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The preseat invention relates to coding of time varying signals, such as
andio signals representing voice or music information.

6, Preprint 2321

5 Background of the Invention
In recent years several advanced bit rate reduction algorithms for high
quality digital audio have been proposed (see e.g., Schroeder, E.F. & Voessing, W..
"High quality digital audio encoding with 3.0 bits/sample using adaptive transform
coding,” 80th. AES-convention Montreaux 1986, Preprint 2321 (B2); Theile, G. &

10 Link, M. & Stoll, G.: "Low bit rate coding of high quality audio signals,” 82nd AES
convention, London 1987, Preprint 2432 (C-1); Brandenburg, K.: "OCF - A new
coding algorithm for high quality sound signals,"” in Proc. of the 1987 Int. Conf. on
Acoust., Speech and Signal Proc. ICASSP 1987, pp. 141-144; and Johnston, J.D.:
“Transform Coding of Audio Signals Using Perceptual Noise Criteria,” IEEE Journal

15 on Selected Areas in Communications, Vol. 6 (1988), pp. 314-323). Nearly
transparent quality can be achieved at bit rates down to 64 kbit/sec. using frequency
domain approaches (see e.g., Brandenburg, K. & Seitzer, D.: "OCF: Coding High
Quality Audio with Data Rates of 64 kbit/sec," 85th AES convention, Los Angeles
1988; Johnston, J.D.: "Perceptual Transform Coding of Wideband Stereo signals,"

20 pp. 1993-1996, ICASSP 1989; and Theile, G. & Stoll, G. & Link, M.: "Low bit-rate
coding of high quality audio signal. An introduction to the MASCAM system,”
EBU Review- Technical, No. 230 (August 1988), pp. 71-94).

FIG. 1 shows the basic block diagram common to ail perceptual
frequency domain coders.

25 A filterband 101 is used to decompose the input signal into subsampled spectral
components. The subsampled spectral components are then used to calculate an
estimate of the actual (time dependent)) masking threshold in block 102 using rules
known from psychoacoustics (see ¢.g., Zwicker, E.: "Psychoakustik” (in German),
Berlin Heidelberg New York 1982; Hellman, R. P.: "Asymmetry of masking"

30 between noise and tone, Perception dand Pyschophysics,” Vol. 11, pp. 241-246, 1972;
and Scharf, B : Chapter 5 of Foundations of Modern Auditory Theory, New York,
Academic Press, 1970). The spectral components are then quantized and coded in
block 103 with the aim of keeping the noise, which is introduced by quantizing,
below the masking threshold. Depending on the algorithm this step is done in very

35 different ways, from simple block companding to analysis by synthesis systems
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Link, M & Stoll, G: "Low bit rate coding of high quality audio signals,"”
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(August 19&3yangpgent/ Driditype is thc so-called tree-stiictured fikérbank (sbe ngaQMF bl ock

di agram corgy ‘Qbsfngc 4«:51 ﬁledﬂé/ Rgﬁ'efﬂcg é_@ggﬁﬁ%ﬂ%ﬁl%oms

fil band “I0 | ed :
slpeE:'ta ;aﬁn Eﬂim_&_mg@mgﬁﬁéﬁbm ¢ Englewnpd Qliffs 4984)ewhikhareused to
cal cul ate e&mrfpem:&fbakﬁen&ﬁm{emm BRI AE HobordTHSH) 0 threshol d

in bI ock 1 nown from psychoacousti.cs see ., ZW cker,
E.: "Ps }@hdm&%k tpquse; known ﬁrgmpsychoacousucs Also known are those ﬁltcr bank
used in transform coders (see e.g., Jayant, N. S. & Noll, P.: above, and Zelinski, R.

& Noll, P., “Adaptive Transform Coding of Speech Signals,” IEEE Trans. on
Acoustics, Speech and Signal Processing, ASSP-25 (1977), pp. 299-309) which use
a windowed transform to implement a filter bank with equal bandwidth filters with

15 low computational complexity. Transform coders typically calculate 128 to 1024
spectral components, which also can be grouped by criticat bands.

The basic problem of the design of an analysis/synthesis system for use
in high quality digital audio coding is the trade-off between time domain and
frequency domain behavior: If more spectral components are used, the masking

20 functions can be estimated with better accuracy. In addition, a higher decorrelation

- of the spectral components, and therefore a higher coding gain, can be achieved. On
the other hand, a higher spectral resolution necessitates less time resolution, which
leads to problems with preechoes (see e.g., Vaupelt, Th.: “Ein Kompander zur
Unterdrueckung von hoerbaren Stoerungen bei dynamischen Signalpassagen fuer ein

25 Transfor- mationscodierungsverfahren fuer qualitative hochwertige Audiosignale
(MSC)", (in German), ITG Fachbericht 106, pp. 209-216; and Brandenburg, K.
"High quality sound coding at 2.5 bit/sample," 84th AES Convention, Paris 1988,
Preprint 2582) and longer processing delay.

Summary of the Invention . :

30 The present invention provxdes structure and methods which seek to
overcome the limitations of the prior art through a closer match to the processing of
audio signals by the human ear. More specifically, the present invention models the
ear as a filterbank, but with differing time and frequency resolution at different
frequencies. Thus the-present invention provideé an analysis framework that

35 achieves a better fit to the human ear. '
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Berlin Heidel berg New York 1982; Hellman, R P.: "Asymetry of nasking
. between noi se and tone, Perception and Pyschophysics,"” Vol. 11, pp.

241- 246, 1972; and Scharf, B : Chapter 5 of Foundations of Modern

Audi tory Theory, New Yor k, Academ ¢ Press, 1970). The spectral

conponents are then quantized and coded3in bl ock 103 with the ai m of

{(ﬁepl Egl IjheDgoi sg V\/ni ch i s introduced by quant i zi ng, bel ow t he maski ng
resho pendi n o] thmt’J.s st

di fferent ways, fro % Yr"BT Cﬁcgf?ﬁ he BIESS zﬂy& 3 %Hg%slas

sytens quadrature mirror filter to perform an mmal scparanon of input audio gxgnals iPng

addi tional 0ol 2el 85Pet QB S Othis filtered output is again filtered using a windowed

transform to achieve the effect of a computationally effective filter bank with many
5 channels. _
Masking thresholds for the filtered signals are then determined using a
“superblock” technique. Asin earlier work by the present inventors, a "tonality"
measure is used in actually developing appropriate masking thresholds. In the
present invention, however, an improved tonality measure that is local to critical
10 bands, or even a single spectral line. is used. Advantageously, well known OCF
coding and quantization techniques are then used to further process the perceptually
coded signals for transmission or storage.
~ Brief Description of the Drawing
FIG. 1 shows a general block diagram of a perceptual coder.
15 FIG. 2 shows a basic analysis system used in the hybrid coder of the
present invention in the context of a system of the type of the type shown in FIG. 1.
- FIG. 3 shows a time/frequency breakdown of the hybrid analysis
structure of FIG. 2.
FIG. 4 shows a short time spectrum of a test signal. _
20 _ FIG. 5 shows a block diagram of the iteration loops of a typical
implementation of the present invention.
Detailed Description

THE NEW ANALYSIS/SYNTHESIS FILTERBANK
The hybrid coder in accordance with an illustrative embodiment of the
25 present invention uses a hybrid QMF/Transform filterbank. FIG. 2 shows the basic
analysis/synthcsis system. The time domain values are first filtered by a
conventional QMF-tree filterbank 201-203. This filterbank is used to get 4 channels
with 3 to 12 kHz bandwidth (frequency resolution) and, accordingly, 2 to 8 sample
time resolution. The QMF filterbank was chosen only because optimized filters were
30 readily available that satisfied our design goals. It proves convenient to use 80-tap
QMEF filters derived from Johnston, J. D., "A Filter Family Designed for Use in
Quadrature Mirror Filter Banks,” ICASSP 1980, pp. 291-294). This 80-tap filter is
clearly an overdesign; lower computational complexity will clearly suffice.
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F| nally, a multiplexer 104 is used to assenble the bitstream which

. typically consists of the quantized and coded spectral coefficients and
sonme side information, e.g. bit allocation information. There
are two filterbank desi gns commonly used in the above arrangenent. One
type is the so-called tree-structured figl.terbank (see e.g. QW filterbank;
described in Jayant, N. S. & NoII P.: Digital Coding of Wavef orns:

Principles and Appl catl deo |.ewpod Cli 84)
which are desi gned ‘Iﬁg'e‘fel %ﬂM mt?‘%g“#%% él'EFéﬁE Mﬁfﬁ% set
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Processi g9, e?é@f’re%énéﬂ%%ﬁgﬂ pp. 299-309) which use a w ndowed transformto
i mpl ement bandwi dth filters with, | ow
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frequency dsoeksn Thvetdifferent n'axisfmrmsdxaspbcmmdedcfmnhmrmmmcaﬂ'he fisstd, the
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hi gher éecorre
frequencxes) complex lines. In this approach the analysis- synthesis filterbank is not

critically sampled. On the other hand, prediction of the complex frequency lines can
be easily used to reduce the data rate further. Alternatively, a modified DCT
(MDCT) as used in Brandenburg, K.: "Ein Beitrag zu den Verfahren und der

15 Qualitaetsbeurteilung fuer hochwertige Musikcodierung,” (in German), Ph.D. thesis,
Universitaet Erlangen-Nuemnberg 1989 and described first in Princen, J. & Johnson,
A., Bradley,' A.: "Subband / Transform Coding Using Filter Bank Designs Based on
Time Domain Aliasing Cancellation”, in Proc. of the 1987 Int. conf. on Acoustics,
Speech and Signal Processing ICASSP 87, pp. 2161-2164 may be used. This

20 technique calculates 64 or 128 frequency values per subband and is critically
sampled. Using this MDCT approach, only half the samples have to be quantized
and encoded as compared to the DFT solution. |

The combined filterbank has a frequency resolution of 23 4 Hz at low

frequencies and 187.5 Hz at high frequencies, with a corresponding difference in

25 time resolution. While the time resolution is illustratively quantized to powers of 2,
advances in the analysis/synthesis method will provide more range in time/frequency

. resolution as well as less quantization. Depending on the frequency band, the

characteristics of the filter bank are similar to an MDCT filterbank of block length
1024 at low frequencies and 128 at high frequencies. Thus, the frequency resolution

30 atlow frequencies is sufficient for the perceptual model, and the time resolution at
high frequencies is short enough for pre-echo control without additional algorithmic
accommodation. Table 1 shows time and frequency resolution values for the
combined filter bank used in the hybrid coder.
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of the spectral conponents, and therefore a higher coding gain, can be

. achieved. On the other hand, a higher spectral resolution necessitates |ess
ti me resol ution, which |l eads to problenms with preechoes (see e.g., Vaupelt,
Th.: "Ein Konpander zur Unterdrueckung von hoerbaren Stoerungen bei
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fuer qualitative hochwertige Audiosignalfe (I\/ISC) (| n German), |ITG
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12000 24000 187.2 128 2.7
Table 1: Time and frequency resolution of the analysis/synthesis
filterbank
10 The masking threshold is estimated using the structure of the output

signal of the filterbank. The computation is done for "superblocks” containing eight
"time slices" corresponding to the number of high-frequency transforms in the low-
frequency transform interval. The signal energy in the lower frequency band is
distributed equally between the 8 time slices, and that of the middle frequencies

15 distributed according to their transform rate. The "superblock” allocation is shown
in FIG. 3.

Then the threshold is calculated for each of the 8 time slices using
improved methods similar to those in Johnston, J.D.: "Transform Coding of Audio
Signals Using Perceptual Noise Criteria,” IEEE Journal on Selected Areas in

20 Communications, Vol. 6 (1988), pp. 314-323. The threshold values for transforms
spread across more than 1 time slice are then added up, to give the estimate of the
masking threshold with the appropriate time resolution for the critical bands
contained in each transform block. Critical band boundaries are aligned with the
subband boundaries, resulting in 25 critical bands, '

25 The actual quantizer and coder must add no more noise than indicated
by the estimated masking threshold in order to code the sxgnal transparently,
according to the threshold model. '

CALCULATION OF TONALITY

Different values for the masking threshold for narrow band sxgnals have

30 - been reported in literature for tone masking noise and noise as a masker. See e.g., the
Hellman and Scharf references, above. In the Johnston reference, above, the spectral
flatness measure was used to calculate a global "tonality” of the short time specaum
of the signal. This tonality measure was then used to interpolate between the
masking threshold formulas from Hellman and Scharf. A problem has been found

35 with the notion of a global tonality:
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The hybrid coder of the present invention, in typical enbodinent, uses a
. Quadrature mrror filter to performan initial separation of input audio
signals into appropriate frequency bands. This filtered output is again
filtered using a windowed transformto achieve the effect of a
conputationally effective filter bank wg-h many channel s

Nhsking thresholds for the filtered signals are then determ ned using a

Tonal ity measure. oueaEnalf, GRS spRBSighil A gnD SE sheehlser g
t hr eshol ds. FIGy 4 hshopt espectruinrwidnttonal,’ passwowharmonicsrpf the «p(tch freqidriciesyreasur e
v sovo B A A G R . e
used to furppﬁ pRectralHatagss neasure will not show that parts of the

5 signal are very tonal (i.e., coherent from transform block to transform block).
Further, i.e., even if the tonality is estimated correctly for the sensitive (tonal) parts
of such a signal, the formula previously used will lead to a very conservative
masking threshold at high frequencies, thereby requiring an excessive bit rate.

Experiments with changed estimated masking thresholds and results of
10 the different approach to the estimation of the masking threshold taken in
Brandenburg, K.: "Ein Beitrag zu den Verfahren und der Qualitaetsbeurteilung
fuer hochwertige Musikcodierung,” (in German), Ph.D. thesis, Universitaet
Erlangen-Nuernberg 1989, caused a search for a new tonality measure.
As used in one aspect of the present invention to estimate the amount of
15 masking by a signal tonality, is modeled not as a global value, but as a characteristic
local to a critical band or even a single spectral line. In the context of the illustrative
' hybrid coder, this local tonality is estimated by a coherence measure:
" . Foreach spectral component (= subband or transform coefficient) a
coherence measure is calculated. This is done using a simple prediction, calculated
20 in polar coordinates in the complex plane. Several predictors were tested, and the
one described below was selected on the basis of performance.,
Let r(t,f) be the radius of the spectral value at time t and frequency f and
¢(t,f) the phase value attand f.
The predicted value of r and ¢ at time t are calculated as:

25 £(t, D=r(t-1,HHr(t-1,H-r(t-2,5)
and §(t, H=p(t-1, H+(t—1,H~0(t—2, 1)

The Euclidean distance between the actual and predicted values is used to get the
new tonality mietric, c(t,f). Then,

ot = JESHCED. 60,0, (2, 0,001, 0))
(<Ct, +abs(R(L, )
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coded signals for transmi ssion or storage. Brief Description of the Draw ng
. FIG 1 shows a general block diagram of a perceptual coder.

FIG 2 shows a basic analysis systemused in the hybrid coder of the
present invention in the context of a systemof the type of the type shown
in FIG 1. FIG 3 shows a tyne/frequency breakdown of the
hybrid anal ysis structure of FIG 2. FIG 4 shows a short tine

spectrumof a test signal of the
iteration |oops of ? Bfegéﬁnonr‘r%ﬁnéﬁghttoaqev&ﬁy gﬁ%ﬁ%gég &ﬁi\}%ﬁ{eﬁm

Det ai | ed Dezra.iQut unmmefmsncuﬁbvmmvﬁb&cmswsmmgmml have values The
hybri d code Qg@; t t hrdRR nthe present

i nvention ud;feu?rt h g%&/ﬁﬁrﬂ%@#oﬁweﬁl% %BQ%Q% 2 tgh{t)gv?/stl{he basi c
anal ysi s/ swmhmdstom@mmmc ynrénmimmhmeﬁsraa% first filtered by a
conventi gnal OVFyfrcgepfil terbank 201-203. This filterbank is used to get 4

Coor di ngl yhezieb Bl BRECeY 1EL R ESERE dif ML PPN PeREY chosen
only becausngikntiaekt fand wipasdeseribed in the Johnston paper cited above for the

old tonality metric. The program in Listing 1 illustrates the processing used to form

c(t,f) in the context of a 512 sample input sequence. The program of Listing 1 is

10 written in the well-known FORTRAN programming language described, e.g., in
Fx/FORTRAN Programmer’s Handbook, Alliant Computer Systems Corp., 1988.
The program is intended for use on general purpose computers marketed by Alliant
Computer Systems Corp., but may be readily adapted for use on other general |
purpose or special purpose processors. :

15 In a typical version of the hybrid coder in accordance with the present
teachings, the quantization and coding scheme of the OCF (Optimum Coding in the
Frequency domain), system described in Brandenburg, K. & Seitzer, D.: "OCF:
Coding high Quality Audio with Data Rates of 64 kbit/sec,” 85th AES convention,
Los Angeles 1988, has been used. In that analysis-by-synthesis scheme the spectral

20 components are first quantized using a nonuniform quantizer. In the inner iteration
loop (rate loop) the count of bits needed to code the quantized values using an
entropy code is compared to the number of available bits. Depending on the ratio of
actual over available bits the quantization step size is adjusted, leading to a different
number of bits needed to code the block of quantized values. The outer iteration

25 loop (distortion control loop) compares actual quantization noise energy for each
critical band with the estimated masking threshold. If the actual noise exceeds the
masking threshold in some critical band, the scale of the spectral components in this
critical band is adjusted to yield a lower quantization noise. FIG. 5 shows a block
diagram of the iteration loops used for quantization and coding. The algorithm is

30 described in more detail in the papers by Johnston and Brandenburg and Seitzer, as
well as the Brandenburg thesis, all cited above. FIG. 5 shows the manner in which a
coder such as the OCF system uses the psychoacoustic threshold and related
information described above to produce the actual bitstream to be transmitted or
stored. Thus, input information on input 500 is assumed to have been appropriately

35 buffered, partitioned into convenient blocks and transformed in the manner described
above. The appropriate variable resolution spectral information is also provided to

i




readlly avail abl e that satisfied our design goals. It proves convenient to
.uyse 80-tap QW filters derived fromJohnston, J. D., "AFilter Famly

Desi gnedfor Use in Quadrature Mrror Filter Banks," | CASSP 1980, pp.
291-294). This 80-tap filter is clearly an overdesign; |ower conputational
conplexity wll clearly suffice. -8-

-4- iIs well known that classical CWF tree filterbanks do

feor i %fmﬁg; FERiaE b BEvshBapoust FURvAeR 8h BriebBe Bl
anal ysi s/ syshgradsinsbléck 5@ prirmtiz guantizatios enblock 562. ma@u@wﬁop)heoqges t5 band
ripple is Belaw 48 B bidckS85  FRY. 5. TR thé SN An R8GbilPthe spectral
information of the input signals is provided on output 515. Side information
5 describing the cycle acoustic evaluation and quantizing processes is then supplied on
outputs 520 and 525. All outputs are conveniently multiplexed into a single bit
stream for transmission or storage.
The Perceptual Entropy (see e.g., Johnston, James D., “Estimation of
Perceptual Entropy Using Noise Masking Criteria,” ICASSP 88, pp. 2524-2527) is
10 an estimate of the information content of a piece of music relative to the capabilities
of the human auditory system. It gives an estimate of the. minimum bit rate necessary
for total transparent coding of a piece of music using a given analysis/synthesis
scheme. As introduced in this last-cited paper by Johnston, the PE is calculated from
the number of quantization levels necessary to code a piece of music at the masking
15 threshold.

J

Using the analysis/synthesis frame work of the hybrid coder, estimates
of the PE have been calculated for different pieces of music. Table 2 lists some of
the results and compares them to the PE measured using other analysis/synthesis
systems. It can be seen that the hybrid coder performs well compared to the older

20 results.
music Old PE New PE
(type) (bits/sample)  (bits/sample)
organ 24 48
suzanne vega .69 ' 54

25 castanets 73 S .52

Table 2: Results of PE measurements
Using the quantization/coding scheme of OCF as described above,

typical results for the hybrid coder have been gathered. The bit rate used was 64

kbit/sec. per channel and the basic block length was 1024 time domain samples. The
30 MDCT was used to compute the output of the combined filter bank from the QMF

tree. The sampling rate of the test pieces was 48 kHz. The signals were coded with a

bandwidth of up to 20 kHz. Out of the 1362 bits available for each block at 64 kb/s,

226 bits were used to code side information.

| A second generation perceptual coder using enhanced time/frequency

35 resolution has been described. A tonality metric, calculated on a frequency by

frequency basis, is combined with the calculation of the coder’s noise threshold at
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perfect reconstruction. The output signals of the QW-tree are
.filtered again, this tinme using a windowed transformto get a conputati onal
effective filter bank 210-213 with many channels. The wi ndow used is a sine
wi ndow, using 50 % overlap of the analysis blocks. Two different transforns
have been used for this purpose. The fi9st transformthat may be used is a
classical DFT, which calculates 65 or 129 (|l owest frequencies) conpl ex

crit cal |y S PORCO e o avidR s vrealF R iesb il DANE ks B¥lanr oy

lines can lweveation ﬂwsnm@ddescpqrﬁmm@acq thet mmmeaﬂaeombmm known eeding Plel y, a

nodi fi ed r%_l(%dggd‘) S % ghburg, K : "Ein Beitrag zu den
Verfahren u er ‘Qudl 1 taets eurte fuer hochwertige Muisi kcodj erung,
(in German), Ph.D. Awieseder uum%im %%@Mgé%%&m coRHTICid P

descri begl kg tthé adhGRBcribbd aBov@Becse 4f the Bﬁﬁdice&nme/fmqu&&;band/

Transform Cod f%ﬁé g | t.er Bank, DeS|gnns Base I n.Aliasing
Cancel | at i &%F°; ut’r 83 bY the Rresegs inveptic (?BH'FSP‘)BW“&(?BB%‘{CF@%F@&:W and
Signal Pr o&e&&nﬁl@hbﬂﬁﬁ&oﬁaﬂ pp. 2161-2164 may be used. This technique
Sy RIS e HES DR, QAN B il
quant i zed appitgigpaatdhegoded Fﬁp&f% @%@fmds%’lmlﬁﬁfmm the system
conbi negy f irkireiRaaloy G, 3. fTh ParHRALY, the Sféckai dforatatids afd kiaeaﬁfohﬁahon,
after demultiplexing if required, is used to reconstruct the original input signal. With
the information describing the cycle acoustic evaluation and quantizing process,
including global gain, quantizer step size, scaling factors, bit allocations and the like,
all information necessary to reconstruct the sampled time domain signal from its
15 . frequency components is present at the receiver/decoder. Information about the
non-uniform frequency and time resolution (both as a function of frequency) will
also be used at the decoder. Well known digital to analog conversion will also be
provided when it is required to create equivalent analog signals for reproduction of
the original analog signal with high fidelity, e.g., on a loudspeaker.
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frequencies and 187.5 Hz at high frequencies, with a correspondi ng
.difference in time resolution. Wiile the time resolution is illustratively
guanti zed to powers of 2, advances in the anal ysis/synthesis nmethod wll
provide nore range in time/frequency resolution as well as |ess
guanti zati on. Dependi ng on the frequen(_:yolgand, the characteristics of the
filter bank are simlar to an MDCT filterbank of block Iength 1024 at |ow _,
frequenci es and 128 at high frequencies. Thus, the frequency resolution at
| ow frequencies is sufficient for th&IPENGtual nmodel, and the time
resolution at high frequencies is short enough for pre-echo control w thout
addi tional algorithmc accommdation. Table 1 shows tine and frequency
resol ution %al ues fOft $HER Pfied filter bank used in the hybrid coder.
subroutine strt()

c sets up threshold generation tables, ithr and bval
5 real freq(0:25)/0.,100.,200.,300.,400.,510.,630.,770.,
1 920.,1080.,1270.,1480.,1720.,2000.,2320.,2700.,
1 3150.,3700.,4400.,5300.,6400.,7700.,9500.,12000.,15500.,
1 25000./
common/thresh/ithr(26),bval(257),rnorm(257)
10 common/absthr/abslow(257) -

common/sigs/ifirst

c ithr(i) is bottom of crital band i. bval is bark index

c of each line

write(*,*) "what spl will +-32000 be -> "
15 read(*,*) abslev
abslev=abslev-96.

abslow=5224245.*5224245./exp(9.6*alog(10.))

ifirst=0

write(*,*) *what is the sampling rate”
20 read(*,*) rzotz '

fnyg=rzotz/2.
c nyquest frequency of interest.

ithr(1)=2.
Ci=2

25 10 . ithr(i)=freq(i-1)/fnyq*256.+2.
i=i+l

if (freq(i-1) .1t. fnyq) goto 10 et Has Boen Re ilace d
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-5 - Lower bound Upper bound Frequency Ti me Time in

. Frequency in Frequency Resol uti on Resol uti on Resol ution Hz
Hz Hz sanpl es nS 0.0 3000.
23. 4 1024 21.3 3000. 6000. 46. 8
512 10.7 6000. 1200047 . 93.6 256
5.3 12000 24000 187.2 128 2.7

Table 1. Tine and frequency resolution of the analysis/synthesis filterbank
The maski ng t hr eshol get3 ghretborameef obs ng the structure of the output signal
of the filterbank. ﬁﬁg,pgggyyﬁtlon is done for "superblocks" containing
eight "tinme slices" correspondlng to the nunber of high-frequency
transforns in the low frequency transforminterval. The signal energy in
the lower frequency band is distributed equally between the 8 tinme slices,

and that of the mddle frequgncies . e ording to their transform.
rate. The "Superbl ocROW Fggﬁt "3’% F’gi”é'ﬂ b\ﬁ?e%?téif?%c 3. Then the
threshold is calculated for each of the 8 tinme slices using

bval(1)=0

5 ¢ first, figure out frequency, then ...
do i=2,257,1

fre=(i-1)/256.*fnyq
c write(*,*) i,fre

. fre is now the frequency of the line. convert
10 ¢ it to critical band number..

do j=0,25,1

if ( fre .gt. freq() ) k=j
end do _
c so now, k = last CB lower than fre
15 ~ rpart=fre-freq(k)
range=freq(k+1)-freq(k)
bval(i)=k+rpart/range
end do

rnorm=1
20 do i=2,257,1
tmp=0

. do j=2,257,1
tmp=tmp-+sprdngf(bval(j),bval(i))

i



i nproved nethods simlar to those in Johnston, J.D.: "Transform Codi ng of

. Audi o Signals Using Perceptual Noise Criteria," |EEE Journal on Sel ected
Areas in Comruni cations, Vol. 6 (1988), pp. 314-323. The threshol d val ues
for transforns spread across nore than 1 tine slice are then added up, to
give the estimate of the masking threshehd with the appropriate tine
resolution for the critical bands contaified in each transform bl ock
Critical band boundaries are aligned with the subband boundaries, resulting
in 25 critical bandsmorm(i)=tmp The actual quantizer and coder nust add
no nore noi se than ig&&&gted by the estimated masking threshold in order to
code the signal transparently, according to the threshold nodel.
CALCULATI ON OF TONALITY D fferent values for the masking
threshol d for narrowshapd1Sidb@ s have been reported in literature for tone
maski ng noi se and noi se as a masker. See e.g., the Hellman and Scharf

ref erences, above. In the Johnston reference, above, the spectral flatness
measure wascgused to gal<ybsr,e a global "tonality! of the short tine

spectrumoof the signal. [Ihis tonallty then used to interpolate
bet ween tnhe®nmaski ng Wﬁéhallnb‘?ag@ﬁ#‘agg%m%\eﬁfmn and Scharf. A problem

has been foand with ehddaoti on of a global tonality:
call openas(0,’ fust/jj/nsrc/thriry/freqlist’,0)

do i=2,257.1
read(0,*) ii,db

10 " if(ii.ne.i)then
write(*,*) 'freqlist is bad.’
stop
end if

db=exp((db-abslev)/10.*alog(10.))
15 ¢ . write(*,*) i,db

abslow(i)=abslow(i)*db

end do

abslow(1)=1.
20 write(*,*) *lowest level'is ’, sqrt(abslow(45))

return
end

c Timsshold calculation pr;)gram - This Sheet Has Been Replaced
el (]
25 . real r(257),phi(257) .
- real ri(257) |
real thr(257) _
commons/blnk/ or{257),0phi(257),dr(257),dphi(257)



6 . Some signals, especially speech signals or an "a capella"
. singer (see FIG 4), show a spectrumwi th "tonal" parts (low harnonics of
the pitch frequencies) and "noi sy" parts of considerable energy at high
frequencies. The result of the neasurenent of a gl obal spectral fl atness
measure w || not show that parts of theygignal are very tonal (i.e.,
coherent fromtransformblock to transformblock). Further, i.e., even if

the tonality is estinmated rrect for the sensitive (tonal) parts of such
a signal, the for wl%P‘E@@U):bgﬂf?@‘(hépd will lead to a very conservative

maski ng threshol d at rei gbhd(@5T ST EPhi(REBr eby requiring an excessive bit
rate. Ex | h ¢ hanged estimated maski ng threshol ds
e sults of HRPLB Tctiddsh

common/absthr/abslow(257)

5 ' common/thresh/ithr(26),bval(257),rnomm(257)
common/sigs/ifirst

r=max(rt,.0005)
bealc=1.

10 if (ifirst .eq. 0) then
or=0.
othr=1¢20
ophi=0
dr=0
15 - dphi=0
ifirst=1
end if

this subroutine figures out the new threshold values

using line-by-line measurement.

20 tr=or+dr
tphi=ophi+dphi

dr=r-or
dphi=phi-ophi

or=r
25 ophi=phi
alpha=sqgrt((r*cos(phi)-tr*cos(tphi}))

1 *(r*cos(phi)-tr*cos(tphi))
2 H(r*sin(phi)-tr*sin(tphi))

heet Has Been Reﬁaced
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the different approach to the estimation of the masking threshold taken in
Br.andenburg, K : "Ein Beitrag zu den Verfahren und der
Qual i t aet sbeurteilung fuer hochwertige Misi kcodi erung,” (in German), Ph.D.
t hesi s, Universitaet Erlangen-Nuernberg 1989, caused a search for a new
tonality neasure. As used Lpgone aspect of the present
invention to estimte the anmount of masking by a signal tonality, is
nodel ed not as a gl obal,, val ., but. as,.a,characteristic local to a critical
3 etomfelid-= Halohi)

band or even a single the context of the illustrative
hybrid coder, this | oddk raabs{tf)tsl.)i s esti mated by a coherence neasure:
For each spectral co el # %— subband or transform coefficient) a
coherence neasure is ed. This is done using a sinple prediction,

cal cul ated i® pol ar cWMtsébcphwﬂgbtfédmhé)’(qumne Several predictors
were tested, and the one described bel ow was sel ected on the basis of
perforrrance. Let r(tf) be the radius of the spectral val ue at

time t and frequency f and [err](t,f) the phase value at t and f.
The predlgted val ue ofiphaa#el [err] at tine t are calculated as: f(t, f

)=r(t- 1, 2+(r( t- néw,thlenértgy%mfc)&h

c line. Must spread.
c write(*,*) "before spreading’
thr=0.
10 bealc=0.
cvd$l cncall

doi=2,257,1

cvd$l . cncall
do j=2,257,1

15 glorch=sprdngf(bval(j),bval(i))
thr(i)=alpha(j)*glorch+thr(i)
: bealc(i)=alpha(j)*glorch*beta(j)+bcalc(i)
c ~ thris the spread energy, bcalc is the weighted chaos
end do , :
if (thr(i) .eq. 0 ) then
write(*,*) *zero threshold,’
stop '
end if _
bealc(i)=bealc(i)/thr(i)
25 if (beale() .gt. .5) bealc(i)=1.-becalc()
c that normalizes bealc to 0-.5
_enddo

- =

20

0O 0 0.0

¢ ﬁvrite(*,*) *after spreading’
bealc=max(bcalc,.05)

Sheet Has Been Reﬂlaced
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a'nd [rrr](t,f)=[err](t-I,f)+[err](t-1,f)-[err](t-2,f) The Euclidean
. di stance between the actual and predicted values is used to get the new
tonality metric, c(t,f). Then, c(t,f) )=dist(([err](t,f)[err](t,f )),

(r(t,f)ferr](t, f))) (r(t,f)+abs([err](t,f)))
-15-
bealc=min(bcalc,.5)
beale is now the chaos metric, convert to the
tonality metric

bealc=-.43*alog(bcalc)-.299
5 ¢ now calculate DB

bealc=max(24.5,(15.5+bval))*bcalc+5.5%(1.-becalc)

bealc=exp( (-bealc/10.) * alog (10.) ) g
now, bealc is actual tonality factor, for power
space. R
10 thr=thr*rnorm*bcaic
c . threshold is tonality factor times energy (with normalization)
thr=max(thr,abslow) Do
alpha=thr SR
- thr=min(thr,othr*2.) s
15 othr=alpha
c write(*,*) ’leaving thrgen’ '
return B
end e

c . And, the spreading function - L

20 function sprdngf(j,i)
real i,j |
real sptdngf
this calculates the value of the spreadmg funcnon for

- thei’th bark, with the center being the j’th

25 ¢ bark
templ=ij.
temp2=15.811389 +7.5*(temp1+.474)

. temp2=temp2- 17.5*sqrt(1.+ (temp1+.474)*(temp1+.474) )

if ( temp2 .le. -100. ) then.

30 temp3=0.
else

heet Has Been Reilaced
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| f the prediction turns out to be very good, c(t, f) will have val ues near
. zero. On the other hand, for very unpredictable (noisy) signals c(t, f)

will have values of up to 1 with a nmean of 0.5. This "inverse tonality" or
"measure of chaos" is converted to a tonality netric by a sinple
| og-1inear operation. t= [err]Inc-tiéwr] The new tonality netric is

used to estimate the maski ng threshold ‘at each spectral conponent in the
same way as described in the Johnston paper cited above for the old
tonality metric. Thaempagtcmnzflr@f‘l_ail%&(ilﬂg 1 illustrates the processing used
to formc(t,f) int 0 a 512 sanpl e input sequence. The program
of Listing 1 is mwiD?%ﬁQT%&¥%SRQ%||-knomn FORTRAN pr ogramm ng | anguage
descri bed, e.g., i n odAFORTRAN Programer's Handbook, Alliant Conputer
Systens Corp., 1988.spidipfpleapdam is intended for use on general purpose
conput ers mar ket ed 3¥ Al'liant Conputer Systens Corp., but may be readily
adapted for use on frce general purpose or special purpose processors.

In a typical versioremif the hybrid coder in accordance with the present
teachi ngs, the quantization and codi ng schene of the OCF (Opti mum Coding in
t he Frequency domain), system described in Brandenburg, K & Seitzer, D.
"OCF: Coding high Quality Audio with Data Rates of 64 kbit/sec," 85th AES
convention, Los Angel es 1988, has been used. In that anal ysis-by-synthesis
schene the spectra

This Sheet Has Been Replaced -
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conponents are first quantized using a nWhuni form quantizer. In the inner
, Iteration loop (rate loop) the count of bits needed to code the quantized
val ues using an entropy code is conpared to the nunber of available bits.

Dependi ng on the rati'o of actual over ﬁﬁh
size is adjusted, en

| oop) conpares act ual
t he estimated maski ng threshol d.
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- 8 - Dblock 504 which provides the psychoacoustic eval uation for weighting
. frequency signals in block 501 prior to quantization in block 502. The
actual entropy coding is represented by bl ock 503—+nA-FLG_. 5. Thus the

i nformation describing the spectral information of the input signals is
provi ded on output 515. Side informati-ol8édescri bi ngmm” tic
eval uation and quanti zing processes is then suppli®k ﬁmﬂmmﬁm and
525. Al ou‘taf%ut s, are conveniently multiplexed into a sindgl e®bi§ siream for
transm ssio WS‘Storage. The Perceptual Entropy (see e.g.,
Johnst on, Janes D. L. "Asietiosk of proesissipg an epdeged timaseqnspca rf angiogigrals Maski ng
Griteria " |CASSRA AR biBlfks F34ApR3AA bt BRipgmge Of the information

content of "a prece of nmusic relative to the capabilitige
determining a discrete short-time spectrum, S(e;), i=sl, 2,...,N, for each

5 of said biocks,
determining the value of a tonality function as a function of frequency,

and
based on said tonality function, estimating the noise masking threshold
for each of ®;,
10 CHARACTERIZED IN THAT

said step of determining S(0;) comprises determining S(w;) with
differing time and frequency resolution as a function of ®;,

2. The method of claim 1 further
CHARACTERIZED IN THAT
15 said step of determining S(ax) comprises determining S(;) with
frequency and time resolution approximating that of human auditory response.

3. The method of claim 1 further
CHARACTERIZED IN THAT
predicting, for each block, an estimate of the values for each S(;) based
20 on the values for S(;) for one or more prior blocks,

, determining for each frequency ®; a randomness metric based on
respective ones of the predicted value for S(a;) and the actual value for S(a;) for
each block, :

said method further comprises the step of
25 quantizing said S(w;) based on said noise masking threshold at
respective ;.

4. The method of claim 3 further
CHARACTERIZED IN THAT
said step of predicting comprises,
30 for each w;, forming the difference between the value of S(c;) for the
corresponding a; from the two preceding blocks, and

This Sheet Has Been Replaced
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of the human auditory system It gives an estimate of the mnimumbit rate
.necessary for total transparent coding of a piece of nusic using a given
anal ysi s/ synt hesis schene. As introduced in this | asmm

Johnston, the PE is calculated fromthe nunber of qu Hgmmnﬂ[mﬂm
necessary to code a piece of nusic at thgmasking threshdldt

Usi ng the anal ysi s/synthesis frame work of the hybri d coder, estinmates of
t he PE have been cal cul ated fo % di fferent p| ceswg nmus,| c. Table 2 Ilsts

some of the results addingsugslitferensede the valnefopS(nofam te immed
anal ysi s/syrﬁrg&ai m,ems It can be seen that the hybrid coder performs

wel | conpared to the older results. _ musi c ad

PE New PE (type) (bi ts/sanple)

(bits/sanple) 5. The method of claiyad, .24 .48

suzanne vega .6 ?Am{ castanets .73
.52 %HARAqrEbl esul ts of PE neasurenents

Usi ng t heSquanti zati smﬁéé@:)ngmmdm teODF of s taguitudscnd pbases and Mcal

resul ts for difgeh¥d dia&mq% S&ShratEly ' ToF 66th rdiRithiid adPHasd's s 64

kbit/sec. per chann&} and ﬂg ba5| c bI ock’l ength was 1024@I%rre dngr’r(aa?/‘%

sanpl es. The
6. The method of claim 3,

CHARACTERIZED IN THAT
said determining of said randomness metric is accomplished by
10 calculating the euclidian distance between said estimate of S(®;) and said actual
value for S{(w;). SR

7. The method of claim 6,
_CHARACTBRIZED IN THAT
said determining of said randomness metric further comprises
15 normalizing said euclidian distance with respect to the sum of the magnitude of said
actual magnitude for S(w;) and the absolute value of said estimate of S(w;).

8. The method of claim'1,
CHARACTERIZED IN THAT
said estimating of the noise masking threshold at each ®; comprises
20 . determining the energy of sa1d audio signal at e, and said method
further comprises -
spreading said energy values at a ngen @; to one or more adjacent
frequcncles, thereby to generate a spread energy spectrum, and
determining a desired noise level at each ®; based on said tonality
25 function and said spread energy spectrum for the respective ;. '

9. The method of claim 8, wherein said estimating of the noise masking
threshold function further comprises modifying said threshold function in response
to an absolute noise masking threshold for each a); to form a limited threshold
function. '

30 10. The method of claim 9,
Sheet Has Been Tlaced
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MDCr was used to conmpute the output of the conbined filter bank fromthe
. QW tree. The sanpling rate of the test pieces was 48 kHz. The signals were
coded with a bandwi dth of up to 20 kHz. Qut of the 1362 bits—avail able for

each bl ock at 64 kb/s, 226 bits were used to code side g

A second generation perceptual coder &9 enhanced tjﬂ’ﬂiﬂmaﬂﬂl ’ull
resol ution has been described. A tonall y netric, cal ency
by frequency basis, |s combined with the cal cul ation of the coder noi se
threshol d at HARACTERIZED IN THAT -9 - each
frequency in order ts&&h@&bd@uﬁ:&w&bhﬁng%&ﬂ?ﬂfkmmwﬁu@ The

resent
P function to eliminate any existing pre-echoes, thereby generating an output threshold
function value for each ;.

5 - 11. The method of any of claims 1, 8, 9 or 10, further
CHARACTERIZED IN THAT
said method further comprising the steps of
generating an estimate of the number of bits necessary to encode S(w;)
quantizing said S{e) to form quantized representanons of said S(w;)
10 using said estimate of the number of bits, and
providing to a medium a coded representation of said quantized values
and information describing about how said quantized values were derived.

12. A method for decoding an ordered sequence of coded signals
comprising first code signals representing values of the frequency components
15 corresponding to a block of values of an audio signal and second code signals
representing information about how said first signals were derived to represent said
audio signal with reduced perceptual error, said method comprising
using said second signals to determine quantizing levels for said audio
signal which reflect a reduced level of perceptual distortion,
20 reconstructing quantized values for said frequency content of said audio
signal in accordance with said quantizing levels, and
transforming said reconstructed quanuzed spectrum to recover an
~ estimate of the audio signal,
CHARACTERIZED IN THAT
25 said frequency components have variable time and frequency resolution.

13. The method of claim 12
CHARACTERIZED IN THAT
said second signals identify the variation of said resolution as a function
of frequency, and. ' .
30 .said reconstructing comprises using said second signals to effect scaling
" of said quantized values.

14. The method of claim 12
: This Sheet Has Been RTlaced
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I nvention thus provides performance that conpares faVOT—abe-WLh_ known_
-coding of high quality digital audio at low bit rates. '
decoder in accordance with the above teaching can be cﬁu mmgm ng
t he approach descri bed above. Because of the enhanced wm
resol ution provided by the present invepgion, correspondi ng enhfancied *
processing is acconplished at a decoder. I nformation used at a
recei ver or decoder ec i gi nal input signal at the coder
is, of course, that mﬁg@@mromthe systemrepresented by FIG
5. In particular, tmmemmbﬁmguﬁmnpﬁae'sapplgmg asgldbaligainofanter based omf t er
denultlplex Is used to reconstruct the original input
%fﬁgﬁ%&c %%hmaflon

si gnal . describing the cycle acoustic evaluation and
quanti2|ng process, including global gain, quantizer step size, scaling

reconstTuct the samsen ool bcattid2 L Fromits frequency components is
pr esent & the recei PM%#Wl on about the non-uniform

frequency and tine rsaikblevbnstrictingédmprises dewenminingnquaitizeratspesize/ds avi | | al so
be used at he dECf digital to anal og conversion will also

: ]k
Févqn\é\gﬁ?lpg@% create equival ent anal og signals for

be provided
reproduction of the ori gi nal anal og signal with high fidelity, e.g., on a
| oudspeaker. 16. The method of claim 12
CHARACTERIZED NTHAT
10 said second signals include information about the degree of coarseness

of quantization as a function of frcquency component.

17. The method of claim 12 A
 CHARACTERIZED IN THAT
_ said second signals include information about the number of values of
15 said audio signal that occur in each block.

18. Apparatus for processing an ordered time sequence of audio signals
partitioned into blocks of samples comprising, :
means for determining a discrete short-time spectrum, S(ay;), i=1,
2,....N, for each of said blocks,
20 - - means for determmmg the value of a tonality function as a function of
frequency, and
means for estimating the noise maskmg threshold for each of &y, in
response to said tonality function,
said means for determining further comprises
25 means for determining S(w;) with differing time and frequency
resolution at different values of ;,

19. The method of claim 1 further
CHARACTERIZED IN THAT
said means for determining S(0;) comprises determining 'S(wx} with
30 frequency and time resolution approximating that of human auditory response.
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- 10- LI STI NG |
. routine subroutine strt() c
generation tables, ithr and bval r eal
freq(0:25)/0.,100., 200., 300., 400., 510., 630., 770.,
920.,1080.,1270.,1480., 1720., 2000., 232@2,.2700. ,

3150., 3700. , 4400., 5300., 6400., 7700. , 9500., 12000., 1550

25000. / 20. The apparatus of claim 18

CHARACTERIZED IN THAT
said means for determining S(;) comprises

c

First startup

sets up threshold

|

* € L

iy

means for partiiioning said audio signal into a plurality of frequency

5 subband, and

means for determining the short-time spectrum for each subband.

21. The apparatus of claim 20
CHARACTERIZED IN THAT

said means for partitioning comprises quadrature mirror filter means.

10 - 22
The apparatus of claim 21
CHARACTERIZED IN THAT

said quadrature mirror filter means comprises a tree structural array of

quadrature mirror filters.

i

I
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common/ t hresh/ it hr (26), bval (257), rnor n( 257)

- conmon/ abst hr/ absl oW 257) comon/sigs/ifirst c
ithr(i) is bottomof crital band i. bval is bark index c of
l'ine wite(*,*) "what spl will +-32000 be ->'
read(*,*) abslev absl ev=abs2®v- 96.
absl ow=5224245. *5224245. [ exp(9. 6*al og(10.)) I first=0
write(r,®) "what is they3yHiy PERCEPTUAL AUDIO CODING
Abstract

A hybrid coding technique for high quality coding of audio signals,
using a subband filtering technique further refined to achieve a large number of
5 subbands. Noise masking thresholds for subbands are then determined using a new
tonality measure applicable to individual frequency bands or single frequencies.
Based on the thresholds so determined, input signals are coded to achieve high
quality at reduced bit rates.
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read(¥,*)

rzotz fnyg=rzotz/2. c nyquest frequency
-of interest. ithr(l)=2. =2 10
ithr(i)=freq(i- |)/fnyq*256. +2. i =i+l if (freq(i
It. fnyq) goto 10
1/3
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HYBRID PERCEPTUAL AUDIOCODING
Field of the Invention
The present invention relates to coding of time varying signals, such as
audio signals representing voice or music information.

Background of the Invention

In recent years several advanced bit rate reduction algorithms for high
quality digital audio have been proposed (see e.g., Schroeder, E.F. & Voessing, W.:
"High quality digital audio encoding with 3.0 bits/sample using adaptive transform
coding," 80th. AES-convention Montreaux 1986, Preprint 2321 (B2); Theile, G. &
Link, M. & Stoll, G.: "Low bit rate coding of high quality audio signals,” 82nd AES
convention, London 1987, Preprint 2432 (C-1); Brandenburg, K.: "OCF - A new
coding algorithm for high quality sound signals," in Proc. of the 1987 Int. Conf. on
Acoust., Speech and Signal Proc. ICASSP 1987, pp. 141-144; and Johnston, J.D.:
“Transform Coding of Audio Signals Using Perceptual Noise Criteria,” IEEE Journal
on Selected Areas in Communications, Vol. 6 (1988), pp. 314-323). Nearly
transparent quality can be achieved at bit rates down to 64 kbit/sec. using frequency
domain approaches (see e.g., Brandenburg, K. & Seitzer, D.: "OCF: Coding High
Quality Audio with Data Rates of 64 kbit/sec,” 85th AES convention, Los Angeles
1988; Johnston, J.D.: "Perceptual Transform Coding of Wideband Stereo signals,”
pp. 1993-1996, ICASSP 1989; and Theile, G. & Stoll, G. & Link, M.: "Low bit-rate
coding of high quality audio signal. An introduction to the MASCAM system,”
EBU Review- Technical, No. 230 (August 1988), pp. 71-94).

FIG. 1 shows the basic block diagram common to all perceptual
frequency domain coders.
A filterband 101 is used to decompose the input signal into subsampled spectral
components. The subsampled spectral components are then used to calculate an
estimate of the actual (time dependent)) masking threshold in block 102 using rules
known from psychoacoustics (see e.g., Zwicker, E.: "Psychoakustik” (in German),
Berlin Heidelberg New York 1982; Hellman, R. P.: "Asymmetry of masking
between noise and tone, Perception and Pyschophysics," Vol. 11, pp. 241-246, 1972;
and Scharf, B : Chapter 5 of Foundations of Modern Auditory Theory, New York,
Academic Press, 1970). The spectral components are then quantized and coded in
block 103 with the aim of keeping the noise, which is introduced by quantizing,
below the masking threshold. Depending on the algorithm this step is done in very

different ways, from simple block companding to analysis by s K CE tems
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mrnel ./rnorm ¢ do i=1,257,1 ¢ weite(* *) i, bval (i),

"10. *al og10(norm(i)) c end do REPEACEMENTS ]
openas(O '/usr/jj/nsrc/thrtry/freqlist’ ,_O)) ] &6 ﬂ;&(l )
read(Q *) ii,db if (11 ne. i thgnt wite(*,*
'freglist is bad.’ st op gnd 29 OCT 1996
db=exp((db-absl ev)/ 10. *al 0g(10.)) c -2- wli tte(*, *) idb

using additional noiseless compression.

Finally, 2 multiplexer 104 is used to assemble the bitstream, which
typically consists of the quantized and coded spectral coefficients and some side
information, e.g. bit allocation information.

There are two filterbank designs commonly used in the above
arrangement. One type is the so-called tree-structured filterbank (see e.g. QMF

 filterbank; described in Jayant, N. S. & Noll, P.: Digital Coding of Waveforms:
Principles and Applications to Speech and Video, Englewood Cliffs 1984) which are
designed with the filter bandwidth of the individual bands set according to the
critical bands as known from psychoacoustics. Also known are those filter banks
used in transform coders (see e.g., Jayant, N. S. & Noll, P.: above, and Zelinski, R.
& Noll, P., "Adaptive Transform Coding of Speech Signals," IEEE Trans. on
Acoustics, Speech and Signal Processing, ASSP-25 (1977), pp. 299-309) which use
a windowed transform to implement a filter bank with equal bandwidth filters with
low computational complexity. Transform coders typically calculate 128 to 1024
spectral components, which also can be grouped by critical bands.

The basic problem of the design of an analysis/synthesis system for use
in high quality digital audio coding is the trade-off between time domain and
frequency domain behavior: If more spectral components are used, the masking
functions can be estimated with better accuracy. In addition, a higher decorrelation
of the spectral components, and therefore a higher coding gain, can be achieved. On
the other hand, a higher spectral resolution necessitates less time resolution, which
leads to problems with preechoes (see e.g., Vaupelt, Th.: "Ein Kompander zur
Unterdrueckung von hoerbaren Stoerungen bei dynamischen Signalpassagen fuer ein
Transfor- mationscodierungsverfahren fuer qualitative hochwertige Audiosignale
(MSC)", (in German), ITG Fachbericht 106, pp. 209-216; and Brandenburg, K.
"High quality sound coding at 2.5 bit/sample," 84th AES Convention, Paris 1988,
Preprint 2582) and longer processing delay.

Summary of the Invention

The present invention provides structure and methods which seek to
overcome the limitations of the prior art through a closer match to the processing of
audio signals by the human ear. More specifically, the present invention models the
ear as a filterbank, but with differing time and frequency resolution at different
frequencies. Thus the-present invention provides an analysis framework that
achieves a better fit to the human ear. .




absl ow(i ) =absl ow(i ) *db end do REPLACENH’E)\SHEE?

"write(*,*) 'lowest level is ',sqgrt(abslow45))

end c Threshol d cal cul ati on program o] t ne
thrgen(rt, phi,thr) real r(257), phi (457) 29“"7%
rt(257) real thr(257) -3- C @ M¥eR~B-rit

or (257), ophi (257), dr (257), dphi (257)

The hybrid coder of the present invention, in typical embodiment, uses a
quadrature mirror filter to perform an initial separation of input audio signals into
appropriate frequency bands. This filtered output is again filtered using a windowed

transform to achieve the effect of a computationally effective filter bank with many
channels.

Masking thresholds for the filtered signals are then determined using a
"superblock” technique. As in earlier work by the present inventors, a “tonality"
measure is used in actually developing appropriate masking thresholds. In the
present invention, however, an improved tonality measure that is local to critical
bands, or even a single spectral line, is used. Advantageously, well known OCF
coding and quantization techniques are then used to further process the perceptually
coded signals for transmission or storage.

Brief Description of the Drawing

FIG. 1 shows a general block diagram of a perceptual coder.

FIG. 2 shows a basic analysis system used in the hybrid coder of the
present invention in the context of a system of the type of the type shown in FIG, 1.

FIG. 3 shows a time/frequency breakdown of the hybrid analysis
structure of FIG. 2.

FIG. 4 shows a short time spectrum of a test signal.

FIG. 5 shows a block diagram of the iteration loops of a typical
implementation of the present invention.,

Detailed Description

THE NEW ANALYSIS/SYNTHESIS FILTERBANK

The hybrid coder in accordance with an illustrative embodiment of the
present invention uses a hybrid QMF/Transform filterbank. FIG. 2 shows the basic
analysis/synthesis system. The time domain values are first filtered by a
conventional QMF-tree filterbank 201-203. This filterbank is used to get 4 channels
with 3 to 12 kHz bandwidth (frequency resolution) and, accordingly, 2 to 8 sample
time resolution. The QMF filterbank was chosen only because optimized filters were
readily available that satisfied our design goals. It proves convenient to use 80-tap
QME filters derived from Johnston, I. D., “A Filter Family Designed for Use in
Quadrature Mirror Filter Banks,” ICASSP 1980, pp. 291-294). This 80-tap filter is
clearly an overdesign; lower computational complexity will clearly suffice.



-13-

+al pha(257),tr(257), tphi (257) real bef a(257), bcal c(R5)7)
common/ abst hr/ absl ow( 257) common/ § hi eh@ i1 199%6)
, bval (257), mor m( 257) comon/.si gs/i §i st :

r=max(rt,.0005)

comon/ bkkl / ot hr ( 257) REPLACEMENT SHEET
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It is well known that classical QMF-tree filterbanks do not yield "perfect
reconstruction” of the input signal. However, 80 tap filter illustratively used yields
near perfect reconstruction of the analysis/synthesis filter bank in the sense that the
sum of the pass band ripple is below 16 bit resolution. Thus, rounding leads to
perfect reconstruction. '

The output signals of the QMF-tree are filtered again, this time using a
windowed transform to get a computational effective filter bank 210-213 with many
channels. The window used is a sine window, using 50 % overiap of the analysis
blocks. Two different transforms have been used for this purpose. The first
transform that may be used is a classical DFT, which calculates 65 or 129 (lowest
frequencies) complex lines. In this approach the analysis- synthesis filterbank is not
critically sampled. On the other hand, prediction of the complex frequency lines can
be easily used to reduce the data rate further. Alternatively, a modified DCT
(MDCT) as used in Brandenburg, K.: "Ein Beitrag zu den Verfahren und der
Qualitaetsbeurteilung fuer hochwertige Musikcodierung,” (in German), Ph.D. thesis,
Universitaet Erlangen-Nuemnberg 1989 and described first in Princen, J. & Johnson,
A., Bradley, A.: "Subband / Transform Coding Using Filter Bank Designs Based on
Time Domain Aliasing Cancellation", in Proc. of the 1987 Int. conf. on Acoustics,
Speech and Signal Processing ICASSP 87, pp. 2161-2164 may be used. This
technique calculates 64 or 128 frequency values per subband and is critically
sampled. Using this MDCT approach, only half the samples have to be quantized
and encoded as compared to the DFT solution. .

The combined filterbank has a frequency resolution of 23.4 Hz at low
frequencies and 187.5 Hz at high frequencies, with a corresponding difference in
time resolution. While the time resolution is illustratively quantized to powers of 2,
advances in the analysis/synthesis method will provide more range in time/frequency
resolution as well as less quantization. Depending on the frequency band, the
characteristics of the filter bank are similar to an MDCT filterbank of block length
1024 at low frequencies and 128 at high frequencies. Thus, the frequency resolution
at low frequencies is sufficient for the perceptual model, and the time resolution at
high frequencies is short enough for pre-echo control without additional algorithmic
accommodation. Table 1 shows time and frequency resolution values for the
combined filter bank used in the hybrid coder.



bcal c=I. . If (ifirst .eq. 0) then or =0,

"ot hr=1e20 ophi =0 dr=0 dphi =0
ifirst=1 end if ¢ this subroutine figures out the new
t hreshol d val ues c using line-by-Iine measurenent.
tr=or +dr t phi =ophi +dphi 5. dr=r-or
dphi =phi - ophi

Lowerbound Upperbound Frequency Time Time
in Frequency  in Frequency Resolution Resolution  Resolution

Hz Hz Hz samples mS

0.0 3000. 234 1024 21.3

3000. 6000. 46.8 512 10.7

6000. 12000. 93.6 256 53

12000 24000 187.2 128 2.7

Table 1: Time and frequency resolution of the analysis/synthesis
filterbank

The masking threshold i§ estimnated using the structure of the output
signal of the filterbank. The computation is done for "superblocks” containing eight
“time slices” corresponding to the number of high-frequency transforms in the low-
frequency transform interval. The signal energy in the lower frequency band is
distributed equally between the 8 time slices, and that of the middle frequencies
distributed according to their transform rate. The "superblock™ allocation is shown
in FIG. 3.

Then the threshold is calculated for each of the 8 time slices using
improved methods similar to those in Johnston, J.D.: "Transform Coding of Audio
Signals Using Perceptual Noise Criteria," IEEE Journal on Selected Areas in
Communications, Vol. 6 (1988), pp. 314-323. The threshold values for transforms
spread across more thdn 1 time slice are then added up, to give the estimate of the
masking threshold with the appropriate time resolution for the critical bands
contained in each transform block. Critical band boundaries are aligned with the
subband boundaries, resulting in 25 critical bands.

The actual quantizer and coder must add no more noise than indicated
by the estimated masking threshold in order to code the signal transparently,
according to the threshold model.

CALCULATION OF TONALITY

Different values for the masking threshold for narrow band signals have
been reported in literature for tone masking noise and noise as a masker. See e.g., the
Hellman and Scharf references, above. In the Johnston reference, above, the spectral
flatness measure was used to calculate a global "tonality" of the short time spectrum
of the signal. This tonality measure was then used to interpolate between the
masking threshold formulas from Hellman and Scharf. A problem has been found

with the notion of a global tonality:
REPLACEMENT SHEET
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or-=r

1 *(r*cos(phi)-tr*cos(tphi))

14-

ophi =phi al pha=sqrt ((r*cos(phi)-tr*cos(tphi))
2 +(r*sin(phi)-tr*sin(tphi))

-6-

Some signals, especially speech signals or an "a capella” singer (see
FIG. 4), show a spectrum with "tonal" parts (low harmonics of the pitch frequencies)
and "noisy” parts of considerable energy at high frequencies. The result of the
measurement of a global spectral flatness measure will not show that parts of the
signal are very tonal (i.e., coherent from transform block to transform block).
Further, i.e., even if the tonality is estimated correctly for the sensitive (tonal) parts
of such a signal, the formula previously used will lead to a very conservative
masking threshold at high frequencies, thereby requiring an excessive bit rate.

Experiments with changed estimated masking thresholds and results of
the different approach to the estimation of the masking threshold taken in
Brandenburg, X.: "Ein Beitrag zu den Verfahren und der Qualitaetsbeurteilung
fuer hochwertige Musikcodierung,” (in German), Ph.D. thesis, Universitaet
Erlangen-Nuernberg 1989, caused a search for a new tonality measure.

As used in one aspect of the present invention to estimate the amount of
masking by a signal tonality, is modeled not as a global value, but as a characteristic
local to a critical band or even a single spectral line. In the context of the illustrative
hybrid coder, this local tonality is estimated by a coherence measure:

For each spectral component (= subband or transform coefficient) a
coherence measure is calculated. This is done using a simple prediction, calculated
in polar coordinates in the complex plane. Several predictors were tested, and the
one described below was selected on the basis of performance.

Let r(t,f) be the radius of the spectral value at time t and frequency f and
¢{t,f) the phase value at t and f.

The predicted value of r and ¢ at time t are calculated as:

1t D=r(t-1, DHr(t-1,D~10-2,1)

and §(t, =(t~1,H+6(t—1,H)-9(t-2,5)

The Euclidean distance between the actual and predicted values is used to get the
new tonality metric, c(t,f). Then,

ot 5= SSUED: 6(6.0), (6.0, 06 5)) REPLACEMENT SHEET
(e, fy+abs(B(t. £))) |
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3 *(r*sin(phi)-tr*sin(tphi))) a1/ REPLAGEWMSHEET_

"bet a=al pha c now, beta is the unwei ghﬂr tonalrty rac :
al pha=r*r ¢ now, the ener gy is in eac | i he} Muist
spr ead. C wite(*,*) 'before spreadl . 29.0CT 9% t hr =0
bcal c=O cvd$l cncal | .o i =2, P5F+%

If the prediction turns out to be very good, c(t,f) will have values near
zero. On the other hand, for very unpredictable (noisy) signals c(t,f) will have values
of up to 1 with a mean of 0.5. This "inverse tonality" or "measure of chaos” is
converted to a tonality metric by a simple log-linear operation.

t= alnc+P
The new tonality metric is used to estimate the masking threshold at each spectral
component in the same way as described in the Johnston paper cited above for the
old tonality metric. The program in Listing 1 illustrates the processing used to form
c(t,f) in the context of a 512 sample input sequence. The program of Listing 1 is
written in the well-known FORTRAN programming language described, e.g., in
Fx/FORTRAN Programmer’s Handbook, Alliant Computer Systems Corp., 1988.
The program is intended for use on general purpose computers marketed by Alliant
Computer Systems Corp., but may be readily adapted for use on other general
purpose or special purpose processors.

In a typical version of the hybrid coder in accordance with the present
teachings, the quantization and coding scheme of the OCF (Optimum Coding in the
Frequency domain), system described in Brandenburg, K. & Seitzer, D.: "OCF:
Coding high Quality Audio with Data Rates of 64 kbit/sec,” 85th AES convention,
Los Angeles 1988, has been used. In that analysis-by-synthesis scheme the spectral
components are first quantized using a nonuniform quantizer. In the inner iteration
loop (rate loop) the count of bits needed to code the quantized values using an
entropy code is compared to the number of available bits. Depending on the ratio of
actual over available bits the quantization step size is édjusted, leading to a different
number of bits needed to code the block of quantized values. The outer iteration
loop (distortion control loop) compares actual quantization noise energy for each
critical band with the estimated masking threshold. If the actual noise exceeds the
masking threshold in some critical band, the scale of the spectral components in this
critical band is adjusted to yield a lower quantization noise. FIG. 5 shows a block
diagram of the iteration loops used for quantization and coding. The algorithm is
described in more detail in the papers by Johnston and Brandenburg and Seitzer, as
well as the Brandenburg thesis, all cited above. FIG. 5 shows the manner in which a
coder such as the OCF system uses the psychoacoustic threshold and related
information described above to produce the actual bitstream to be transmitted or
stored. Thus, input information on input 500 is assumed to have been appropriately

buffered, partitioned into convenient blocks and transformed in the manner described
above. The appropriate variable resolution spectral information is also provided to



cvdsl cncal |
" gl orch=sprdngf (bval (j), bval (i))

do j=2,257, 1

thr(i)=al pha(j)*glorch+thr(i)

bcal c(i)=al pha(j)*glorch*beta(j)+bcale(i) c

energy, bcalc is the weighted chaos
(thr(i) .eq. 0) then c

stop ¢ endi f

(bcal c(i) 5) bcalc(i)=l.-bca
to 0-.5

wite(g,

*)

bcal c |) =bcal c(i)/thr(i)

c(i)

thr is the spread
end do c i f
"zero threshold,' c¢
i f
that normali zes bcal c

.gt.
%lock 504 whichyprowides the psychoacouanp.ey@l@auex) for éngmngpfgcggmqyg

signals in block 501 prior to quantization in block 502. The actual entropy coding is
represented by block 503 in FIG. 5. Thus the information describing the spectral
information of the input signals is provided on output 515. Side information
describing the cycle acoustic evaluation and quantizing processes is then supplied on
outputs 520 and 525. All outputs are conveniently muitiplexed into a single bit

stream for transmission or storage.

The Perceptual Entropy (see e.g., Johnston, James D., "Estimation of
Perceptual Entropy Using Noise Masking Criteria,” ICASSP ’88, pp. 2524-2527) is
an estimate of the information content of a piece of music relative to the capabilities
of the human auditory system. It gives an estimate of the minimum bit rate necessary
for total transparent coding of a piece of music using a given analysis/synthesis
scheme. As introduced in this last-cited paper by Johnston, the PE is calculated from
the number of quantization levels necessary to code a piece of music at the masking

threshold.

Using the analysis/synthesis frame work of the hybrid coder, estimates
of the PE have been calculated for different pieces of music. Table 2 lists some of
the results and compares them to the PE measured using other analysis/synthesis
systems. It can be seen that the hybrid coder performs well compared to the older

results.
music
(type)
organ
suzanne vega
castanets

Old PE
(bits/sample)
24
.69
73

New PE
(bits/sample) REPLACEMENT SHFET
48 29 0CT -
54 |
52

Table 2: Results of PE measurements

Using the quantization/coding scheme of OCF as described above,
typical results for the hybrid coder have been gathered. The bit rate used was 64
kbit/sec. per channel and the basic block length was 1024 time domain samples. The
MDCT was used to compute the output of the combined filter bank from the QMF
tree. The sampling rate of the test pieces was 48 kHz. The signals were coded with a
bandwidth of up to 20 kHz. Out of the 1362 bits available for each block at 64 kb/s,
226 bits were used to code side information.

A second generation perceptual coder using enhanced time/frequency
resolution has been described. A tonality metric, calculated on a frequency by
frequency basis, is combined with the calculation of the coder’s noise threshold at



bcal c=max(bcal c, . 05) _ - 15 -
bcal c=m n(bcalc,.5) c bcalc is now the chaos netric, convert to
the ¢ tonality nmetric bcal c=-. 43*al og(bcal c)-.299 c

now cal cul ate DB
-9.

each frequency in order to provide a greatly improved threshold value. The present
invention thus provides performance that compares favorably with known coding of
high quality digital audio at low bit rates.

A decoder in accordance with the above teaching can be constructed by
using the approach described above. Because of the enhanced time/frequency
resolution provided by the present invention, corresponding enhanced processing is
accomplished at a decoder.

Information used at a receiver or decoder to reconstruct the original
input signal at the coder is, of course, that provided as outputs from the system
represented by FIG. 5. In particular, the spectral information and side information,
after demultiplexing if required, is used to reconstruct the original input signal, With
the information describing the cycle acoustic evaluation and quantizing process,
including global gain, quantizer step size, scaling factors, bit allocations and the like,
all information necessary to reconstruct the sampled time domain signal from its
frequency components is present at the receiver/decoder. Information about the
non-uniform frequency and time resolution (both as a function of frequency) will
also be used at the decoder. Well known digital to analog conversion will also be
provided when it is required to create equivalent analog signals for reproduction of
the original analog signal with high fidelity, e.g., on a loudspeaker.

REPLACEMENT SHEET
29 0CT 199




bcélc:nax(24.5,(15.5+bval))*bcalc+5.5*(1.-bca|c) bcal c=exp(

*(-bcalc/10.) * alog (10.) ) c now, bcalc is actual tonality
factor, for power c space. thr=thr*nornmrbcalc c
threshold is tonality factor tines energy (with normalization)

t hr =max(t hr, absl ow) al pha=th thr=m n(thr,othr*2.)
ot hr =al pha ¢ wite(*,*) 'Ieavii;%‘thrgen' return
end c And, the spreading function function sprdngf(j,i)
real i,] LISTING 1
c First startup routine
subroutine strt()
c sets up threshold generation tables, ithr and bval |

real freq(0:25)/0.,100.,200.,300.,400.,510.,630.,770.,

1 920.,1080.,1270.,1480.,1720.,2000.,2320.,2700.,

1 3150.,3700.,4400.,5300.,6400.,7700.,9500.,12000.,15500.,
1 25000./ '
common/thresh/ithr(26),bval(257),morm(257)
common/absthr/abslow(257)

common/sigs/ifirst

ithr(i) is bottom of crital band i. bval is bark index

of each line

write(*,*) *what spl will +-32000 be -> '’
read(*,*) abslev

abslev=abslev-96.

abslow=5224245,*5224245 /exp(9.6*alog(10.))

ifirst=0

write(*,*) *what is the sampling rate’
read(*,*) rzotz

fnyq=rzotz/2.
c nyquest frequency of interest.

REPLACEMENT SHEET

ithr(1)=2. 29 OCT 1994
Ci=2
10 ithr(i)=freq(i-1)/fnyq*256.+2.
i=i+1
if (freq(i-1) .It. fnyq) goto 10




real sprdngf c this cal cul ates the value of the spreading

‘function for c the i'th bark, with the center being the j'th c
bar k tenpl =i -j t enp2=15. 811389 +7.5*(tenpl +. 474)
tenmp2=tenp2- 17.5*sqrt(1l.+ (tenpl+. 474)*(tenpl+.474)) i f
(tenp2.le. -100. ) then terr_pﬁ:_o. el se

c sets ithr to bottom of ¢b

ithr(i:26)=257

c now, set up the critical band indexing array
bval(1)=0
c first, figure out frequency, then ...

doi=2,257,1

fre=(i-1)/256.*fnyq
c write(*,¥) i,fre

fre is now the frequency of the line. convert
it to critical band number..

do j=0,25,1

if (fre .gt. freq(j) ) k=j
end do

c so now, k = last CB lower than fre
rpart=fre-freq(k)
range=freq(k+1)-freq(k)
bval(i)=k+rpart/range

end do REPLACEMENT SHEET
29 OCT 1996

morm=1

doi=2,257,1
tmp=0

. doj=2,257,1
tmp=tmp-+sprdngf(bval(j),bval(i))

end do



- 16- tenmp2=tenp2/10.*al og( 10.) tenp3=exp(tenp2) end if sprdngf=tenp3
sreturn end -17 -
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morm(i)=tmp
end do

morm=1./rmorm

c do i=1,257,1
write(*,*) i, bval(i), 10.*alog10(morm(i))
end do

call openas(0,’/ust/jj/nsrc/thrtry/freqlist’,0)

do i=2,257,1

read(0,¥) ii,db

if (ii .ne. i) then
write(*,*) *freqlist is bad.’
stop

end if

db=exp((db-abslev)/10.*alog(10.))
c write(*,*) i,db

abslow(i)=abslow(i)*db

end do

abslow(1)=1.
write(*,*) "lowest level is °, sqrt(abslow(45))

return

end REPLACEMENT SHEET
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c Threshold calculation program
subroutine thrgen(rt,phi,thr)
- real r(257),phi(257)
real rt(257)
real thr(257)
common/blnk/ or(257),0phi(257),dr(257),dphi(257)




Absol ute Threshold File ("freglier"” for start-up routine) |

. 56 3 111 16. 166 16. 221 50. 2
27. 57 4. 112 17 167 16 222
50. 3 18 58 4. 113 17. 168 16.
223 50. 4 16. 59 135 114 17. 169
16 224 50. 5 10. 60 5. 115 17.
170 16 225 50. 9. 61 5. 116
18. 171 1z:ommon/blk:1_>@thr(257) 50. 7 8. 62 6.
117 18. | ha(2 257).tohi ﬁ 50. 8 8. 63
6 118 ’%%?alp a( 57'?&( )phitz5 ), 228 50. 9 8.
64 6. 1 Feal beta(3¥7),beale(257) 74 17. 229 50. 10
8. 65 6 common/alﬁﬁhrfabslow(iﬂ) 175 17. 230 50.
11 8. 66 121 18. 176 17. 231
50. 12 7. 67 7. 122 18. 177 18.
232 50. 13 conitnon/thresh/ig8(26),bval(257),morm(257) 3 18. 178
18. 233 E:t’:gmmon./s1gs/1ﬁrst
r=max(rt,.0005)
beale=1.

if (ifirst .eq. 0) then
or=0.

othr=1¢20

ophi=0

dr=0

dphi=0

ifirst=1

end if

this subroutine figures out the new threshold values
using line-by-line measurement.

tr=or+dr
tphi=ophi-+dphi

dr=r-or
dphi=phi-ophi REPLACEMENT SHEET
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or=r

ophi=phi

alpha=sqrt({r*cos(phi)-tr*cos(tphi))
1 *(r*cos(phi)-tr*cos(tphi))
2 +(r*sin(phi)-tr*sin(tphi))



14
234
18.
181

16
128
10.
75

60.
242
21.
189
14.
136
11.
83

60.
250
29.
197

22

30

7.
60. 15
235

18.

182

16.
129
10
76

7.
60. 23

243

22

190

13.

137

11.

84 ©

c 5.
60. 31

251

30

cvd$l

cvd$l

a0 a0

69

60 16 7 71
19. 237.

16, 184, 19
1303 *(r*sin(phi-tr*sin(tphi});
10.

6ow beta is the unhweighted topglity factor 10,
244
- 23.
191

12alpha=r*rl 92
138 12. ., ., 193
11_now,their§§gylsme§t§1_

60. 3 4. . 87
25write(*,*) ‘before spreading’

_enddo

. 179 18.
125 17, 180
. 10. 126 16
60. 17 7. 72 10
6Q.1418 7. 73 10

238 60. 19 7.

239 60. 20 7.
19. 60. 21
186 241

187 20
15, 188
134 14,
60 25 6. 80 10. 135
245 60. 26 5. 81 11,
24 246 60. 27 5. 82
25. 247 60. 22 5.
26. 248 60. 29
194 27. 249
140 12, 195 28.

141 12, 196

12, 142 12

8. 124 17
7 70 9.

236 127

183 19.

240
15. 19.
132

78 10.

4/(r+aBstk) +1.)

befa-alpha 15.

133

lif®5 Must spredd..
4. 86 : 12
32

thr=0.
bealc=0.
cncall

do i=2,257,1

cpcall
do j=2,257,1

glorch=sprdngf(bval(j),bval(i))
thr(i)=alpha(j)*glorch+thr(i)
bealc(i)=alpha(j)*glorch*beta(j)+bcale(i)

thr is the spread energy, bealc is the weighted chaos
end do

if (thr(i) .eq. 0 ) then

write(*,*) ’zero threshold,’

stop

end if

‘bealc(i)=bealc(i)/thr(i)
if (beale() .gt. .5) bealc(i)=1.-beale(i)

that normalizes bealc to 0-.5 REPLACEMENT SHEET
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write(*,*) ’after spreading’
bealc=max(bcalc,.05)




33
- 60. 34
254
33.
201
14.
148
14.
205
39. 42

99

14.

156

15.

213

47. 50

4. 88 12. 143 12 198 31. 253
4. 89 12. 144 13. 199 32
60. 35 4. 90 12 145 11 200
255 60. 36 3 91 12 146 14
34. 256 60. 37 . 153. ' 92 13. 147
35. 257 60. 38 3. 93 13
14. 203 i 36. 39 3. 94 13. 149
204 37bcalgrmin(bealcas) 95 13 150 14.
¢38. 41  bcalc B-now the ch&$ metric cok%ert tothe 151 14. 206
1. 9.7 13. 15 14. 207 40. 43
og° 14, tonality ’&?§§° 14. 208 41. 44 1.
14. 154 209 42. 45 1. 100
155 . 46 0. 101 14.
15. 21@““‘ 43 égg(bﬁ"il") 2% 102 15. 157
21Q 4mw g@culate DB 0 103 15. 158 15.
46. 49 0. 104 15 159 15. 214
a? * 215 48. 51
106 1 sbcalc=max(245, (15 5+bwal)) bcalc-i-g 1 —bcalc),g
bealc=exp( (-bcalc/10.) * alog (10.) )
now, bealc is actual tonality factor, for power
space.
thr=thr*morm*bcalc
c threshold is tonality factor times energy (with normalization)
thr=max(thr,abslow)
alpha=thr
thr=min(thr,othr*2.)
othr=alpha
c write(*,*) *leaving thrgen’
return '
end

And, the spreading function
function sprdngf(j,i)

real i,j
real sprdogf

this calculates the value of the spreading function for
the i’th bark, with the center being the j’th

bark
templ=i-j

temp2=15.811389 +7.5*(temp1+.474)
. temp2=temp2- 17.5*sqrt(1.+ (temp1+.474)*(temp1+.474) )
if ( temp2 .le. -100. ) then

temp3=0.
else

- 29.0CT 9%




52 2

2. 108
109 16.
16. 165
-18-

107 16 162
16. 163 | 5.
164 15. 219
15. 220 50.
-16 -

temp2=temp2/10.*alog(10.)
temp3=exp(temp2)

end if

sprdngf=temp3

return

end

15.
218
50. 55

217 50. 53

50. 54 2.
3. 110
REPLACEMENT SFEET
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1. A nmet hod of processing an ordered tinme sequence of audio signals
"partitioned into a set of ordered bl ocks, each of the blocks having a
discreet frequency spectrumincluding a first set of frequency
coefficients, the method conprising, for each of the blocks, the steps of
filtering the first set of frequency- ddefficicents into a pIuraIity of
frequency bands wth a bank of filters of a first type, each of the
frequency bands representing a contiguous range of frequencies;

filtering at | east one of the frequelisBBIands into a plurality of frequency
groups with at least one filter of a second type each of the frequency
groups including at | east one f| GfFs t"H-L,lcent, wherein said filtering
steps substantially approxinmte T8 e response;

determ ning a noi se masking threshol d for t he frequency coeff|C|ents in

each frequgncy group, tsge n0|3§e magli Ng 4Lr eshekd |nqk_cat| 34 t he ﬁrmunt of

quanti zati gn noige $7 112 . 167 16 m .
3 18, Ls | 4 113 17. 168 14, . 23 0.
4 16. b s 114 17, 189 16. 24 Q.
s 10. - 60 s. 11s 17, 170 16. 23 0.
é 9. 61 s.. 116 i8. 1N 17. 24 50.
7 8. 62 6 117 18. 172 17. =27 $0.
8 8. X} & 118 18. 173 17. y.ss ] $0.
9 8. & & 119 18. 174 17, 29 0.
10 8. &8 . 120 18 178 17. 230 0.
11 8. & 7. 121 18 176 12, 31 50.
12 7. 87 17 12 - 1t 177 18 232 50.
13 7. 68 7 123 18 178 18. 33 50.
14 7. & t 8 124 17 19 1} 3 34 60.
1% 7. 2 9. 129 17. 150 18 s - 60.
16 7. n 10 128 16 131 18, 36 60.
17 7. ¥z 16 127 16 12 19. 37 0.
18 7. 3 16 128 16 183 19. 238 &0.
19 7. 74 10. 129 14 184 19. 239 60.
20 7. 78 10. 130 18. 189 19. 240 &0,
21 7 % ) [ § 131 18. 136 19, U1l &0,
y~) 7. n 10. 132 18. 12 20, u2 80,
23 A Ky | 10 133 18. 188 21, 243 &0.
/Y 7. » 10, 134 14, 199 2, 44 80,
25 s 30 10, 138 14, 190 2. 248 &0.
26 5. s 11 136 13, 13 . 46 &0.
7 s 2 1L 137 12, 192 2s. U7 80,
28 s, < I § X 138 12, 193 p- 4 us 60.
29 s. 84 11 139 12. 194 27. U9 60.
0 s. 8s 11. 140 12, 19% p § 2%0 60.
k| 4, % 12 141 12, 196 2. i} &0.
2 4, 14 12 142 12 197 30. %2 0.
33 4, ‘8 12, 143 12 196 3. 253 60.
34 4, » 12 144 1% 199 n 2% 60,
is 4, 90 12 143 13 200 kx 295 60.
34 3 N 12, 146 14, 201 u. 2%6 60.
37 A 9”2 1. 147 14, 2 3s. 87 60,
38 3 9 13, 148 14, 203 36,

9 3 94 13, 149 14. 204 37

40 2 93 13 150 14. 208 38,

41 R 9% 13 15 14, 206 3.

42 1. 97 13. 152 14. 207 4Q,

43 1. 98 14. 153 14 208 A1,

44 1. 9 14, 154 14, 209 42,

45 1. 100 14 153 14, pil] 43.

46 0. 101 14, 156 14, 211 44,

47 0. ) {i - S 18 157 18. 212 :i

48 Q. - 108 - 1. 158 15, 213

49 0. 104 1% 1% 18. U4 47, REPLACEMENT SHEET
50 0. 108 18. 160 15, 218 48, .

st 0. 108 18. 161 1s. 216 49, 29 nrv ann
2 2 107 14 162 13. 17 50. -

13 2. 108 16 163 18. 218 50.

54 2 109 16 164 18. 219 0.

s 3. 110 14 163 14. 20 0.




that can be introduced into a frequency group w thout effecting its
tone-like quality; and quanti zing at |east one frequency
coefficient in at | east one of the frequency groups,_Lhe“quantizing _based
upon the correspondi ng noi se maski ng threshol d. : The

met hod of claim1 wherein the first type,gf filter is d-
filter and said second type of filter |s1 “transform ﬂ'l“lﬁﬂum “ﬂ"ﬂ“l
3. The nmethod of claim2 wherein the tree structured fifltkr %
quadr at ure nmiGlaisms:filter and said transformtype filter is a rmdlfled

di screte cosine trangf rtﬁbﬁxgk%:?hocessinganordégda eﬁ&uéﬂ?:ﬁlﬁ?g?tﬂgts gjsm 2

wherein the tree structure ure*mrror and sai d
transf or m t y partitioned intp blogkg|pEsamales, rvsdm od eomprisingn fil ter. 5.

The nmethod of claim Jddbéiﬂﬁﬁin? aldieerdte shétt-BRfeidpestrirhy StalR i<l 2|.5, Ny #seschn t he
step of deter ?n %900% tonality nmetric for each frequency group, the
tonality metP
" determining the value of a tonality function as a function of frequency,
and
based on said tonality function, estimating the noise masking threshold
for each of w;,
CHARACTERIZED IN THAT
said step of determining S(®;) comprises determining S{w;) with
differing time and frequency resolution as a function of @;,

2. The method of claim 1 further
CHARACTERIZED IN THAT
said step of determining S(m;) comprises determining S{w;) with
frequency and time resolution approximating that of human auditory response.

3. The method of claim 1 further

CHARACTERIZED IN THAT

predicting, for each block, an estimate of the values for each S(c;) based
on the values for S(w;) for one or more prior blocks,

determining for each frequency ®; a randomness metric based on
respective ones of the predicted value for S(w;) and the actual value for S(w;) for
each block,

said method further comprises the step of

quantizing said S(w;) based on said noise masking threshold at
Tespective ;.

4. The method of claim 3 further
CHARACTERIZED IN THAT
said step of predicting comprises,
for each ®;, forming the difference between the value of S(w;) for the
corresponding @; from the two preceding blocks, and

REPLACEMENT SHEET
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adding said difference to the value for S(ex) from the immediately
preceding block.

5. The method of claim 4,
CHARACTERIZED IN THAT
said S(w;) is represented in terms of its magnitude and phase, and said
difference and adding are effected separately for both magnitude and phase of S(w;).

6. The method of claim 3,
CHARACTERIZED IN THAT
said determining of said randomness metric is accomplished by
calculating the euclidian distance between said estimate of S(®;) and said actual
value for S(o;).

7. The method of claim 6,
CHARACTERIZED IN THAT
said determining of said randomness metric further comprises
normalizing said euclidian distance with respect to the sum of the magnitude of said
actual magnitude for S(w;) and the absolute value of said estimate of S{).

8. The method of claim 1,

CHARACTERIZED IN THAT

said estimating of the noise masking threshold at each @; comprises

determining the energy of said andio signal at ;, and said method
further comprises

spreading said energy values at a given ®; to one or more adjacent
frequencies, thereby to generate a spread energy spectrum, and

determining a desired noise level at each @; based on said tonality
function and said spread energy spectrum for the respective ;.

9. The method of claim 8, wherein said estimating of the noise masking
threshold function further comprises modifying said threshold function in response
to an absolute noise masking threshold for each @; to form a limited threshold
_ function. '

10. The method of claim 9,
This Sheet Has Been Replaced
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correspondi ng tmhACEth}EE ich said tinme sequence of audi o signal s
"of the frequengy tone-like quality. : The
nmet hod of cl aim § '= ality nmetric is generated based on"a-

coherence neasur 4. . The net hod of cl a
' redi ct g@n cal cul at } ‘F‘ﬂ!’ iHEnat es
on the conplex | plane of a freqlency c6efficient at a t he

coherence neasyre
coherence nmeasUure correspondfng to the Euclidean di stance bet Ween t he
actual and predi ct e dCCHARAGHERIZER ¥ THARt s . The nmethod of

claim7 wherein the Jﬁ@ge%axuﬁﬁefcahghaﬂgm&ﬁfy&ﬁgg@@ﬁnﬁ@ﬁmsﬂ%&quency

coefficients wthin_a_ frequency, od of claim
7 wherein t fanctios f eliminateounraxistiag pse-echoes heraby gensrating an output threshold

function value for each a.

11. The method of any of claims 1, 8, 9 or 10, further

CHARACTERIZED IN THAT '

said method further comprising the steps of

generating an estimate of the number of bits necessary to encode S(w;)

quantizing said S(®;) to form quantized representations of said S(w;)
using said estimate of the number of bits, and

providing to a medium a coded representation of said quantized values
and information describing about how said quantized values were derived.

12. A method for decoding an ordered sequence of coded signals
comprising first code signals representing values of the frequency components
corresponding to a block of values of an audio signal and second code signals
representing information about how said first signals were derived to represent said
audio signal with reduced perceptual error, said method comprising

using said second signals to determine quantizing levels for said audio
signal which reflect a reduced level of perceptual distortion,

reconstructing quantized values for said frequency content of said audio
signal in accordance with said quantizing levels, and

transforming said reconstructed quantized spectrum to recover an
estimate of the audio signal,

CHARACTERIZED IN THAT

said frequency components have variable time and frequency resolution.

13. The method of claim 12
CHARACTERIZED IN THAT
said second signals identify the variation of said resolution as a function
" of frequency, and
.said reconstructing comprises using said second signals to effect scaling
of said quantized values.

14. The method of claim 12
“I'his Sheet Has Been Replaced
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thé frequency coerRF‘PMGWTt&}mmfrequency group. 10. A et hod

"of processing an prdered tinme sequgnce of audio signals partitioned Tnto a
set of ordered bl pcks2®00T W4t e |bl ocks having a di
spectrumincluding fa first set frequency coeffi cmiiiﬁmmmﬁmﬂgd
conprising, for epch of the blocks,} thg;steps of: * i

first set of freglency coefficientd infd a plurality of frequency groups,
each of the frequency groups bei ng produced by filtering wth at |east two
filters of differ enCw&EBﬁﬁDgNmTf requency groups including at |east
one frequency coeff 4 ponstileBhecompaAied abblyliy 4 ?l%ﬁl_t@lih Fleksribasdd i | Y

appr oxi mat es, human, gudi tory response; detferm ng a noi se maski ng

t hreshol d 8id SFd F8 A2 ncy coefficients in each frequency group, the
noi se maski ng threshold indicating the anount of quantization "~ noise that

can be introduced ilgt %gdem%?%%mglrzoup w thout effecting its tone-Ilike
quality; and ’ .
- CHARACTERIZED IN THAT
said reconstructing comprises determining quantizer step size as a
function of frequency component.

16. The method of claim 12
CHARACTERIZED IN THAT
said second signals include information about the degree of coarseness
of quantization as a function of frequency component.

17. The method of claim 12
CHARACTERIZED IN THAT
said second signals include information about the number of values of
said audio signal that occur in each block.

18. Apparatus for processing an ordered time sequence of audio signals

partitioned into blocks of samples comprising,

means for determining a discrete short-time spectrum, S(;), i=1,
2,...,N, for each of said blocks,

means for determining the value of a tonality function as a function of
frequency, and

means for estimating the noise masking threshold for each of y, in
response to said tonality function,

said means for determining further comprises

means for determining S(0;) with differing time and frequency
resolution at different values of wj,

19. The method of claim 1 further
CHARACTERIZED IN THAT
said means for determining S(w;) comprises determining S(w,) with
frequency and time resolution approximating that of human auditory response.

This Sheet Has Been Reﬂlaced
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20. The apparatus of claim 18
CHARACTERIZED IN THAT
said means for determining S(c;) comprises
means for partifioning said audio signal into a plurality of frequency
subband, and
means for determining the short-time spectrum for each subband.

21. The apparatus of claim 20
CHARACTERIZED IN THAT
said means for partitioning comprises quadrature mirror filter means.

22,
The apparatus of claim 21
CHARACTERIZED IN THAT
said quadrature mirror filter means comprises a tree structural array of
quadrature mirror filters.

 |REPLACEMENT SHEET
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guanti zing at |east one frequency coefficient in at |east one of the
frequency groups, the quantizing based upon the correspondi ng noi se
maski ng t hreshol d. 11. A storage nedi um manufactured in
accordance with a process conprising the steps of: processi ng an
ordered tine sequence of audio signals partitioned into a set of ordered
bl ocks, each of the blocks having a dis23ete frequency spectrum including
a first set of frequency coefficients; and for each of the bl ocks:

filtering the first set fef Iy €4 ' a plurality of
frequency bands wth a mﬁgﬂﬁgtf%@%%ﬂ@ﬁsm‘%@ each of the
frequency Adbsiact epresenting a contiguous range of frequencies;

roups Wt h at Least hey ‘?‘??%5 g g it ?ﬁ ﬁ" ‘5‘%eac%?*"‘“"‘“#%%*%?@%qﬂéﬁﬁﬁe“Cy
groups i ncl ’t}‘ﬂ?g\ﬁ @i ap@%i ’8&% F"é\‘n‘?"c A AERCAIIRREE Pl i1t ering
st eps subst mﬁbamisl Woisgpomaskihgrdireshbldsdor subbanidyrare theaietesdined using a new

deternlnlng i Sh r th eque coefficients in
each fr eque r%%ﬁiﬁ aﬁéﬁ%@l%fo ‘ﬁg‘s k‘f)“ﬁgﬁt’ﬁ‘ﬁ%‘g?@r“&‘i‘ (ﬂ'cﬁllggfr PHES-anount  of
quanti zat i oBascd on the thresholds so determined, input signais are coded to achleve high

quality at reduced bit rates.

FIGURE 2.
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noi se that an be introduced into a frequency group wthout effecting its
tone-like quality; quanti zing at | east one frequency
coefficient in at |east one of the frequency groups resulting in a set of
guanti zed frequency coefficients, the quantizing based upon the

correspondi ng noi se maski ng threshol d; . appl ying a recording
signal to the storage nedium the reCOfding si gnal s Hre-set  of
quanti zed frequency coefficients; and’ 'Tﬁ

recordi ng signal onto the storage nedi um
-21- CHARACTERI ZED | N THAT
conpri ses applying a global gain factor based on

(7))

ai 2999?@% udt ifng

FIG. 1
101 103 104
) ) 108
ANALYSIS QUANTIZATION SERIAL BITSTREAM
S FILTER BANK AND CODING MULTIPLEXING
DIGITAL IN BIT STREAM
CALCULATION OF MASKING
THRESHOLD BASED
ON PSYCHOACUSTICS
7
102,
FIG. 2
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15. The nethod of claim 12

sai d second signal s.
sai d reconstructing conprises determning

CHARACTERI ZED | N THAT
guanti zer step size as a function of frequency conponent. 16.
The nethod of claim 12 CHARACTERI ZED | N THAT sai d
second signals include information about the degree of coarseness of

17. The

quanti zation as a function of frequency2conponent.
CHARACTERI ZED | N _THAT sai d second

met hod of claim 12
signals include informati rlgbapt t hg nunber of vplues {of said audi o signal
t hat occur in each bl ock. Z o @ 18. Apparatpus for} processing an
ordered tinme sequence of %gd§%25| alls partlitioned intg bl ocks of sanples
conpri si ng, g5 =
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means for determ ni ng a discrete short-tine spectrum S([err]) =1,

P +

"2, ..., N, for each of said bl ocks, means e fihe
value of a tonality function as a function of fre MMMT M

means for estimating the noi se nmasking threshold flor] each of [err in
response to said tonality function, saiid |me t rm ni ng
further conprises means for dgterm nin S‘([gr@??é?wgﬁ ﬁferl ng
time and frequency resolution at different val ues jof*fer+is 19.
The met hod of elaim1 further CHARACTERI{ZED | N THAT

said means for detergyey ng S([err]) conprises determ NiNg S(lerr]) wth
frequency and tinme resolution approxi mating that of human auditory
response. 900 v — v . - . . v - r

|
&
o
-
=
| 3
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20. The apparatus of claim 18 CHARACTERI ZED | N THAT
said nmeans for determning S([err]) conprises Q@uﬂuﬂmjﬂm
-partitioning said audio signal into a plurality of fr and
- nmeans for deternmning the short-tinme spectrumfor each su band

.21. The apparatus of claim 20 CHARACTERI ZED I N THAT

said nmeans for partitioning conprises quadrature mr§ HACMN%T
- 18 -

10 JuL 1997

Claims:

1. A method of processing an ordered time sequeace of audio signals
partitioped into a set of ordered blocks, each of the blocks having & discrete frequency
spectrum including a first set of frequency coefficients, the method comprising, for each
of the biocks, the steps of:

filtering the first set of frequency coefficients into a plurality of frequency bands
with a bank of filters of a first type, sach of the frequency bands representing a
contiguous range of frequencies;

filtering at [east one of the frequency bands into a plurality of frequency groups
with at least one flter of a second type, each of the frequency groups including at least
oue frequency coeflicient, wherein said Sltering steps substantiaily approximate human
anditory response;

determining 2 noise masking threshofd for the frequency coefficients in each
fraquency graup, the noise masking threshold indicating the amount of quantization noise
that can be introduced into a frequency group without effecting its tone-like quality; and

quantizing at least one frequency coefficient in at least one of the fequency
groups, the quantizing based upon the corresponding noise masking threshold.

2 The method of claim | wherein the ficst type of filter is a tree structured
filter apd said second type of filter is a transform type of filter.

3. mmethadofch_imehetcinﬂzc&eemmadﬁlmtisaqnadmmre
mirror filter and said transform type filter is a modified discrets cosine transform filter.

4, The method of claim 2 wherein the tree structured filter is 2 quadrature
miirror filter and said transform type filter is a discrete Fourier transform filter.

5. The method of claim 1 wherein the noise masking thresholds is based on
the step of determining a torality metric for each frequency group, the tonslity metric



—

22. The apparatus of claim 21 : CTERI ZED | N THAT
said quadrature mrror filter neans conprises a tree Hﬂ,ﬂrﬂ,l”m'r of
.quadrature mrror filters. . x gy e Iﬁ"l
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corresponding to the degree to which said time sequence of sudio signals of the frequency
group includes a tone-like quality.

6. Themgthodofclaimiwheminthetonaﬁtymehicisgmedbmdona
coherence measure,

7. The method of claim 6 wherein the coherence measure is based ona
prediction, calcuiated in polar coordinates on the complex plane of a frequency
coefficient at a particular time, the coherence measure cocresponding ta the Euclidean
distance between the actual and predicted frequency coefficients.

8. . Themethod of claim 7 wherein the frequency coefSicients correspond %
the frequency cocflicients within a frequency band.

9. The method of claim 7 wherein the frequency coefficients correspond to
the frequency coefficients within a frequency group.

10.. Ametixodofpmcashganorduedﬁmesequmce of audio signals
partitioned into a set of ordered blacks, each of the blocks having 2 discrete frequency
spectrum including  first set of frequency coefficients, the method comprising, for cach
of the blocks, the steps of:-

filtering the first set of frequency coefficients into a plurality of frequency groups,
each of the frequency groups being produced by filtering with at least two filters of
different types, each of the frequency groups including at least one frequency coefficient,
wherein said filtering step substantieily approximates human auditory response;

determining & noise masking threshold for the frequency coefficients in each
frequency group, the noise masking threshold indicating the amount of quantization noise
that can be introduced into a frequency group without effecting its tone-like quality; and
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Quantizing at least one frequency coeflicient in at least one of the frequency
groups, the quantizing based upon the correspoading noise masking threshold.

11. A storage medium manufactured in accordance with a process comprising
the steps of:

prowingmordaedﬁmesethmofa@oigulspuﬁﬁqnedintouetof
ordered blocks, each of the blocks having a discrete frequency spectrum including a first
set of frequency coefficients; and .

for each of the blocks:

filtering the first set of fiequency cocﬁd.ents?ntoapl_rmlityofﬁ:equmy

bands with a bank of filters of 2 first type, each of the frequency bands representing &
contiguous range of frequencies;

' ﬁkeﬁngaleastomofthcﬁequbandsimogplmﬁtyof&equmcy
gmuéswim“hutomﬁ!utofasmndtypgmhofﬁg&eqmwwimmdhga
Ias:om&equemycocﬁdm;whuainnidﬁ}fcﬁngswpsmbsnnﬁanyappmxim

detenmining a noisz masking threshold for the frequency coefficients in
nchﬁequeucypoup,ﬂmmiseméﬁﬁngthraholdkxdimﬁngtheamou&ofqmnﬁaﬁm
noise that can be introduced into a frequency group without effecting its tone-like quality;

quantizing at {east one frequency coefficient in at least one of the
frequency groups resulting in a set of quantized frequency coefficients, the quantizing
hasedupontheeomspondmgnmsemashngﬂ:mhold.

applying a recording signal 1o the storage medium, the recording signal
representing the set of quantized frequency coefficients; and

recarding the recarding signal onto the storage medium.
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HYBRID PERCEPTUAL AUDIO CODING

Abstract

A hybrid coding technique for high quality coding of audio signals,
using a subband filtering technique further refined to achieve a large number of
subbands. Noise masking thresholds for subbands are then determined using a new
tonality measure applicable to individual frequency bands or single frequencies.
Based on the thresholds so determined, input signals are coded to achieve high
quality at reduced bit rates.
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