
EP 0 421259 B1                  2 Description
allocation number decision block 90, to which input digital signals are
applied, and the bit rate adjustment BACKGROUND OF THE INVENTION
or bit packing is performed in the bit rate adjustment block 91 as a
function of the spectral intensity of the This invention relates to a
digital signal encoding   5   unit block of the input digital signals.
Then, using the apparatus for encoding input digital signals.      number
of bits determined by the bit rate adjustment, In high efficiency encoding
of audio, voice or the  the encoding or requantization is performed in an
en- like signals, there is known an encoding technique by  coding
functional block to produce output signals. bit allocation according to
which input audio or voice  However, there lacks up to now an effective and
signals are divided into a plurality of channels on a   10  simple method
for bit rate adjustment performed at time axis or a frequency axis and the
numbers of bits  the bit rate adjustment block 92 whereby signal dete- are
adaptively allocated to these channels. Among  rioration may be made less
outstanding. Thus a de- the encoding techniques for audio signals by bit
allo-  mand has been raised for establishment of a method cation are a
sub-band coding (SBC) in which audio  for effective bit rate adjustment.
signals on the time axis are divided into a plurality of  15  On the other
hand, in high efficiency encoding, frequency bands for encoding; an
adaptive transform  techniques of high efficiency encoding which take the
coding (ATC) in which the signals on the time axis are  properties of
"making effects" in the human auditory converted by orthogonal transform
into those on the  sense into account, are investigated extensively. The
frequency axis and divided into a plurality of frequen-  masking effects
mean a phenomenon in which cer- cy bands so as to be adaptively encoded in
each fre-  20  tain signals are masked by other signals and become quency
band; and adaptive bit allocation (APC-AB)  Inaudible. The masking effects
are classed into those which is a combination of the SBC and APC and in
on audiosignals on the time axis and thoseonthefre- which the signals on
the time axis are divided into a  quency axis. plurality of frequency bands
and the signals of each   The masking effects on audio signals on the fre-
frequency band are converted into baseband signals  25  quency axis are
hereinafter explained. For a sinusol- (low frequency range signals) so as
to be then predic-  dal wave Ws of afrequencyfa, the masking spectrum
tively encoded by linear predictive analyses of a plur-  or masking curve
MS, expressing the masking effect ality of orders.
by the human auditory sense, is as shown in Fig. 2, It is to be noted that,
In the above described band  and a zone shown by hatching in Fig. 2 is
masked by division and encoding,forexample, the numberof bits  30  this
masking spectrum MS. That is, any noise in the provided to each band
resulting from division is dy-  masking spectrum MS becomes inaudible, so
that, in namically or adaptively changed as a function of time  the actual
audio signals, any noise in the masking fluctuations of the signal spectral
intensity, while the  spectrum MS is permissible. Thus the allowable noise
bit rate for each constant unit time block is maintained  level for the
sinusoidal wave Ws is below a level j in constant On the other hand, in the
above mentioned   35  Fig. 2. It is noted that the masking effect becomes
adaptive transform encoding, the number of bits is  maximum at the
frequency fs of the sinusoidal wave changed dynamically on the frequency
axis.         Ws and becomes progressively low in a direction With the
above mentioned high efficiency encod-  away from the frequency fs. ing by
adaptive bit number allocation, the bit rate per  On the other hand, in
usual audio signals, the sig- unit block (unit time block or unit frequency
block)  40  nal spectrum SS exhibits an energy concentration in may not be
constant, depending on the manner of al-  the low frequency range, as shown
in Fig. 3. The locating the numberof bits, with the result that the bits
masking spectrum in this case is as shown by a brok- may be in surplus or
in deficit. That is, it may occur  en line in Fig. 3. This means that, if
the spectrum of that, for a given bit rate, the bits may be in surplus or
the noise produced at the time of quantization or en- in deficit in the
high or low signal level regions, re-  45  coding of the audio signals of
the signal spectrum SS spectively, on the time axis or on the frequency
axis.  is within the hatched zone in Fig. 3, the noises are Should the
number of bits be in surplus or in def-  masked by the masking spectrum MS
of the audio icit, has been necessary to resort to a technique of bit
signals, so that deterioration in sound quality is not rate adjustment or
"bit packing for effective adjust-  perceived by human ears. Thus a
technique of con- ment of the number of bits.                   50
trolling the spectrum of the quantization noise at the The bit rate
adjustment means an operation of   time of quantization is thought to be
effective against decreasing or increasing the number of bits afforded
deterioration of sound quality. to a unit block, then the bits are in
surplus or in deficit  However, with the above mentioned technique in such
unit block, for adjusting the bit rate In its en-  employing the masking
effects, since the contour of tirety so as to be constant. This bit rate
adjustment is  55  the masking spectrum is determined to suit to the
thought to be feasible by using a functional block as  contour of the
signal spectrum, as shown in Fig. 3, shown forexample in Fig. 1 . In this
figure, the number  more bits are afforded to high frequency regions with
of allocated bits for quantization is determined at a bit  low signal
energies, with the consequence that it be- 2    



3                   EP0421 259B1                    4 comes difficult to
lower the bit rate.             higher for the same energy towards the side
of higher From IEEE Jounal on selected areas in communica-   frequencies.
tion, vol 6, no. 2, 1988: "Transform coding of audio   According to the
present invention, the number of signals using perceputual noise criteria"
an appartus  bit allocation at the time of quantization is increased
according to the preamble of claim 1 is known com-   5   ordecreased by a
predetermined constantamounton prising means for dividing an input digital
signal into  the basis of the error between the targetvalue and the
frequency bands so that the band-width of each fre-  detection output of
the volume of output information quency band will be broader the higher the
frequency  of quantization means and the target value or the en- band.
Furthermore, an allowable noise level for each  ergy of each frequency
band. frequency band is set on the basis of the energy of  l0  The
allowable noise level is also selected to be each frequency band.
Quantiztion means quantizes   higher in a direction towards the lowerenergy
or high- components of each frequency band using an itera-  er frequency of
the frequency band so that the num- tive method based on the difference in
energy of the  ber of bits of allocation will be lesser for higher fre-
frequency bands and threshold level to provide a   quencies. fixed bit-rate
coder. This known apparatus, however,  15 requires a large number of bits
for a good masking ef-  BRIEF DESCRIPTION OF THE DRAWINGS fect. It Is
therefore an object of the present invention  Fig. I is a functional block
diagram for bit rate ad- to provide a digital signal encoding apparatus
where-  justment. by bit rate adjustment or bit packing may be per-  20
Fig. 2 is a chart showing the masking spectrum formed with less apparent
signal deterioration despite  for human ears. its simplified structure.
Fig. 3 is a chart showing the spectrum of audio It is another object of the
present invention to pro-  signals. vide a digital signal encoding
apparatus in which      Fig. 4 is a block diagram showing an outline of a
quantization is performed with the number of quanti-  25  digital signal
encoding apparatus according to an em- zation bits which takes the energy
and the contour of  bodiment of the present invention. the signal spectrum
of audio and voice signals into ac-  Fig. 5 is a diagrammatic view showing
critical count so as to lower the bit rate and to minimize de-  bands.
terioration in sound quality despite the low bit rate.  Fig. 6 shows a Bark
spectrum. The present invention provides a digital signal en-  30  Fig. 7
is a circuit diagram showing a filter circuit. coding apparatus comprising
a sum detection-filter     Fig. 8 is a chart showing a masking spectrum.
circuit, as noise level setting means, for dividing input  Fig. 9 is a
chart showing a minimum audible digital signals into a plurality of
frequency bands so  curve and a masking spectrum. that the bandwidth is
wider for higher frequencies,    Fig. 1OA is a chart showing a masking
spectrum, said noise level setting means being adapted to set  35
increased In level, which is synthesized with the mini- an allowable noise
level for each band on the basis of  mum audible curve. the energy for each
band, and a quantization circuit   Fig. 1OB is a chart showing a masking
spectrum, for quantizing the components of each band with the  decreased in
level, which is synthesized with the numberof bits consistentwith the level
difference be-  minimum audible curve. tween the energy of each band and
the outputofsaid   40  Fig. 11 is a block circuit diagram showing an out-
noise level setting means, wherein the volume of out-  line of a digital
signal encoding apparatus according put Information of said quantization
circuit is detected  to a modification of the present invention. and the
number of bit allocation for the quantization  Fig. 12 is a chart showing
the noise spectrum pri- circuit is corrected in dependence upon the error
be-  or to bit rate adjustment. tween the detection output and the target
value to ren-  45  Fig. 13 is a chart showing the noise spectrum fol- der
the information volume constant over a predeter-  lowing bit rate
adjustment. mined time interval.                                   Fig. 14A
is a chart showing the noise spectrum, The number of bit allocation for the
quantization  prior to bit rate adjustment, of a signal having the circuit
may be corrected on the basis of the detection  character of a tone. output
and the energy of each band to render the vol-  50  Fig. 14B is a chart
showing the noise spectrum, ume of information constant over a
predetermined   following bit rate adjustment, of a signal having the time
interval.                                     character of a tone for the
case of redundancy of the Alternatively, the noise level setting means may
number of bits. be controlled as a function of the detection output to
Fig. 14C is a chart showing the noise spectrum, render the information
volume constant over a prede-  55  following bit rate adjustment, of a
signal having the termined time interval.
character of a tone for the case of deficiency of the The noise level
setting means may also be de-   number of bits. signed to set the allowable
noise level so as to be 3    
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PREFERRED                       ted to a fast Fourier transform (FFT)
circuit 11. In the EMBODIMENTS                                        FFT
circuit 11, the audio signals on the time axis are converted at a
predetermined time interval or unit By referring to the accompanying
drawings, pre-  block to produce FFT coefficients each consisting of forred
illustrative embodiments of the present inven-   5   a real number
component Re and an imaginary num- tion will be explained in detail.
ber component Im. These FFT coefficients are trans- The digital signal
encoding apparatus of the pres-  mitted to an amplitude phase information
generator ent embodiment is adapted to realize high efficiency  12 where an
amplitude value Am and a phase value encoding of input digital signals,
such as audio or  are obtained from the real numbercomponent Re and voice
signals, by sub band coding (SBC), adaptive   10  the imaginary number
component Im and the ampli- transform coding (ATC) or adaptive bit
allocation  tude value Am is outputted from the generator 12. In (APC-AB).
Thus, with the present embodiment, the   general, the human ear is
insensitive to the amplitude input digital signals are divided into a
plurality of fre-  or power of the frequency range, while it is rather in-
quency bands and wider bandwidths are used for     sensitive to the phase,
so that, in the present embodi- higher frequency ranges. That is, the input
digital sig-  15  ment, only the amplitude value Am is taken out from nals
are divided by so-called critical bandwidths  the output terminal of the
amplitude phase informa- which, take into account the human auditory
charac-  tion generator 12 as the input digital signals to the en-
terlstics which will be explained subsequently. As  coding apparatus of the
present embodiment. shown in Fig. 4, the digital signal encoding apparatus
The input digital signals, such as the amplitude is constituted by a sum
detection circuit 14 and a filter  20  value Am, obtained in this manner,
are transmitted to circuit 15 as noise level setting means for setting the
a band division circuit 13. In this division circuit 13, the allowable
noise level for each band on the basis of the  input digital signals,
expressed as the amplitude val- energy value, peak value or mean value for
each crit-  ue Am, are divided into so-called critical bands. With ical
band, a minimum audible curve setting circuit 22  the critical bands, in
which the human auditory char- responsive to the human frequency analysis
capabil-  25  acteristics or frequency analysis capability is taken ity, a
synthesis circuit 18 forsynthesizing the outputs  into account, the
frequency of 0 to 16 kHz is divided of the noise level setting means and
the minimum au-  into 24 bands, the bandwidths of which are selected dible
curve setting circuit 22, and a quantization cir-  to be wider towards the
higherfrequency side. Mean- cuit for quantizing frequency components of the
while, the human auditory sense has characteristics bands by the numbers of
the bits allocated In accor-  30  comparable to those of a series of
bandpass filters. dance with the level of the difference between the en-
The frequency bands thus divided by these filters are orgies of the
respective bands and the outputs of the  termed the critical bands. These
critical bands are synthesis circuit 18. The output information volume of
shown in Fig. 5. For illustrating the drawing, the crit- the quantization
circuit 24 Is detected by a data vol-  Ical bands are expressed by 12
frequency bands B, ume computing circuit 26 as later described, and the
35  to [err]. noise level setting means is controlled as a function  The
amplitude values Am of the bands, for exam- of the detection output and by
an allowance function  ple the 24 bands, divided into the critical bands in
the from an allowance function generator 29 controlled  band division
circuit 13, are transmitted to the sum by an allowance function control
circuit 28 to provide  detection circuit 14. In the sum detection circuit
14, for a constant volume of information during a prede-  40  the energy
for each band, that is the spectral intensity termined time period. That
is, in the present embodi-  for each band, may be found by taking the sum
of the ment, the allowable noise level is changed by chang-  energyvalues
Am in the bands (the peakormean val- ing the above mentioned allowance
function, as     ues of the amplitude value Am or the sum of the en- shown
in Figs. 10A and 10B, for adjusting the bit rate  ergies). The output of
the sum detection circuit 14, so as to be constant In its entirety.
45  that is the sum spectrum of each band, is generally The quantization
outputfrom the quantization cir-  termed the Burke spectrum. The Bark
spectrum SB cuit 24 is outputted from an output terminal 2 via buf-  of
each band is as shown for example in Fig. 6. fer memory 25 of the digital
signal encoding appara-   For taking into account the effect of the Bark
tus of the present embodiment.                     spectrum SB on masking,
predetermined weighting The digital signal encoding apparatus of the pres-
50  functions are convolved into the Bark spectrum SB. ent embodiment shown
in Fig. 4 is adapted for con-  The output of the sum detection circuit 14,
that is the verting the audio or voice signals by fast Fourier  values
ofthe Barkspectrum SB, are transmitted to fil- transform (FFT) for
converting the signals on the time  ter circuit 15. As shown in Fig. 7, the
filter circuit 15 axis into those on the frequency axis so as to effect  is
constituted by delay elements (Z-1) 1011, 1012, --- , encoding
orrequantization.                    55   [err] and 10124, that isthe 24de-
That is, referring to Fig. 4, audio signals, for ex-  lay elements
associated with the critical bands, 24 ample, are supplied to an input
terminal 1, and it is  multipliers [err] these audio signals on the time
axis that are transmit-  and 10224, and a sum computing unit 104. Atthis
time, 4    
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0.0000086, 0.0019, 0.15, 1, 0.4,  towards the higher frequency side with
lower energy 0.06 and 0.07 are multiplied at the multipliers [err],  levels
to decrease the number of bits allocated to the [err] and [err]  to  high
frequency range. In this consideration, the noise outputs of the associated
delay elements, respective-  level setting means may be so designed thatthe
level ly, to effect convolution of the Bark spectrum SB. By   5   a is set
to a progressively high level for the same en- this convolution, the sum is
taken of the portions in-  ergy towards a higherfrequency. In this case,
the lev- dicated by broken lines in Fig. 6. The masking is a   ela
corresponding to the allowable noise level is com- phenomenon in which a
signal is masked by another  puted and control is made sothatthe level a
becomes signal by human auditory characteristics and be-   progressively
highertowards the high frequency side. comes Inaudible. The masking effect
is classed into  10  The level a is found in the above described man- that
on audio signals on the time axis and that on sig-  ner and the
corresponding data are transmitted to a nals on the frequency axis. By such
masking effect,  divider 17 which is adapted for deconvolving the level any
noise, If any, contained in the masked signal, be-  a In the convolved
region. Hence, by performing this comes inaudible. Hence, in actual audio
signals,   deconvolution, the masking level may be obtained these noises in
the masked signal represent allow-   15  from the above mentioned level a.
That is, this mask- able noises.                                       Ing
spectrum represents the allowable noise level. Al- The output of the filter
circuit 15 is supplied to a  though a complex processing is necessitated
for de- subtractor 16 where a level a corresponding to the al-
convolution, a simplified divider 17 is used in the lowable noise level in
the convolved region is found.  present embodiment for deconvolution. Fig.
8 shows The level a corresponding to the allowable noise level  20  a
so-found masking spectrum MS. That is, with the means a level which will
prove to be an allowable   BarkspectrumSB,thelevellowerthantherespective
noise level for each critical band as a result of decon-  levels of the
masking spectrum MS is masked. volution as will be explained subsequently.
The allow-  The output of the divider 17 is transmitted to syn- ance
function, that is the function expressing the  thesis circuit 18 towhich
the outputfrom the minimum masking level, forfinding the level a, is
supplied to the   25  audible curve setting circuit 22 is also supplied.
Thus subtractor 16. The level a is controlled by increasing  the data
representing the so-called minimum audible ordecreasing the allowance
function. This allowance  curve or equal loudness curve RCfrom the minimum
function is supplied from afunction generator29 con-  audible curve
generating circuit 22, indicating the hu- trolled by function controller 28
which will be ex-  man auditory characteristics, as shown in Fig. 6, are
plained subsequently.                         30  synthesized with the
output of the divider 17, that is If the number of the critical bands
looking from  the masking spectrum MS. Hence, by synthesizing the low
frequency side is expressed as i, the level a,  this minimum audible curve
RC and the masking corresponding to the allowable noise level, Is given by
spectrum MS, the allowable noise level may be the following formula (1):
brought up to a portion shown by hatching lines so a = S - (n - al)  (1)
35  that the number of bits allocated for quantization may where n and a
are constants with a>0, S is the  be reduced in an amount corresponding to
the portion intensity of the Bark spectrum after convolution and  shown by
the hatching lines. In Fig. 9, the frequency (n-ai) in the formula
represents the allowance func-  domain is indicated by the above mentioned
critical tion. By changing the allowance function, the level a  bands,
shown in Fig. 5. In Fig. 9, the signal spectrum may be controlled and the
bit rate adjusted so that, as   40   SS is also shown. a result, the
allowance function may be controlled to  The data from the buffer memory 25
are trans- provide for the constant bit rate. In the present em-  mitted to
a data volume processing circuit 26, where bodiment, bit rate adjustment
may be performed with  the data volume is found and transmitted to a
compar- n=38 and a=1 or n=24 and a=1, as an example.       ator. In the
comparator 27, the data volume from cir- It will be noted that, if the
level a corresponding   45  cuit26 is compared with thetargetvalue of the
bit rate to the allowable noise level, as later described, for  for bit
adjustment from terminal 3 and the result of computing the masking spectrum
of the Bark spec-   comparison is transmitted to the aforementioned trum
SB, that is the allowable noise spectrum, is low,  function control circuit
28. The function generator 29 the masking level or the masking curve is
decreased,  is controlled by the function control circuit28forcom- so that
it becomes necessary to increase the number  50  puting the allowance
function for finding the level a of bits allocated at the time of
quantization of the  supplied to the subtractor 16. With change in the al-
quantization circuit 24. Conversely, if the level a is  lowance function,
the masking spectrum MS shown high, the masking level is increased, with
the result  in Fig. 9 is translated in the vertical direction. The that the
number of bits allocated at the time of quan-  states of translation of the
masking spectrum MS are tization may be diminished. Moreover, in audio sig-
55  shown in Figs. 1OAand 10B. Thus Fig. 1OAshows the nals in general, the
spectral intensity or energy in the  masking spectrum MS which has been
translated in high frequency range is low. Hence, in the present  the
direction in which the levels of the masking spec- embodiment, the level a
is increased progressively  trum MS of Fig. 9 are increased, and Fig. 108
the 5    
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which has been translated in  Fig. 1, parts or components equivalent to
those the direction in which the levels of the masking spec-  shown in Fig.
11 are designated by the same refer- trum MS of Fig. 9 are decreased.
ence numerals and the corresponding description is The output of the
synthesis circuit 18 is transmit-  omitted for simplicity. Referring to
Fig. 12, the noise ted to a subtractor 19, to which the output of the sum
5   spectrum NS is shown by a chain-dotted line, against detection circuit
14, that is the aforementioned bark  the signal spectrum SS. If the bit
rate is not constant spectrum SB, is supplied by way of delay circuit 21.
in a unit block adjustment of bit allocation is per- Thus a subtracting
operation is performed in subtrac-  formed on the frequency axis by dynamic
bit alloca- tor 19 between the masking spectrum MS and the     tion. For
example, if, as a result of signal frequency Bark spectrum SB to find the
level at which the Bark  10  analyses, the number of bits is decreased
uniformly spectrum SB is masked, as described in connection  from the noise
spectrum NS, the noise spectrum NS with Fig. 8.
is corrected to noise spectrum NS-, as shown by a The output of the
subtractor 19 is supplied to a  broken line in Fig. 13, whereas, if the
number of bits quantization circuit 24 by way of ROM 20. The quan-  is
increased, the noise spectrum is corrected to NS+, tization circuit 24
quantizes the amplitude value Am   15  as also shown by a broken line in
Fig. 13. supplied by way of delay circuit 23 with a number of  In case of
the signal spectrum SS shown in Fig. bits allocated in accordance with the
output of the  14A, that is, if the source exhibits the character of a
subtractor 19. In other words, the quantization circuit  tone in which the
signal spectrum intensity or signal 24 quantizes the components of each of
the critical  energy is concentrated in a band, such as in the case bands
with the number of bits allocated in accordance   20  of a sinusoidal wave,
tone burst wave or a sound of a with the difference between the energy of
the band  single musical instrument, the noise spectrum NS is and the
output of the synthesis circuit 18. The delay  as shown in a chain-dotted
line in Fig. 14A, against circuit 21 Is provided for delaying the Burke
spectrum  the signal spectrum SS. Hence, In the present em- SB from the sum
detection circuit 14 in consideration  bodiment, shown in Fig. 11, the
energy ratio for each of the delay introduced in the circuitry upstream of
25  band is found from signal frequency analyses and, the synthesis circuit
18, whereas the delay circuit 23  should the number of bits be redundant
for 9 given is provided for delaying the amplitude Am in consid-
predetermined number of bits, more or lesser bits are eration of the delay
introduced in the circuitry up-  provided to the bands of higher or lower
energies, re- stream of the ROM 20. The ROM 20 is used forstoring
spectively, in proportion to the signal energy, by way data concerning the
numbers of allocated bits.  30  of performing a bit rate adjustment. In
this manner, It will be seen from the foregoing that with the  the noise
spectrum NS is corrected to noise spectrum present digital signal encoding
apparatus, the volume  [err] as shown by a broken line in Fig. 14B.
Converse- of the output Information of the quantization circuit 24  ly,
should the number of bits fall short, a number of is detected and the noise
level setting means is con-  bits are taken from the band of a lesser
energy, in in- trolled as a function of the detection output to perform
35  verse proportion to the signal energy, and are provid- the operation of
maintaining the constant information  ed to the band suffering from
shortage in the number volume over a predetermined time period (unit time
of bits. In this manner, the noise spectrum is correct- block or frame),
that is, the bit rate adjustment oper-  ed to [err] as shown by a broken
line In Fig. 14C. ation. Thus it becomes possible to vary the bit rate   It
will be seen from above that, in the apparatus while keeping the minimum
audible curve constant or,  40  shown in Fig. 11, the volume of the output
information alternatively, for noises exceeding the masking spec-  of the
quantization circuit 24 is detected bya data vol- trum, to vary the noise
distribution as a function of the  ume computing circuit 26, and an error
between the level                                              detection
output and a predetermined target value If, as a result of bit rate
adjustment, the number  from terminal 3, that is the target value of the
bit rate of bits falls short and thus decreased, the S/N ratio of  45  for
bit rate adjustment, is detected at an error detec- the audio signals is
worsened. Conversely, if the  tion circuit27. The correction value by which
the num- number of bits is excess and thus increased, the S/N  ber of bit
allocation for the quantization circuit 24 is ratio is Improved. That is,
as a resultof bit adjustment,  then determined at a correction value
decision circuit the noise spectrum is changed contour with respect  38, on
the basis of the detected error output and the to the signal spectrum, with
resulting demonstration   50  energies of the respective bands.
Quantization is of merits and demerits proper to the S/N ratio.    then
performed at the quantizer on the basis of the In this consideration, in a
modification of the dig-  so-determined correction value. In this manner,
with ital signal encoding apparatus of the present inven-  the present
embodiment, a constant Information vol- tion, shown in Fig. 11, changes on
the frequency axis  ume for a predetermined time period is provided by of
the changes in S/N ratio of the audio signals are  55   way of performing
bit rate adjustment. maintained constant to prevent the occurrence of
To this end, in the present embodiment, the data changes in the noise
spectrum on requantization. In  from buffer memory 25 Is transmitted to a
data vol- 6    11                  EP 0 421 259 B1                 12 



ume computing circuit 26, where the data volume is  to an apparatus
performing the adaptive transform found and transmitted to an error
detection circuit 27.  coding in which input digital signals are processed
by In the error detection circuit 27, an error between the  fast Fourier
transform, as in the case of the embodi- data volume and a predetermined
target value from  ment shown in Fig. 11. In this case, the signals are
div- terminal 3, that is the target value of the bit rate for bit   5
ided into a plurality of discrete frequency band, by rate adjustment, is
detected, and transmitted to a cor-  means of band filters or the like. In
this case, the rection value decision circuit 38. To this decision cir-
quantization noise level consistent with the detection cult 38 is also
supplied an output (energy or spectral  output the output data volume of
quantization means intensity) of the sum detection circuit 14 by way of a
is increased or decreased by the number of bits allo- memory 33 adapted for
storing data of a unit block.  10  cated to each channel for adjusting the
number of The correction value decision circuit 38 is adapted to
quantization bits for each block so as to be constant. provide a larger or
a smaller correction value to a  Similar effects to those described above
may be ob- higher energy band if the error data is positive or neg-  tained
for the case of sub-band coding. Since the ative, respectively. This
correction value is supplied  noise level is increased towards the higher
frequency to a bit number correction circuit 31 where the output  15  with
lower energy, it becomes possible to reduce the of the ROM 201s corrected
by the correction value for  number of bits allocated for quantization.
correcting the number of allocated quantization bits, that is, for
adjusting the bit rate, to provide for a con- stant Information volume in
one unit time block as a  Claims predetermined time period. In this manner,
quantiza-  20 tion is performed with a larger number of bits in a  1. A
digital signal encoding apparatus, comprising band of a larger energy and
with a smaller number of     - noise level setting means (13-22) compris-
bits In a band of a lesser energy. The output of the bit   ing a noise
level computing means (14, 15, number correction circuit 31 is supplied to
the quan-      17) for dividing input digital signals into a tization
circuit 24 by way of a rounding circuit 32 to  25  plurality of frequency
bands so that the correct for minute changes in the number of bits.
bandwidth of each frequency band is broad- It will be noted that the
effects similarto those de-   er as the frequency of the frequency bands
scribed above may also be obtained with a construc-        increases, and
for setting the allowable tion, notshown, in which the correction value
decision     noise level of each of the plurality of fre- circuit 38 is
designed as a division circuit and the bit  30  quency bands on the basis
of the energy of number correction circuit 31 is designed as a summa-
each said frequency band, tion circuit. The division circuit in this case
divides the  - quantization means (24) for quantizing error data by the
total numberof samples within a unit     components of each frequency band
with a time block or frame as a predetermined time period         number of
bits consistent with the level dif- and the resulting quotient data are
transmitted to the   35  ference between the energy of each fre- summation
circuit. In this summation circuit, the quo-     quency band and that of
the output of said tient data is added to the output of ROM 20 for cor-
noise level setting means (13-22), and recting the number of allocated
quantization bits to     - means (25-28) for both detecting the num-
provide for a constant information volume over the         ber of bits
allocated to the output informa- aforementioned predetermined period. The
output of  40     tion by the quantization means over a pre- the summation
circuit is supplied to the quantization      determined time interval, and
for making circuit 24 by way of the rounding circuit 32 to correct    said
number constant, for minute changes In the number of bits. In this case,
characterized in that the memory 33 shown in Fig. 11 may be eliminated.
said noise level setting means further comprises In the present embodiment
of the digital signal  45   - minimum audible curve setting means (22)
encoding apparatus, shown In Fig. 11, bit rate adjust-     for setting a
minimum audible curve in de- ment is performed at the time of encoding the
audio        pendence upon the frequency, and signals, as described above,
and the noise spectrum      - synthesis means (18) for synthesizing out- Is
notchanged in shape atthis time, so that sound de-      puts of said noise
level computing means terioration perceived by ears may be diminished even
50  (14, 15, 17) and said minimum audible when the number of bits in
reduced. Above all, signal      curve setting means (22). encoding with
lesser deterioration may be realized with a source exhibiting the
properties of a tone. In ad-  2. The signal encoding apparatus according to
ditlon, the hardware may be implemented easily be-     claim 1, wherein the
volume of output information cause of simplicity of the bit rate adjustment
algo-  55  of said quantization means (24) is detected and rithm.
said noise level computing means (14,15,16,17) The present Invention may be
applied to an appa-   is controlled as a function of the detection output
ratus performing a sub-band coding (SBC) in addition   to render the volume
of information constant over 7    11                  EP 0 421259 B1
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ume computing circuit 26, where the data volume is  to an apparatus
performing the adaptive transform found and transmitted to an error
detection circuit 27.  coding in which input digital signals are processed
by In the error detection circuit 27, an error between the  fast Fourier
transform, as in the case of the embodi- data volume and a predetermined
target value from  mentshown in Fig. 11. In this case, the signals are div-
terminal 3, that Is the target value of the bit rate for bit   5   ided
into a plurality of discrete frequency band, by rate adjustment, is
detected, and transmitted to a cor-  means of band filters or the like. In
this case, the rection value decision circuit 38. To this decision cir-
quantization noise level consistent with the detection cuit 38 is also
supplied an output (energy or spectral  output the output data volume of
quantization means intensity) of the sum detection circuit 14 by way of a
is increased or decreased by the number of bits allo- memory 33 adapted for
storing data of a unit block.  10  cated to each channel for adjusting the
number of The correction value decision circuit 38 is adapted to
quantization bits for each block so as to be constant. provide a larger or
a smaller correction value to a  Similar effects to those described above
may be ob- higherenergy band if the errordata is positive or neg-  tained
for the case of sub-band coding. Since the ative, respectively. This
correction value is supplied  noise level is increased towards the higher
frequency to a bit number correction circuit 31 where the output  15  with
lower energy, it becomes possible to reduce the of the ROM 20 is corrected
by the correction value for  number of bits allocated for quantization.
correcting the number of allocated quantization bits, that is, for
adjusting the bit rate, to provide for a con- stant information volume in
one unit time block as a  Claims predetermined time period. In this manner,
quantiza-  20 tion Is performed with a larger number of bits in a  1. A
digital signal encoding apparatus, comprising band of a larger energy and
with a smaller number of     - noise level setting means (13-22) compris-
bits in a band of a lesser energy. The output of the bit   ing a noise
level computing means (14, 15, number correction circuit 31 is supplied to
the quan-      17) for dividing input digital signals into a tization
circuit 24 by way of a rounding circuit 32 to  25  plurality of frequency
bands so that the correct for minute changes in the number of bits.
bandwidth of each frequency band is broad- It will be noted that the
effects similar to those de-  er as the frequency of the frequency bands
scribed above may also be obtained with a construc-        increases, and
for setting the allowable tion, not shown, in which the correction value
decision    noise level of each of the plurality of fre- circuit 38 is
designed as a division circuit and the bit  30  quency bands on the basis
of the energy of number correction circuit 31 is designed as a summa-
each said frequency band, tion circuit. The division circuit in this case
divides the  - quantization means (24) for quantizing errordata by the
total numberof samples within a unit      components of each frequency band
with a time block or frame as a predetermined time period         number of
bits consistent with the level dif- and the resulting quotient data are
transmitted to the  35  ference between the energy of each fre- summation
circuit. In this summation circuit, the quo-     quency band and that of
the output of said tient data Is added to the output of ROM 20 for cor-
noise level setting means (13-22), and recting the number of allocated
quantization bits to     - means (25-28) for both detecting the num-
provide for a constant information volume over the         ber of bits
allocated to the output informs- aforementioned predetermined period. The
output of  40     tion by the quantization means over a pre- the summation
circuit is supplied to the quantization      determined time interval, and
for making circuit 24 by way of the rounding circuit 32 to correct    said
number constant, for minute changes in the number of bits. In this case,
characterized in that the memory 33 shown in Fig. 11 may be eliminated.
said noise level setting means further comprises In the present embodiment
of the digital signal  45   - minimum audible curve setting means (22)
encoding apparatus, shown in Fig. 11, bit rate adjust-     for setting a
minimum audible curve in de- ment is performed at the time of encoding the
audio        pendence upon the frequency, and signals, as described above,
and the noise spectrum       - synthesis means (18) for synthesizing out-
is notchanged in shape at this time, so that sound de-     puts of said
noise level computing means terioration perceived by ears may be diminished
even   50  (14, 15, 17) and said minimum audible when the number of bits in
reduced. Above all, signal      curve setting means (22). encoding with
lesser deterioration may be realized with a source exhibiting the
properties of a tone. In ad-  2. The signal encoding apparatus according to
dition, the hardware may be implemented easily be-     claim 1, wherein the
volume of output information cause of simplicity of the bit rate adjustment
algo-  55  of said quantization means (24) is detected and rithm.
said noise level computing means (14,15,16,17) The present invention may be
applied to an appa-   is controlled as a function of the detection output
ratus performing a sub-band coding (SBC) in addition   to render the volume
of information constant over 7    13                 EP 0 421 259 B1
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a predetermined time interval.                    dadurch gekennzolchnet,
daI3 die Rauschpegeleinstelleinrichtung 3. The signal encoding apparatus
according to any-      - elne Minimumh8rfrequenzkurven-Einstell- one of
claims 1 or 2 wherein the number of bits        einrichtung (22) zum
Einstellen elner Ml- of allocation of said quantization means (24) is   5
nimumhorfrequenzkurve In Abhfngigkeit corrected (28, 29) in dependence upon
an error        von der Frequenz und between a target value (3) and the
detection out-    - eine Syntheseeinrichtung (18) zum Synthe- putof output
information volume of said quantiza-     tisieren von Ausgangssignalen
derRausch- tion means (24) to render the information volume
pegelberechnungseinrichtung (14, 15, 17) constant over a predetermined time
interval.  10       und der Minimumh8rfrequenzkurven-Ein- stelleinrichtung
(22) aufweist. 4. The signal encoding apparatus according to any- one of
claims 1 or 2 wherein the number of bits  2. Signalkodierungseinrichtung
nach Anspruch 1, of allocation of said quantization means is cor-  wobei
das Volumen derAusgangsinformation der rected (31) on the basis of an error
between a tar-  15  Quantisierungseinrichtung (24) detektiert und getvalue
(3) and the detection outputof output in-  die
Rauschpegeleinstelleinrichtung (14, 15, 16, formation volume of said
quantization means (24)  17) als Funktion des Detektionsausgangssignals and
the energy of each frequency band (14, 33,    gesteuert wird, um das
Informationsvolumen 39) to render the information volume over a pre-  Ober
einem vorbestimmten Zeitintervall konstant determined time interval.
20      zu halten. 5. A digital signal encoding apparatus according to  3.
Signalkodierungseinrichtung nach Anspruch I any one of the preceding
claims,                  oder2, wobei die Zahl Zuordnungsbits derQuan-
wherein                                     tisierungseinrichtung (24) in
Abhangigket von ei- said noise level setting means (13-22) are  25  nem
Fehlerzwischen elnem Sollwert (3) und dem adapted for setting the allowable
noise level so  Detektionsausgangssignal des Ausgangsinfor- as to be higher
for the same energy level towards  mationsvolumens der
Quantisierungseinrichtung the side of a higher frequency.
(24) korrigiert (28, 29) wird, um das Informations- volumen Ober elnem
vorbestimmten Zeitintervall 30      konstant zu halten. PatentansprOche 4.
Signalkodierungseinrichtung nach Anspruch I 1.
Dgitalsignalkodierungseinrichtung, bestehend      oder2, wobel die Zahl
Zuordnungsbits derQuan- aus
tisierungseinrichtung auf der Basis eines Fehlers - elner
Rauschpegeleinstelleinrichtung (13 -  35  zwischen elnem Sollwert (3) und
dem Detektlons- 22) mit einer Rauschpegelberechnungsein-     ausgangssignal
des Ausgangsinformationsvolu- richtung (14, 15, 17) zum Untertellen von
mens der Quantisierungseinrichtung (24) und Eingangsdigitalsignalen in
mehrere Fre-      der Energie jedes Frequenzbandes (14, 33, 39) quenzbander
derart, daS die Bandbreite je-   korrigiert (31) wird, um das
Informationsvolumen des Frequenzbandes broiterwird, wenn die  40
Gberieinem vorbestimmten Zeitintervall konstant Frequenz der Frequenzbander
zunimmt,         zu halten. und zum Einstellen des zulassigen Rausch-
pegels jedes der mehreren Frequenzban-    5.
Digitalsignalkodierungseinrichtung nach einem der auf der Basis der Energie
jedes Fre-     der vorhergehenden Anspruche, wobei die quenzbandes,
45      Rauschpegeleinstelleinrichtung (13 - 22) zum - elner
Quantisierungseinrichtung (24) zur     Einstellen des zulassigen
Rauschpegels derart, Quantisierung von Komponenten jedes           daS er
beim gleichen Energiepegel auf der Seite Frequenzbandes mit elner mit der
Pegeldif-   in Richtung hoherer Frequenz hoher ist, ausge- ferenz zwischen
der Energie jedes Fre-        bildet ist. quenzbandes und derdes
Ausgangssignals  50 der Rauschpegeleinstelleinrichtung (13 - 22)
konsistenten Zahl Bits, und           Rovendications - elner Einrichtung
(25 - 28) sowohl zum De- tektieren der durch die Quantisierungsein-  1.
Appareil de codage de signal num6rique, richtung derAusgangsinformation
zugeord-  55  comprenant: neten Zahl Bits wahrend eines vorgegebe-
un moyen d'6tablissement de niveau de nen Zeitintervalls als such zum
Konstant-    bruit (13-22) comprenant un moyen de calcul de machen dieser
Zahl                            niveau de bruit (14, 15, 17) pour divisor
des si- 8    15                 EP 0 421 259 B1                16
I1111111 11111L 1   M   l gnaux num6riques d'entree en une pluralit6 de
le volume d'information sur un intervalle temporol 



bandes de frequence de tells sorte que la largeur  pr6d6termine. de bando
de chaque bands de fr6quence solt plus importante lorsque la frequence des
bandes  5. Appareil de codage de signal numerique selon de fr6quence crolt,
et pour etablir le niveau de   c  l'une quelconque des revendications
prec6den- bruit admissible de chacune de la pluralit6 de   tes, dans lequel
ledit moyen d'6tablissement de bandes de frequence sur la base de l'energie
de  niveau de bruit (13-22) est concu pour 6tablir le chsque dite bando de
frequence;                   niveau de bruit admissible de maniere a co
qu'iD un moyen de quantification (24) pour        soit suphrieur pour le
meme niveau d'nergie en quantifier des composantes de chaque bands de  io
direction du cote d'une frequence plus elev6e. fr6quence a i'aide d'un
nombre de bits coh6rent avec la difference de niveau entre l'energie de
chaque bands de frequencoe et cells de la sortie dudit moyen
d'htablIssement de niveau de bruit (13-22); et
15 un moyen (25-28) pour & la fois detecter le nombre de bits allou6s a
l'information de sortie par le moyen de quantification sur un intervalle
temporol prdMtermin6 et pour rendre ledit nom- bro constant,
20 caract6ris6 en co quo: ledit moyen d'etablissement de niveau de bruit
comprend en outre: un moyen d'htablissement de courbe audi- ble minimum
(22) pour 6tablir une courbe audible  25 minimum en fonction de la
fr6quence; et un moyen de synthese (18) pour synth6ti- ser dos sorties
dudit moyen de calcul de niveau de bruit (14, 15, 17) et dudit moyen
d'6tabiisse- ment de courbe audible minimum.           30 2. Apparell de
codage de signal selon la revendica- tion 1, dans lequel le volume
d'information de sor- tie dudit moyen de quantification (24) ost detect6 et
ledit moyen de calcul de niveau de bruit(14, 15,  3s 16, 17) est commande
en tant quo fonction de Ia sortie de d6tection pour rendre le volume
d'infor- mation constant sur un intervalle temporel pred6- termine. 40 3.
Appareil de codage de signal selon l'une quelcon- quo des revendications I
ou 2, dans lequel Is nombre de bits d'allocation dudit moyen de quan-
tification (24) est corrig6 (28, 29) en fonction d'une orreur entre une
valour cible (3) et la sortie  45 do d6tectlon de volume d'information de
sortie dudit moyen de quantification (24) pour rendre constant le volume
d'information sur un intervalle tomporol pr6d6termin6. 50 4. Appareil de
codage de signal selon l'une quelcon- quo des revendications 1 ou 2, dans
lequel le nombre de bits d'allocation dudit moyen de quan- tification est
corrige (31) cur la base d'une erreur entre une valeur cible (3) et la
sortie de d6tection  55 de volume d'information de sortie dudit moyen de
quantification (24) et l'energie de chaque bande de frequence (14, 33, 39)
afin de rendre constant 9    


