poWer of 2 of the coef?cient. For instance, if the coef? 
cient is seven, the gross estimate determines that the maxi 
mum coef?cient in the band is betWeen 22 and 23 (four and 
eight), or, if it is tWenty-?ve, that it is betWeen 24 and 25 
(sixteen and thirty-tWo). The gross estimate (Which is an 
inaccurate estimate) causes tWo problems: the bit allocation 
is not accurate; the bits that are allocated are not used 
e?iciently, since the range of values for any given coef?cient 
is not knoWn accurately. In the above procedure, each coef 
?cient in a band is speci?ed to the same level of accuracy as 
other coef?cients in the band. Further, information regarding 
the maximum amplitude coef?cients in the bands are 
encoded in tWo stages: ?rst the exponents are encoded and 
transmitted as side information; second, the mantissa is 
transmitted along With the mantissa for the other coef? 
cients. 

In addition to determining hoW many bits to allocate to 
each coef?cient for encoding that coef?cient’s amplitude, an 
encoding method must also divide the entire amplitude 
range into a number of amplitude divisions shoWn at 108 in 
FIG. 4a, and to allocate a code to each division, at 109. The 
number of bits in the code is equal to the number of bits 
allocated for each coef?cient. The divisions are typically 
referred to as “quantization levels,” because the actual 
amplitudes are quantiZed into the available levels, or “recon 
struction levels” after coding, transmission or storage and 
decoding. For instance, if three bits are available for each 
coef?cient, then 23 or eight reconstruction levels can be 
identi?ed. 

FIG. 5 shoWs a simple scheme for allocating a three bit 
code Word for each of the eight regions of amplitude 
betWeen 0 and 100. The code Word 000 is assigned to all 
coef?cients Whose transformed amplitude, as shoWn in FIG. 
3, is betWeen 0 and 12.5. Thus, all coef?cients betWeen 0 and 
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12.5 are quantized at the same value, typically the middle 
value of 6.25. The codeword 001 is assigned to all coef? 
cients between 12.5 and 25.0, all of which are quantized to 
the value of 18.75. Similarly, the codeword 100 is assigned 
to all coef?cients between 50.0 and 62.5, all of which are 
quantized to the value of 56.25. Rather than assigning uni 
form length codewords to the coe?icients, with uniform 
quantization levels, it is also known to assign variable length 
codewords to encode each coe?icient, and to apply non 
uniform quantization levels to the coded coe?icients. 

It is also useful to determine a masking level. The mask 
ing level relates to human perception of acoustic signals. For 
a given acoustic signal, It is possible to calculate approxi 
mately the level of signal distortion (for example, quantiza 
tion noise) that will not be heard or perceived, because of the 
signal. This is useful in various applications. For example, 
some signal distortion can be tolerated without the human 
listener noticing it. The masking level can thus be used in 
allocating the available bits to different coe?icients. 

The entire basic process of digitizing an audio signal, and 
synthesizing an audio signal from the encoded digital data is 
shown schematically in FIG. 4a and the basic apparatus is 
shown schematically in FIG. 4b. An audio signal, such as 
music, speech, tra?ic noise, etc., is obtained at 99 by a 
known device, such as a microphone. The audio signal x(t) is 
sampled 102, as described above and as shown in FIG. 2. 
The sampled signal x(n) is windowed 104 and transformed 
106. After transformation (which may be a subband 
representation), the bits are allocated 107 among the 
coe?icients, and the amplitudes of the coef?cients are quan 
tized 108, by assigning each to a reconstruction level and 
these quantized points are coded 109 by binary codewords. 
At this point, the data is transmitted 112 either along a com 
munication channel or to a storage device. 

The preceding steps, 102, 104, 106, 107, 108, 109, and 
112 take place in hardware that is generally referred to as the 
“transmitter,” as shown at 150 in FIG. 4b. The transmitter 
typically includes a signal coder (also referred to as an 
encoder) 156 and may include other elements that further 
prepare the encoded signal for transmission over a channel 
160. However, all of the steps mentioned above generally 
take place in the coder, which may itself include multiple 
components. 

Eventually, the data is received by a receiver 164 at the 
other end of the data channel 160, or is retrieved from the 
memory device. As is well known, the receiver includes a 
decoder 166 that is able to reverse the coding process of the 
signal coder 156 with reasonable precision. The receiver 
typically also includes other elements, not shown, to reverse 
the effect of the additional elements of the transmitter that 
prepare the encoded signal for transmission over channel 
160. The signal decoder 166 is equipped with a codeword 
table, which correlates the codewords to the reconstruction 
levels. The data is decoded 114 from binary into the quan 
tized reconstruction amplitude values. An inverse transform 
is applied 116 to each set of quantized amplitude values, 
resulting in a signal that is similar to a frame of x(n), i.e. it is 
in the time domain, and it is made up of a discrete number of 
values, for each inverse transformed result. However, the 
signal will not be exactly the same as the corresponding 
frame of x(n), because of the quantization into reconstruc 
tion levels and the speci?c representation used. The differ 
ence between the original value and the value of the recon 
struction level can not typically be recovered. A stream of 
inverse transformed frames are combined 118, and an audio 
signal is reproduced 120, using known apparatus, such as a 
D/A convertor and an audio speaker. 
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OBJECTS OF THE INVENTION 

Thus, the several objects of the invention include, to pro 
vide a method and apparatus for coding and decoding digital 
audio-type signals: which permits ef?cient allocation of bits 
such that in general, fewer bits are used to specify coef? 
cients of smaller magnitude then are used to specify larger 
coe?icients; which provides for a quantization of the ampli 
tude of the coef?cients such that bands including larger coef 
?cients are divided into reconstruction levels differently 
from bands including only smaller coe?icients, such that 
both smaller and larger coef?cients can be speci?ed more 
accurately than if the same reconstruction levels were used 
for all coe?icients; which permits accurate estimation of the 
masking level; which permits ef?cient allocation of bits 
based on the masking level; which robustly localizes errors 
to small portions of the digitized data, and, with respect to 
that data, limits the error to a small, known range; and that 
minimizes the need to redundantly encode coe?icients, all 
allowing a highly e?icient use of available bits. 

BRIEF DESCRIPTION OF THE INVENTION 

In a ?rst preferred embodiment, the invention is a method 
for encoding a selected aspect of a signal that is de?ned by 
signal elements that are discrete in at least one dimension, 
said method comprising the steps of: dividing the signal into 
at least one band, at least one of said at least one bands 
having a plurality of adjacent signal elements; in at least one 
band, identifying a signal element having a magnitude with a 
preselected size relative to other signal elements in said band 
and designating said signal element as a “yardstick” signal 
element for said band; and encoding the location of at least 
one yardstick signal element with respect to its position in 
said respective band. 

In a second preferred embodiment, the invention is a 
method for decoding a code representing a selected aspect of 
a signal that is de?ned by signal elements that are discrete in 
at least one dimension, which has been encoded by a method 
comprising the steps of: dividing the signal into at least one 
band, at least one of said at least one bands having a plurality 
of adjacent signal elements; in at least one band, identifying 
a signal element having a magnitude with a preselected size 
relative to other signal elements in said band and designating 
said signal element as a “yardstick” signal element for said 
band; encoding the location of at least one yardstick signal 
element with respect to its position in said respective band; 
and using a function of said encoded location of said at least 
one yardstick signal element to encode said selected aspect 
of said signal; said method of decoding comprising the step 
of translating said encoded aspect of said signal based on a 
function of the location of said yardstick signal element that 
is appropriately inversely related to said function of the loca 
tion used to encode said selected aspect of said signal. 

In a third preferred embodiment, the invention is an appa 
ratus for encoding a selected aspect of a signal that is de?ned 
by signal elements that are discrete in at least one dimension, 
said apparatus comprising: means for dividing the signal 
into at least one band, at least one of said at least one bands 
having a plurality of adjacent signal elements; in at least one 
band, means for identifying a signal element having a mag 
nitude with a preselected size relative to other signal ele 
ments in said band and means for designating said signal 
element as a “yardstick” signal element for said band; means 
for encoding the location of at least one yardstick signal 
element with respect to its position in said respective band; 
and means for quantizing the magnitude of said at least one 
yardstick signal element for which the location was encoded. 
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In a fourth preferred embodiment, the invention is an 
apparatus for decoding a code representing a selected aspect 
of a signal that is de?ned by signal elements that are discrete 
in at least one dimension, Which has been encoded by a 
method comprising the steps of: dividing the signal into at 
least one band, at least one of said at least one bands having a 
plurality of adjacent signal elements; in at least one band, 
identifying a signal element having a magnitude With a pre 
selected size relative to other signal elements in said band 
and designating said signal element as a “yardstick” signal 
element for said band; encoding the location of at least one 
yardstick signal element With respect to its position in said 
respective band; and using a function of said encoded loca 
tion of said at least one yardstick signal element to encode 
said selected aspect of said signal; said decoding apparatus 
comprising means for translating said encoded aspect of said 
signal based on a function of the location of said yardstick 
signal element that is appropriately inversely related to said 
functions of the location used to encode said selected aspect 
of said signal. 

In a ?fth preferred embodiment, the invention is a method 
for encoding a selected signal element of a signal that is 
de?ned by signal elements that are discrete in at least one 
dimension, said method comprising the steps of: dividing the 
signal into a plurality of bands, at least one band having a 
plurality of adjacent signal elements; in each band, identify 
ing a signal element having the greater magnitude of any 
signal element in said band, and designating said signal ele 
ment as a “yardstick” signal element for said band; quantiz 
ing the magnitude of each yardstick signal element to a ?rst 
degree of accuracy; and allocating to said selected signal 
element a signal element bit allocation that is a function of 
the quantized magnitudes of said yardstick signal elements, 
said signal element bit allocation chosen such that quantiza 
tion of said selected signal element using said signal element 
bit allocation is to a second degree of accuracy, Which is less 
than said ?rst degree of accuracy. 

In a sixth preferred embodiment the invention is a method 
for encoding a selected signal element of a signal that is 
de?ned by signal elements that are discrete in at least one 
dimension, said method comprising the steps of: dividing the 
signal into a plurality of bands, at least one band having a 
plurality of adjacent signal elements, one of said bands 
including said selected signal element; in each band, identi 
fying a signal element having the greatest magnitude of any 
signal element in said band, and designating said signal ele 
ment as a “yardstick” signal element for said band; quantiz 
ing the magnitude of each yardstick signal element only one 
time; allocating to said selected signal element a signal ele 
ment bit allocation that is a function of the quantized magni 
tudes of said yardstick signal elements. 

In a seventh preferred embodiment, the invention is a 
method of decoding a selected signal element that has been 
encoded by either of the preferred methods of the invention 
mentioned above, said method of decoding comprising the 
step of translating a codeWord generated by the method of 
encoding based on a function of the quantized magnitudes of 
said yardstick signal elements that is appropriately inversely 
related to said function of the quantized magnitudes used to 
allocate bits to said selected signal element. 

In a eighth preferred embodiment, the invention is an 
apparatus for encoding a selected signal element of a signal 
that is de?ned by signal elements that are discrete in at least 
one dimension, said apparatus comprising: means for divid 
ing the signal into a plurality of bands, at least one band 
having a plurality of adjacent signal elements, one of said 
bands including said selected signal element; means for 
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8 
identifying, in each band, a signal element having the great 
est magnitude of any signal element in said band, and desig 
nating said signal element as a “yardstick” signal element 
for said band; means for quantizing the magnitude of each 
yardstick signal element to a ?rst degree of accuracy; means 
for allocating to said selected signal element a signal ele 
ment bit allocation that is a function of the quantized magni 
tudes of said yardstick signal elements, said signal element 
bit allocation chosen such that quantization of said selected 
signal element using said signal element bit allocation is to a 
second degree of accuracy, Which is less than said ?rst 
degree of accuracy. 

In a ninth preferred embodiment, the invention is an appa 
ratus for decoding a codeWord representing a selected signal 
element of a signal that has been encoded by a method of the 
invention mentioned above, the apparatus comprising means 
for translating said codeWord based on a function of the 
quantized magnitudes of said yardstick signal elements that 
is appropriately inversely related to said function of the 
quantized magnitudes used to allocate bits to said selected 
signal element. 

BRIEF DESCRIPTION OF THE FIGURES 

FIG. 1 shoWs schematically an audio-type signal. 
FIG. 2 shoWs schematically an audio-type signal that has 

been sampled. 
FIG. 3 shoWs schematically the spectrum of an audio-type 

signal transformed from the time domain of the frequency 
domain. 

FIG. 4a shoWs schematically the digital processing of an 
audio-type signal according to knoWn methods. 

FIG. 4b shoWs schematically the hardWare elements of a 
knoWn digital signal processing system. 

FIG. 5 shoWs schematically the division of the amplitude 
of coe?icients into reconstruction levels, and the assignment 
of codeWords thereto, according to methods knoWn in the 
prior art. 

FIG. 6 shoWs schematically the division of a spectrum of 
an audio-type signals into frequency bands according to the 
prior art. 

FIG. 7 shoWs schematically the spectrum of FIG. 6, after 
application of a scaling operation, further designated yard 
stick coef?cients Within bands. 

FIG. 7a shoWs schematically hoW the yardstick coef? 
cients are used to establish a rough estimate of \X(k)\°‘. 

FIG. 8 shoWs schematically the division of the amplitude 
of coef?cients in different bands into different reconstruc 
tion levels, according to the method of the invention. 

FIG. 9a shoWs schematically one choice for assignment of 
reconstruction levels to a coe?icient that may have only a 
positive value. 

FIG. 9b shoWs schematically another choice for assign 
ment of reconstruction levels to a coe?icient that may have 
only a positive value. 

FIG. 10a shoWs schematically one choice for assignment 
of reconstruction levels to a coef?cient that may have either 
a positive or a negative value. 

FIG. 10b shoWs schematically another choice for assign 
ment of reconstruction levels to a coe?icient that may have 
either a positive or a negative value. 

FIG. 11 shoWs schematically hoW the magnitudes of yard 
stick coe?icients can be used to allocate the number of bits 
for a band. 

FIG. 12, in parts 12a, 12b and 12c shoWs schematically 
the steps of the method of the invention. 
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FIG. 13, in parts 13a and 13b shows schematically the 
components of the apparatus of the invention. 

DETAILED DESCRIPTION OF PREFERRED 
EMBODIMENTS OF THE INVENTION 

A ?rst preferred embodiment of the invention is a method 
of allocating bits to individual coe?icients, for the encoding 
of the magnitude (i.e. the absolute value of the amplitude) of 
these coe?icients. According to the method of the invention, 
an audio signal x(t) is obtained as in FIG. 4a at 99, and 
sampled at a suitable rate, such as 48 kHZ as at 102, resulting 
in x(n). The sampled signal is WindoWed and transformed, as 
at 104 and 106, according to a knoWn, suitable technique, 
such as TDAC or DCT, using an appropriate WindoW of a 
typical size, eg 512 or 1024 samples. It Will be understood 
that other transformation and WindoWing techniques are 
Within the scope of the present invention. If no transforma 
tion is performed, the invention is applied to sampled signal 
elements rather than coef?cient signal elements. In fact, the 
invention is bene?cially applied to non-transformed, 
sampled audio-type signals. Transformation is not 
necessary, but merely exploits certain structural characteris 
tics of the signal. Thus, if the transformation step is skipped, 
it is more dif?cult to exploit the ordering. The result is a 
spectrum of coef?cient signal elements in the frequency 
domain, such as is shoWn in FIG. 3. As used herein, the 
phrase “signal elements” shall mean portions of a signal, in 
general. They may be sampled portions of an untransformed 
signal, or coef?cients of a transformed signal, or an entire 
signal itself. The steps of the method are shoWn schemati 
cally in How chart form in FIGS. 12a, 12b and 12c. 
An important aspect of the method of the invention is the 

method by Which the total number of bits N are allocated 
among the total number of coef?cients, C. According to the 
method of the invention, the number of bits allocated is cor 
related closely to the amplitude of the coef?cient to be 
encoded. 

The ?rst step of the method is to divide the spectrum of 
transform coef?cients in X(k) into a number B of bands, 
such as B equal sixteen or tWenty-six. This step is indicated 
at 600 in FIG. 12a. It is not necessary for each band to 
include the same number of coe?icients. In fact, it may be 
desirable to include more frequency coef?cients in some 
bands, such as higher frequency bands, than in other, loWer 
frequency bands. In such a case, it is bene?cial to approxi 
mately folloW the critical band result. An example of the 
spectrum X(k) (for X(k) having real values) is shoWn sche 
matically in FIG. 6, divided into bands. Other typical spectra 
may shoW a more marked difference in the number of coef 
?cients per band, typically With relatively more coef?cients 
in the higher rather than the loWer bands. 

If the number of frequency coef?cients in each band is not 
uniform, then the pattern of the bandWidth of each band 
must be knoWn or communicated to the decoding elements 
of the apparatus of the invention. The non-uniform pattern 
can be set, and stored in memory accessible by the decoder. 
If, hoWever, the bandWidth of the bands is varied “on-the-?y, 
” based on local characteristics, then the decoder must be 
made aWare of these variations, typically, by an explicit mes 
sage indicating the pattern 
As shoWn in FIG. 6, the spectrum is divided into many 

bands, bl, b2, . . . bB, indicated by a small, dark square 
betWeen bands. It is useful, as explained beloW, if each band 
is made up of a number of coef?cients that equals a poWer of 
tWo. At this point, it is also possible to ignore frequencies 
that are not of interest, for instance because they are too high 
to be discussed by a human listener. 
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10 
It may be useful, although not necessary for the invention, 

to analyZe the spectrum coef?cients in a domain Where the 
spectrum magnitudes are compressed through non-linear 
mapping such as raising each magnitude to a fractional 
poWer 0t, such as 1/2, or a logarithmic transformation. The 
human auditory system appear to perform some form of 
amplitude compression. Also, non-linear mapping such as 
amplitude compression tends to lead to a more uniform dis 
tribution of the amplitudes, so that a uniform quantiZer is 
more ef?cient. Non-linear mapping folloWed by uniform 
quantiZation is an example of the Well knoWn non-uniform 
quantiZation. 

This step of non-linear mapping is indicated at 602 in 
FIG. 12a. The transformed spectrum is shoWn in FIG. 7, 
Which differs from FIG. 6, in the vertical scale. 

In each band of the exponentially scaled spectrum, the 
coef?cient Cb l, Cb2, . . . CbB having the largest magnitude 
(ignoring sign) is designated as a “yardstick coef?cient.” 
This step is indicated at 608 in FIG. 12a. The yardstick coef 
?cients are indicated in FIG. 7 by a small rectangle enclos 
ing the head of the coef?cient markers. (In another preferred 
embodiment, discussed beloW, rather than designating the 
coef?cient that has the maximum coef?cient in the band as 
the yardstick coef?cient, another coef?cient can be desig 
nated as the yardstick. Such other coef?cient can be the one 
having a median or middle amplitude in the band, or a high, 
but not the largest magnitude in the band, such as the second 
or third highest. The embodiment designating the maximum 
magnitude coef?cient as the yardstick is the predominant 
example discussed beloW, and is discussed ?rst.) 
The method of the invention entails several embodiments. 

According to each, the magnitude of the yardstick coe?i 
cients is used to allocate bits ef?ciently among the 
coe?icients, and also to establish the number and placement 
of reconstruction levels. These various embodiments are dis 
cussed in detail beloW, and are indicated in FIGS. 12a and 
12b. More speci?c embodiments include: to further divide 
the spectrum X(k) into split-bands at 612; to accurately 
quantiZe the location and the sign of the yardstick coef? 
cients at 614; and to perform various transformations on 
these quantiZed coef?cients at 616, 618 and 620 before 
transmitting data to the decoder. HoWever, the basic method 
of the invention in its broadest implementation does not 
employ split-bands, thus passing from split-band decision 
610 to quantiZation decision step 614. In the basic method, 
only the magnitude of the yardstick coef?cients is used, and 
thus the method passes from quantiZation decision step 614 
to magnitude transformation decision step 622. The magni 
tudes need not be transformed at this stage, and thus, the 
basic method passes directly to step 624, Where the magni 
tude of the yardstick coef?cients are quantiZed accurately 
into reconstruction levels. 
The magnitude of each of yardstick coef?cient is quan 

tiZed very accurately, in typical cases, more accurately than 
is the magnitude of non-yardstick coe?icients. In some 
cases, this accurate rendering is manifest as using more bits 
to encode a yardstick coef?cient (on average) than to encode 
a non-yardstick coef?cient (on average). HoWever, as is 
explained beloW With respect to a yardstick-only transforma 
tion step performed at step 622, this may not be the case. In 
general, the higher accuracy of the yardsticks (on average) is 
characterized by a smaller divergence betWeen the original 
coef?cient value and the quantiZed value, as compared to the 
divergence betWeen the same tWo values for a non-yardstick 
coef?cient (on average). 

After quantiZation, the yardstick coef?cients are encoded 
into codeWords at 626 (FIG. 12b) and transmitted at 628 to 
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the receiver. The coding scheme may be simple, such as 
applying the digital representation of the position of the 
reconstruction level in an ordered set of reconstruction 
levels, from loWest amplitude to highest. Alternatively, a 
more complicated coding scheme, such as using a codebook, 
may be used. As in the case With the receiver of the prior art, 
the apparatus of the invention includes a receiver having a 
decoder equipped to reverse the coding processes imple 
mented by the coding apparatus. If a simple coding tech 
nique is used, the receiver may simply reverse the technique, 
Alternatively, a codebook may be provided, Which correlates 
the codeWords assigned to the yardstick coef?cients With the 
reconstruction levels. Because the yardstick coef?cients are 
quantized very accurately, When the codeWords are trans 
lated and the coef?cients are reconstructed, they are very 
close to the original values. (The nest step 632 shoWn in FIG. 
12b is only implemented if one of the transformation steps 
616, 618 or 620 of FIG. 12a Were conducted. The embodi 
ments Where these steps are conducted are discussed beloW.) 

The accurately quantiZed magnitude of the yardstick coef 
?cients are used to allocate bits among the remaining coef? 
cients in the band. Because, in this ?rst discussed 
embodiment, each yardstick coe?icient is the coe?icient of 
greatest magnitude in the band of Which it is a member, it is 
knoWn that all of the other coef?cients in the band have a 
magnitude less than or equal to that of the yardstick coef? 
cient. Further, the magnitude of the yardstick coef?cient is 
also knoWn very precisely. Thus it is knoWn hoW many coef 
?cients must be coded in the band having the largest ampli 
tude range, the next largest, the smallest, etc. Bits can be 
allocated e?iciently among the bands based on this knoWl 
edge. 

There are many Ways that the bits can be allocated. TWo 
signi?cant general methods are: to allocate bits to each band, 
and then to each coe?icient Within the band; or to allocate 
bits directly to each coef?cient Without previously allocating 
bits to each band. According to one embodiment of the ?rst 
general method, initially, the number of bits allocated for 
each individual band are determined at 634. More coef? 
cients in a band Will generally result in more bits being 
required to encode all of the coef?cients of that band. 
Similarly, a greater average magnitude \X(k)\°‘ of the coef? 
cients in the band Will result in more bits being required to 
encode all of the coef?cients of that band. Thus, a rough 
measure of the “siZe” of each band, “siZe” being de?ned in 
terms of the number of coef?cients and the magnitude of the 
coe?icients, is determined, and then the available bits are 
allocated among the band in accordance With their relative 
siZes, larger bands getting more bits, smaller bands getting 
feWer bits. 

For instance, as shoWn in FIG. 7a, for a very rough 
estimate, it can be assumed that the magnitude of each coef 
?cient is the same as the yardstick for that band. This is 
indicated in FIG. 7a by a heavily cross-hatched box, having 
a magnitude equal to the absolute value of the amplitude of 
the yardstick coe?icient. As can be understood from a com 
parison of FIG. 7 With FIG. 7a, in order to acquire a rough 
estimate for the siZe of each band, it is assumed that all 
coef?cients are positive. Knowing the number of coef?cients 
in each band, it is then possible to establish an upper bound 
for the siZe of the band. In an informal sense, this analysis is 
similar to determining the energy content of the band, as 
compared to the entire energy content of the frame. Once the 
relative siZes are determined, Well knoWn techniques are 
applied to allocate the available bits among the bands 
according to the estimated siZes. One technique is set forth 
in Lim, J. S., TWo-Dimensional Signal and Image 
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Processing, Prentice Hall, EngleWood Cliffs, N]. (1990), p. 
598, incorporated herein by reference. Experience may also 
shoW that it is bene?cial to allocate bits among the bands by 
assuming that the average magnitude \X(k)\°‘ of each non 
yardstick coef?cient is equal to some other fraction of the 
magnitude of the yardstick, such as one-half. This is shoWn 
in FIG. 7a by the less heavily cross-hatched boxes spanning 
the bands of the signal. It should be noted that the heavy 
cross-hatched regions extend all the Way doWn to the fre 
quency axis, although the loWer portion is obscured by the 
less heavily cross-hatched regions. 

It is also possible to adjust the estimate for the siZe of the 
band depending on the number of coef?cients (also knoWn 
as frequency samples) in the band. For instance, the more 
coe?icients, the less likely it is that the average magnitude is 
equal to the magnitude of the yardstick coe?icient. In any 
case, a rough estimate of the siZe of the band facilitates an 
appropriate allocation of bits to that band. 

Within each band, bits are allocated at 636 among the 
coe?icients. Typically, bits are allocated evenly, hoWever, 
any reasonable rule can be applied. It should be noted that 
the magnitudes of the yardstick coef?cients have already 
been quantiZed, encoded and transmitted and do not need to 
be quantiZed, encoded or transmitted again. Accordingly to 
the prior art discussed in the Dolby paper, aspects of the 
coef?cients used to make a gross analysis of the maximum 
magnitude of a coe?icient Within a band are encoded at tWo 
different stages; ?rst With respect to the exponent and second 
With respect to the mantissa. 

As is mentioned above, rather than ?rst allocating bits 
among the bands, and then allocating bits among the coef? 
cients in each band, it is also possible to use the estimate of 
\X(k)\°‘ to allocate bits to the coef?cients directly Without the 
intermediate step of allocating bits to the bands. Again, the 
rough estimate \X(k)\°‘ is used to provide a rough estimate 
for the magnitude of every coe?icient. As illustrated in FIG. 
7a, the rough estimate for the magnitude of each coef?cient 
may be the magnitude of the yardstick coef?cient, or one 
half that magnitude, or some other reasonable method. (As 
discussed beloW, a more complicated, yet more useful esti 
mation is possible if information regrading the location of 
the yardstick coef?cients is also accurately noted and 
encoded.) From the estimate of the magnitude of each of the 
coe?icients, an estimate of the total magnitude or siZe of the 
signal can be made, as above, and the ratio of the siZe of the 
coe?icient to the total siZe is used as the basis for allocating 
a number of bits to the coe?icient. The general technique is 
discussed at Lim, J. S., cited above at p. 598. 

Due to the accurate quantiZation of the yardstick 
coe?icients, the present invention results in a more appropri 
ate allocation of bits to coef?cients in each band than does 
the method described in the prior art Dolby paper. Consider, 
for example, the tWo bands b4 and b5 (FIG. 8), having yard 
stick coef?cients 742 and 743, respectively, With magnitudes 
of nine and ?fteen, respectively. According to the prior art 
method, each yardstick coef?cient is quantiZed grossly, by 
encoding only the exponent of the yardstick, and this gross 
quantiZation is used to allocate bits to all of the coef?cients 
in the yardstick’s band. Thus, yardstick coe?icient 742, hav 
ing a value of nine, Would be quantiZed by the exponent “3”, 
since it fails betWeen 23 and 24. Since ?fteen is the maxi 
mum number that could have this exponent, the band in 
Which yardstick coef?cient 742 falls is allocated bits as if the 
maximum value for any coef?cient Were ?fteen. 

Further according to the prior art method, yardstick coef 
?cient 743, having a value of ?fteen, Would also be quan 
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tized by exponent “3”, since it too falls between 23 and 24. 
Thus, the band in Which yardstick coef?cient 743 falls is also 
allocated bits as if the maximum value for any coef?cient 
Were ?fteen. Thus, although the tWo bands have signi?cantly 
different yardstick coe?icients, each coef?cient in the band 
is allocated the same number of bits. For illustration 
purposes, it can be assumed that each coef?cient in the tWo 
bands is allocated four bits for quantization. 

Conversely, according to the method of the invention, 
because the yardstick coef?cients are quantized very 
accurately, yardstick coef?cient 743, having a value of 
?fteen, is quantized to ?fteen, or very close to ?fteen if very 
feW bits are available. Further, yardstick coef?cient 742, 
having a value of nine, is quantized as nine, or very close to 
nine. Thus, the coef?cients in band b4 Will be allocated a 
different number of bits than Will be coef?cients in band b5. 
For purposes of illustration, it can be assumed that the coef 
?cients in band b5, having a yardstick of magnitude ?fteen, 
are each allocated ?ve bits, While coef?cients in band b4, 
having a yardstick of only nine, are each allocated only three 
bits. 

Comparison to the bit allocation of the method of the 
invention to the prior art method shoWs that the allocation 
according to the method of the invention is much more 
appropriate. For band b5, more bits are available (?ve as 
compared to four) so the quantization Will be more accurate. 
For band b 4, feWer bits are used (three as compared to four), 
hoWever, since the range is in fact smaller than the prior art 
method can determine (nine as compared to ?fteen), the allo 
cation of bits is more appropriate. Further, because the 
invention also uses the accurate yardstick quantization to 
establish reconstruction levels, Which the method of the 
prior art does not, the relative accuracy achieved is even 
greater, as is next explained. 

Once each coef?cient has been allocated its allotment of 
bits at 636, the highly accurate quantization of the yardstick 
coef?cients can be used to divide up the entire range of the 
band approximately and to assign reconstruction levels at 
638. FIG. 8 shoWs the reconstruction level allocation sche 
matically. The yardsticks 743 and 742 of bands b5 and b4 are 
shoWn, along With non-yardstick coef?cients 748 and 746, 
the former falling in band b 4 and the latter falling in band b5, 
both of Which have a magnitude of ?ve. FolloWing through 
With the example considered above, allocation of reconstruc 
tion levels according to the present invention and the prior 
art method is illustrated. Since according to the prior art, 
coef?cients in both bands Were assigned the same number of 
bits, four, for reconstruction levels, each band Will have 24 or 
sixteen reconstruction levels. These reconstruction levels are 
shoWn schematically by identical scales 750 at either side of 
the FIG. 8. (The reconstruction levels are illustrated With a 
short scale line soWn at the center of each reconstruction 

level). 
The reconstruction levels that Would be assigned accord 

ing to the method of the invention are quite different from 
those of the prior art, and, in fact, differ betWeen the tWo 
bands. In the example, band b5 Was assigned ?ve bits per 
coef?cient, so 25 or thirty-tWo reconstruction levels are 
available to quantize coef?cients in this band, having a yard 
stick of ?fteen. These reconstruction levels are shoWn sche 
matically at scale 780. Band b4 Was assigned only three bits, 
so 23 or eight reconstruction levels are available for quanti 
zation of coef?cients in this band, having a yardstick of nine. 
These reconstruction levels are shoWn at scale 782. 

Comparison of the accuracy of the tWo methods shoWs 
that the method of the invention provides greater e?iciency 
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14 
than does the prior art. For the coef?cients in band b5, the 
thirty-tWo reconstruction levels provided as a result of the 
?ve bit allocation clearly provide for more accuracy than do 
the sixteen levels provided as a result of the four bit alloca 
tion of the prior art. Further, all of the thirty-tWo reconstruc 
tion levels are useful. For the coef?cients in band b4, the 
eight reconstruction levels provided as a result of the present 
invention do not provide as many reconstruction levels as the 
sixteen provided by the prior art, hoWever, all of the eight 
reconstruction levels provided are used, While several of the 
reconstruction levels of the prior art (those falling betWeen 
nine and ?fteen) can not possibly be useful for this band, 
since no coef?cient exceeds nine. Thus, although there are 
technically more reconstruction levels allocated to this band 
as a result to the method of the prior art, many of them can 
not be used, and the resulting gain in accuracy is small. The 
bits that are consumed in the allocation of the unused recon 
struction levels could be better used in the same band by 
reassignment of the reconstruction levels to lie in the knoWn 
accurate range, or in another band (such as band b5, Where 
the maximum range is relatively large). 
The placement of the boundaries betWeen reconstruction 

levels and the assignment of reconstruction values to the 
reconstruction levels Within the range can be varied to meet 
speci?c characteristics of the signal. If uniform reconstruc 
tion levels are assigned, they can be placed as shoWn in FIG. 
9a, at scale 902 spanning a range of ten, With the highest 
reconstruction level being assigned the yardstick value, and 
each loWer level being assigned a loWer value, lessened by 
an equal amount, depending on the level size. In such a 
scheme, no reconstruction level Will be set to zero. 
Alteratively, as shoWn as scale 904, the loWest reconstruc 
tion level can be set to zero, With each higher level being 
greater by an equal amount. In such a case, no reconstruction 
level Will be set to the yardstick. Alternatively, and more 
typically, as shoWn at scale 906, neither the yardstick nor the 
zero Will be quantized exactly, but each Will lie one-half of a 
reconstruction level aWay from the closed reconstruction 
level. 
As in the case of uneven allocation of bits to coef?cients 

in a band, if more than one reconstruction scheme can be 
applied by the encoder, then either a signal must be transmit 
ted to the decoder along With the data pertaining to the quan 
tized coef?cients indicating Which reconstruction scheme to 
use, or the decoder must be constructed so that in all 
situations, it reproduces the required distribution of recon 
struction levels. This information Would be transmitted or 
generated in a manner analogous to the manner in Which the 
speci?c information pertaining to the number of coef?cients 
per band Would be transmitted or generated, as discussed 
above. 

Rather than divide up the amplitude of the band evenly, it 
may be bene?cial to divide it at 638 as shoWn in FIG. 9b, 
specifying reconstruction levels that include and reconstruct 
exactly both zero and the yardstick coef?cient, and skeWing 
the distribution of the other reconstruction levels more 
toWard the yardstick coef?cient end of the range. 
Alternatively, the reconstruction levels could be clustered 
more closely at the zero end of the range, if experience dem 
onstrates that this is statistically more likely. Thus, in 
general, the quantization levels can be non-uniform, tailored 
to the characteristics of the particular type of signal. 
The foregoing examples have implicitly assumed that the 

yardstick coef?cient is greater than zero and that all of the 
other coef?cients are greater than or equal to zero. Although 
this can happen, many situations Will arise Where either or 
both of these assumptions Will not lie. In order to specify the 
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sign of the non-yardstick coe?icients, several methods are 
possible. The most basic is to expand the amplitude range of 
the band to a range having a magnitude of tWice the magni 
tude of the yardstick coe?icient, and to assign at 638 recon 
struction levels, as shoWn in FIG. 10a. For instance, any 
coe?icient falling in the zone lying betWeen amplitude val 
ues of 2.5 and 5.0, Will be quantized at 640 as 3.75 and Will 
be assigned at 642 the three bit code Word “101”. As Will be 
understood, the precision of such an arrangement is only one 
half as ?ne as that Which Would be possible if it Were only 
necessary to quantize positive coe?icients. Negative values, 
such as those lying betWeen —5.0 and —7.5 Will also be quan 
tized as —6.25 and Will be assigned the codeWord “001”. 

Rather than an equal apportionment to positive and nega 
tive values, it is possible to assign either the positive or nega 
tive reconstruction levels more ?nely, as shoWn in FIG. 10b. 
In such a case, it Will be necessary to give more reconstruc 
tion levels to either the positive or the negative portion of the 
range. In FIG. 10b, the positive portion has four full recon 
struction levels and part of the reconstruction level centered 
around zero, While the negative portion has three full recon 
struction levels and part of the zero-centered reconstruction 
level. 

The foregoing examples demonstrate that With very accu 
rate quantization of the yardsticks, very accurate range infor 
mation for a particular band can be established. 
Consequently, the reconstruction levels can be assigned to a 
particular band more appropriately, so that the reconstructed 
values are closer to the original values. The method of the 
prior art results in relatively larger ranges for any given 
band, and thus less appropriate assignment of reconstruction 
levels. 

The estimation of the masking level is also improved over 
the prior art With application of the method of the invention. 
Estimation of the masking level is based upon an estimation 
of the magnitude of the coef?cients As has been 
mentioned, in general, for each coe?icient, the masking level 
is a measure of hoW much noise, such as quantization noise, 
is tolerable in the signal Without it being noticeable by a 
human observer. In most applications, signals of larger 
amplitude can Withstand more noise Without the noise being 
noticed. Factors in addition to amplitude also ?gure into the 
masking level determination, such as frequency and the 
amplitudes of surrounding coef?cients. Thus, a better esti 
mation of \X(k)\, for any given coef?cient results naturally in 
a better estimation of an appropriate masking level. The 
masking level is used to ?ne-tune the allocation of bits to a 
coe?icient. If the coef?cient is situated such that it can toler 
ate a relatively high amount of quantization noise, then the 
bit allocation takes this into account, and may reduce the 
number of bits that Would be allocated to a speci?c coef? 
cient (or band) as compared to the number that Would have 
been applied if the masking level Were not taken into 
account. 

After the coef?cients are encoded according to the method 
of the invention, the stream of codeWords are transmitted at 
644 to the communication channel, or storage device, as in 
the prior art shoWn in FIG. 3 at 112. After transmission, the 
coded Words are transformed back into an audio signal. As 
shoWn in FIG. 12c, at 660 the coded yardstick coef?cients 
are quantized based on the assignment of reconstruction lev 
els to the codeWords. The yardstick coef?cients have been 
quantized very accurately. Thus, upon translation of the 
codeWords into reconstructed levels, the reconstructed yard 
stick coef?cients Will very accurately re?ect the original 
yardstick coe?icients. 

At 662, a decision is made Whether or not to perform a 
reverse DCT transform (or other appropriate transform) to 
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counteract any DCT type transform (discussed beloW) that 
may have been applied at steps 616, 618 or 620 in the 
encoder. If so, the reverse transform is applied at 664. If not, 
the method of the invention proceeds to 666, Where the code 
Words for the non-yardstick coef?cients of a single frame are 
translated into quantization levels. Many different schemes 
are possible and are discussed beloW. 
The decoder translates the codeWords into quantization 

levels by applying an inverse of the steps conducted at the 
encoder. From the yardstick coef?cients, the coder has avail 
able the number of bands and the magnitudes of the yard 
sticks. Either from side information or from preset 
information, the number of non-yardstick coef?cients in 
each band is also knoWn. From the foregoing, the recon 
struction levels (number and locations) can be established by 
the decoder by applying the same rule as Was applied by the 
encoder to establish the bit allocations and reconstruction 
levels. If there is only one such rule, the decoder simply 
applied it. If there are more than one, the decoder chooses 
the appropriate one, either based on side information or on 
intrinsic characteristics of the yardstick coef?cients. If the 
codeWords have been applied to the reconstruction levels 
according to a simple ordered scheme, such as the binary 
representation of the position of the reconstruction level 
from loWest arithmetic value to highest, then that scheme is 
simply reversed to produce the reconstruction level. If a 
more complicated scheme is applied, such as application of a 
codebook, then that scheme or codebook must be accessible 
to the decoder. 

The end result is a set of quantized coef?cients for each of 
the frequencies that Were present in the spectrum X(k). 
These coef?cients Will not be exactly the same as the 
original, because some information has been lost by the 
quantization. HoWever, due to the more ef?cient allocation 
of bits, better rang division, and enhanced masking 
estimation, the quantized coef?cients are closer to the origi 
nal than Would be requantized coef?cients of the prior art. 
(However, reconstituted non-yardstick coef?cients typically 
do not compare to the original non-yardstick coef?cients as 
accurately as the reconstituted yardstick coef?cients com 
pared to the original yardstick coef?cients.) After 
requantization, the effect of the operation of raising the 
frame to the fractional poWer 0t, such as 1/2, is undone at 668 
by raising the values to the reciprocal poWer 1/ 0t, in this case, 
tWo. Next, at 670 the inverse transform of the TDAC type 
transform applied at step 106 is applied to transform the 
frequency information back to the time domains. The result 
is a segment of data, speci?ed at the sampling rate of, for 
instance, 48 kHz. Sequential (typically overlapped) Win 
doWs are combined at 672 and audio is synthesized at 674. 
The foregoing discussion has assumed that only the mag 

nitude of the yardstick coef?cients Were encoded accurately 
at 614, and that neither the location of the yardstick coef? 
cient Within the band (i.e. second coe?icient from the loW 
frequency end of the band, fourth coe?icient from the loW 
frequency end of the band, etc.) nor the sign (or phase) Was 
encoded. By encoding either the location, or both of these 
additional facts, additional improvement in coding can be 
achieved. In fact, encoding of the location provides signi? 
cant savings, since if not, it Would be necessary to encode the 
yardstick coe?icient tWice: once to establish the estimation 
of \X(k)\°‘ and a second time for its contribution to the signal 
as a coef?cient. 

If the location of the yardstick coe?icient had not been 
encoded, it Would be necessary to encode its magnitude in 
the stream of all coe?icients, for instance at step 624 shoWn 
in FIG. 12A. HoWever, if the yardstick coef?cients are fully 
























