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Method for transmitting a signal

The invention relates to a method for transmit-
ting a signal according to the preamble of Claim 1.

When an audio signal is being transmitted, for
example in the case of radio transmission, transmission
via cable, satellite transmission and 1n the case of

 recording devices, it is known to convert the analog

10

15

20

25

audio signal into a digital audio signal with a specific
resolution, to transmit it in this form-and to convert it
back into an analog signal during reproduction. The
digital transmission permits a larger signal-to-noise
ratio to be obtained, in particular during reproduction.

The bandwidth which is required for the trans-
mission of such a signal is essentially determined by the
number of sampled values to be transmitted per time unit
and by the resolution.

' In practice, there is a need to keep the
bandwidth necessary for the transmission as small as
possible in order to be able to manage with a narrowband
channel or to be able to transmit simultaneously as many
audio signals as possible over an exlstlng channel. The
required bandwidth can in fact be: decreased by reduc1ng

S
with a
into

the sampled values or the number of b;ts per:samplede i

value.

However, this measure ueuallyn results in a =
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to-noise ratio is achieved by the digital transm ssion, particularly during
reproduction. The band wi dth necessary for the transfer of such a signal is
es§entfally det erm ned by t'he nunber of §agpling val ues per tinme unit which
have to be transmitted as well as by the“resolution. In practice, there

be kept a5 SHETT-SeS bR BT 10 o HEr YD FeRE to 111 1 o WA IR P E hannel
or to be abl e(Gernamn®féendegunggsehdiftsiinalé B342p89si blm ovderarto
exi sting chanfiglyoJd&he reproduction quality the digital audio signal
is transformed in chronologically suécessive periods into
5 a short-time spectrum which constitutes the spectral
components of the signal for each of the time periods,
for example 20 ms. Owing to psycho-acoustic laws, compo-
nents which are not perceived.by the listener, which are
therefore irrelevant in terms of telecommunications, can
10 be located better in the short-term spectrum than in the
time domain. These components are given less weighting,
or omitted entirely during the transmission. By virtue of
this measure, a considerable part of the data which would
otherwise be necessary can be omitted during the trans-
15 mission so that the average bit rate can be substantially
reduced. _
The method described in J. P. Princen and A. B.
Bradley, "Analysis/Synthesis Filter-~bank Design based on
Time Domain Aliasing Cancellation", IEEE-Transactions
20 Acoustics, Speech, Signal-Processing, Volume ASSP-34,
pages 1153 - 1161, October 1986, is suitable for dividing
up the signal into sections. In this application, a
transformation is described in which overlapped blocks
with rounded-off window functions are produced in the
25 windows without additional coefficients in the frequency
range. In this method, N values are initially extracted
from the input signal using a window function f(n) of the
length N and are subsequently transformed to form N/2
significant coefficients in the frequency range. The
30 inverse transformation is calculated from the N/2 coeffi~
| cient of N sampled values which are in turn weighted with
the window function f(n).
However, the output signal of the inverse trans-
formation differs from the input signal of the original
35 transformation. The precise reconstruction of the input
signal is only possible by adding the output values of
successive inverse transformations in the overlapping
area of in each case N/2 sampled values. So that the
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band width required can be itself |owered by reducing the sanpling val ues
or the number of bits per sanpling value. However, as a rule this neasure
results in a deterioration in the repradugtion. I'n order to inprove the
reproductlon quallty, in a known nethod (DE OS 35 06 912.0) the digital

audi o si gnal h%”BQ@%hlséﬁﬁeﬁé'ﬁécéeﬁﬁéatﬁ | dehh3N8EOLNES £H6L@aR1&HOrt

tern1spectrun1 epresent > Tespective finme se 20 .
t he spectral cGNﬁG adgk H'zhes i f () S gg'&if?‘ﬁ gg
conponent s mhlf@hl@ﬁﬂn@ot:ondltlons-

f(N-1-n) = (£(n) 0 <n < N-1 (1)
5 £2(N/2-1-n)+£f3(n) = 2 0 s n < N/2-1 (2)

The first condition corresponds to a symmetry of
f(n). The second condition corresponds to the point
symmetry of the square of f(n) in one window half in each
case. Taking into account these conditions, the effective

10 window length of the transformation can be varied between
N/2 and N sampled values. o

The selection of the window length using these
methods in transformation encoders leads to the following
effects. A large window length with the most rounded-off

15 shape possible permits godd frequency selectivity. At the
same time, the error due to quantization of the coeffi-
cients after the inverse transformation extends over the
entire effective window length. This can have negative
effects on the subjective quality of the encoded signal,

20 in particular in the case of large jumps in the amplitude
of the signal to be encoded.

The selection of the shorter windows brings about
a degradation of the frequency selectivity, which, in
particular in the case of highly correlated input sig-

25 nals, has negative effects on the transformation gain to
be achieved. In contrast, in the case of large signal
jumps, errors due to quantization of the coefficients can
be restricted to the respective window so that they are
prevented from affecting adjacent windows.

30 The invention is based on the object of improving
a method for transmitting a signal according to the
preamble of Claim 1 to the extent that an optimum fre-
quency selectivity and high subjective quality of the
encoded and decoded signal are achieved.

35 The object is achieved according to the invention
with a method of the type mentioned at the beginning by
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perceived by the listener, and are therefore irrelevant fromthe point of
vi ew of providing |nfornat|on can usually be nore easily found in the
short termspectrumthan in “the tine dooeg n-. These conponents are l-ess
heaV|Iy wei ghted or conpletely left out upon transfer. By means of this

measure, a Comelath®y abf e ther traties 0888eyibed Ndeessivé YcHakacearikéngm tted
during transfer %%é} the 2verage bit rate can be significantly reduced.

The nethod de®& 1eprincen and A B. Bradley in
"Anal ysi s/ Synt hesi s Hmheﬂmnvention is based on the idea that a window

switch-over is appropriate even if the useful signal has
5 a frequency jump at the same time as constant energy.
Owing to the psycho-acoustic conditions, this may even be
necessary under certain circumstances. For this purpose,
the useful signal frequency range (for example 0 ...
20 kHz) is divided up into at least 2 separate frequency
10 = ranges which are appropriate in terms of psycho-acous-
tics. The input signal is evaluated separately in the
respective frequency ranges and a logical combination of
the separate results is subsequently carried out.
In one de#elopment of the invention, the fre-
15 quency change is also used for switching over filter
bands for a sub-band encoder (adaptive windowing), as a
result of which the transformation gain is ultimately
increased.
Furthermore, by means of the detection of fre-
20 quency jumps, adaptive quantization and encoding can be
controlled in the same way as audio encoding methods such
as NICAM, MUSICAM, MSC, etc., which permit a variable
block length. As a result of the detection of frequency
jumps, the™ time and the rate of occurrence of scale
25 factors, bit assignment factors, etc. can also be calcu-
lated so that an improved <controllability and
observability of the transformation and of the
aforementioned audio encoding methods is possible.
It is advantageous if, in addition to the detec-
30 tion of frequency changes, a detection of amplitude
changes is carried out, and the adaptive windowing,'
qguantization and encoding is carried out by logically
combining the two results.
The invention is explained in greater detail
35 Dbelow in a drawing with reference to one of many possible
exemplary embodiments. In the drawing:
Figs la-c show window functions with different widths,

Fig. 2 shows asymmetrical window functions and

I ——
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bank besign used on Tinme Domain Aliasing Cancellation". |EEE Transactions
REPLACEMENT SHEET 2 Acoustics, Speech, Signal Processing, volune ASSP-34.
pages 1153 - 1161, Cctober ' :

-5 =
Fig. 3a shows the profile of an input signal with
amplitude jump,
Fig. 3b shows a window function which is adapted to
the input signal in Fig. 3a,
5 Fig. 3¢ shows the profile of an input signal with
frequency Jjump,
Fig. 3d shows a window function which is adapted to
the input signal in accordance with Fig. 3c,
Fig. 4a shows the block circuit diagram of an encoder
i0 | part of a transmitter,
Fig. 4b shows the block circuit diagram of a decoder

part of a receiver.

Fig. 1 shows a plurality of windows of constant

width (b) and with different window functions £(n). The

15 windows are each composed in such a way that the adjacent
windows overlap to their mid point. As a result, in Fig.
la overlapping to the mid point also occurs in the case
of the sinusoidal window function f£(n), in the illustra-
tion according to Fig. 1lb partial overlapping, to less

20 than the midpoint, occurs, and in Fig. lc the two limbs
of the window function f{(n) only touch.

Fig. 2 shows the superimposition of two windows
with asymmetrical window functions f(n) and g(n). The
window functions are however configured in their common

25 overlapping area such that their resultants complement
one another to form 1.

' An amplitude profile A(t) of an input signal is
illustrated in Fig. 3a. As can be seen, the signal
initially has a uniform low amplitude which is followed

30 by a signal jump, after which the original amplitude
continues. Below this, in Fig. 3b window functions of the
windows, with which this signal can be processed to an
optimum degree, are illustrated. In the first area 1,
these window functions are sinusoidal window functions

35 which permit a high degree of frequency selectivity. The
window 3, in which the signal with the high amplitude
occurs, has, in contrast, a window function which is very
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1986, is suitable for the partitioning of the signal into segnments. This
describes a transformation in which overlapprng bl ocks with rounded- of f

wi ndow functions are generated in the mnn ows without additional
coefficients in the frequency domai n. his method, N values are firstly

N and subseq A < rHRR T BLRAGH; FRES %Ls?‘a“ﬁ“. A AR vl e® 2 ne
frequency donmind 4,Thhatnie t® tsagn offotinet pmecedh.ngl witadofw and offiethie2
fcaﬁ‘;z : gine”t S, AA19UMR G M RANE Sha¥ll BN i AGRAHU MRHGNt £8apEbd Iwli BEoW Ndow
function in the overlapping area so that in these areas
5 the window functions complement one another to form one.
Thus, the window functions in these two adjacent windows
2 and 4 have an asymmetrical shape. Quantization faults
which would occurs inside the window 3 and in which the
signal jump occurs are thus restricted to the area of the

10 window functions of the window 3 and are thus reduced to
half the chronological duration for example in comparison
with a window function with a sinusoidal profile. As a
.result of the covering effect of the signal jump, a
subjective improvement of the audio quality is thus

15 obtained despite the reduced frequency selectivity.

The frequency profile F(t) of an input signal is
illustrated in Fig. 3c. As can be seen, the signal
initially has a constant frequency (for example 10 kHz)
which is followed by a frequency jump to a substantially

20 lower frequency (for example 200 Hz) takes place [sic].
The amplitude of the signal remains constant during this
process. Window functions of the windows with which this

'signal can be processed to an optimum degree are illus-
trated in Fig. 3d.

25 In the first area 1, the window functions are
sinusoidal window functions which permit a high degree of -
frequency selectivity. The window functions of windows 2
and 3 in which the frequency jump occurs have, in the
overlapping area, a window function which is correspon-

30 dingly adapted in such a way that in this area the window
functions complement one another to form 1. Here, the
overlapping area is made very narrow. Thus, the window
functions in the two adjacent windows 2 and 3 have an

_ asymmetrical shape. Quantization faults which would occur

35 within the window 3 and in which the signal jump occurs
are restricted to the area of the window functions of the
window 3 and are thus reduced to half the chronological
duration for example in comparison with a window function
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f(n). However, the output signal of the inverse transformation differs from
the ‘i nput signal of the forward transformation. The precise reconstruction
of the input signal is only nmade possiglg when the output val ues of
successive inverse transformations are added in the overl apping region of

recovered by Yedhe 0P Wiee LY Fretd 18, dls 0 hahufe, BB \enk Uierl 0
f(n) nust congffeekt bft lkhef dilgndingjumpdi 2i enbjective improvement in
the audio quality is thus obtained despite the reduced
frequency selectivity.
5 For the simplest detection of frequency jumps,
the useful signal with the useful signal frequency range
(0 ... 20 kHz) is divided here into two separate fre-
quency ranges (0 ... 1 kHz and 1 kHz ... 20 kHz). Each
frequency range is now evaluated separately and
10 subseguently the separate results are logically combined
with one another.
' In terms of psycho-acoustics, this leads to the
following window switch-over. When there is a decrease in
the signal energy in the upper frequency range and a
15 simultaneous increase in the lower frequency range, a
window switch-over must be performed since it is neces-
sary for psycho-acoustic reasons. The case in the region
of the frequency jump'acdbrding to Fig. 3c then occurs.
When there is a decrease in energy-in-the upper range and
20 no increase in the lower range, no window switch-over is
necessary since this case is not critical. Likewise, a
window switch-over may be omitted if there is an increase
in energy only in the lower range. If an increase in
energy takes place only in the upper rénge, a switch-over
25 must take place in the usual fashion. If there is an
increase in energy in both ranges, a switch-over to small
window lengths must take place because the signal must
contain pulses.
Analysis filters, such as are already used in
30 sub-bandcoders, are suitable for detecting frequency
changes. However, simpler filters (for example minimum-
phase filters or filter banks without a reconstruction
facility) are also conceivable. '
The block circuit diagram of an encoder part in
35 a transmitter is shown in Fig. 4a. The OBT (Overlapping-
~ Block Transform), which belongs to the class of semi-
overlapping transformations, is realized as the trans-
formation in the encoder realized here. When there is an
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f(N-1-n) = f(n) O [err] nlerr] N1 (1)
(I\V21n) +F(n) =2 _ Oferr] nlerr] N2-1 (2) The
first ‘condition corresponds to a synmmetry of f(n). The second condition
corresponds to the point symetry of the square of f(n) in a half w ndow in

each case. Ch%htﬁhg?% 2ondi £ ons Lt G cgg_@%ggaay’ es hﬁleﬁﬁgctﬁ% w ndow

| engt h of thea mat1 on can vari e tween 2 and N_sanpli,ng
val ues. The clmiain odndi adbmneﬁgmamgn afi kYot Bi sampledd vajues, in

transformati %ﬁ?%{ﬁr ll@%@?ﬂpled values are also obtained in the image
range so that no additional coefficients have to be

5 transmitted. The OBT also fulfils the requirement that
the transformation coefficients correspond to the
spectrum of the input signal. As a result of the use of
non-rectangular windows which is possible with the OBT,

the block effects are also reduced and the frequency

10 selectivity improved. As a result of the adaptive
windowing, i.e. switching over the transformation length

and the shape of the window as well as window length,
which is possible with the OBT, the upper limit for N is

not determined here by the covering time. Thus, the

15 adaptive windowing brings about an additional improvement
as the result of the fact that the length of the trans-
formation length [sic] permits a good frequency resol-
ution and a higher transformation gain to be achieved

and, with corresponding window adaptation, permits the

20 pre-echoes to be suppressed by switching over to shorter
transformation lengths. A detection of signal jumps
(combination of the detection of amplitude jumps and
frequency jumps) is provided for the window adaptation in
order to be able to detect changes in terms of pulse,

25 amplitude, phase and frequency in a block in advance. The
detection of signal jumps produces a window signal -
referred to below as window identification - with which

the windowing, transformation and adaptive quantization

and encoding in the encoder part of the transmitter is

30 controlled. The advance analysis of the input signal
prevents a data block being transformed and encoded
repeatedly with different transformation lengths and
ensures that the decision as to which of the encoded
values is used for transmission is not made, by means of

35 comparison, until after the latter has occurred.

Together with the adaptive bit assignment and

adaptive gquantization which exploit the overlapping

properties of the human ear in the frequency range, the
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to the followng results. Alarge window |length with a shape which is as
rounded-of f as possi bl e enabl es a good frequency selectivity. Here, the
error extends over the entite ef fective-vg ndow | ength due to quantization,
of the coefficients after the inverse transformation. This can have a
negati ve effeehcodeirh@hichj ¢6t realdqreli mykes ibeposdiblei gonatakespetoal |y

with Targe jugps it Be,BBLaLUEASL2E EDRaTLYRL YO SR LRelonbfy CPIEGe
degree. _
By means of the window identification, it is
5 possible to carry out a corresponding adaptive decoding
and inverse OBT in the decoder (see Fig. 4b), so that
only the signals which are relevant in terms of psycho-
acoustics are output as output signal. Although the
signal X(n)’ objectively contains less information than
10 the signal X(n), the difference cannot be perceived by
the human ear, so that a signal which is adapted com-
pletely correctly to the psycho-acoustic conditions can
be perceived.
The invention described above is not at all
15 restricted to the OBT but rather also makes it possible
to control all known audio-encoding methods which permit
a variable block length, such as NICAM, MUSICAM, MSC. The
time and the rate of occurrence of scale factors, assign-
ment etc., can be calculated'by means of the detection of
20 frequency jumps.

heet Has Been Replaced

|\I|\|\\ A

H 90/041



3 The choice of a shorter wi ndow causes a deteri or ati-en—i-n—thefrequency

sel ectivity which has a negative effect on the transfornmation gain to be

t
achieved, particularly with strongly coriglated i npui H ﬂmmu “II Qt her
hand, errors can be linited to the w ndow concer ned

on

coef ficients bAteasecthilmar ge signal junps so that their effects o
nei ghbouri ng wi ndows are avoi ded.

1. Method for transmitting a signal which is divided
up by windows into successive overlapping blocks,
[lacuna] in that the signal elements contained in the
5 blocks are each converted into a spectrum by means of
transformation, the spectra are subsequently encoded,
transmitted, decoded after the transmission and converted
back into signal elements by inverse transformation, and
in that, finally, the blocks which contain the signal
10 elements are joined to one another in an overlapping
fashion, the overlapping areas of the blocks being
weighted in such a way that the resultant of the window
functions is one, characterized in that the window
functions are selected as a function of frequency changes
15 of the signal.
2. Method according to Claim 1, characterized in
that the length of the window functions is selected as a
function of the frequency changes.
3. Method according to one of the two preceding
20 claims, characterized in that the windows are at constant
intervals and the effective length of the window func-
tions in comparison with the length of the windows is
selected as a function of the frequency changes.
4, - Method according to Claim 1, characterized in
25 that the intervals between the windows are selected as a
function of the frequency changes.
5. Method according to one or more of Claim 1 to 4,
characterized in that the length of the window functions
is selected to be small in the case of large frequency
30 changes and large in the case of small frequency changes.
6. Method according.to one of the preceding claims,
characterized in that, in order to detect the frequency
changes, the useful signal frequency range is divided up
into at least 2 frequency ranges which are appropriate in
35 terms of psycho-acoustics, in that each frequency range
is evaluated individually and subsequently a logical
combination of the individual results is carried out.

_ e
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In "Frequenz", Vol.43,No.9, September 1989, pages’ 2 “‘ﬂ&ﬁ“ “&
proposed for the signal to be coded an adaptive win u

controll ed by the signal energy, in which{n_ partic ca hi gh-pass filter

is used for the recognition of anplltude Junps wi thin S|gnal bl ocks. In
| EEE Transactipns on Agopsb heSodNah aPhHACESES Y, Hpirac-
S escrlbed an adaptive

ASSP- 27, No. 4, August 1979,  pages 328 335 t here
wi ndow cont r ol FeEL#9d a 1npithafk %él%d’f’r‘!#f’wfg‘lmﬁgb‘mﬁ arecgedecked @5 @t he

obj ect of the fuwepibRnofotkéf eeplichde RANYEs oFEtREUsighallansferring a
signal 8. Method according to Claim 7, characterized in '
5 that the length of the window functions is selected as a
function of amplitude changes.
9. Method according to one of the two Claims 7 or 8,
characterized in that the window function of a following
; window in the area of overlap with the preceding window
10 is formed [sic] the mirror image of the window function,
present in this area, of the preceding window.
10. Method according to one of Claims 7 to 9, charac-
terized in that the length of the window functions is
selected to be small in the case of large amplitude
15 changes and large in the case of small amplitude changes.
11. Method for carrying out the method according to
one of the preceding claims, characterized in that, by
means of a detection of frequency changes and amplitude
changes, a window-identification signal is produced which
20 controls an adaptive windowing, transformation, quantiza-
tion and encoding in the encoder part of a transmitter.
12. Device according to Claim 11, characterized in
that the decoding, the transformation and the windowing
~ can be controlled in the decoder part of the receiver by
25 means of the window identification in the encoder part of
the transmitter.
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so that there is achieved an opti mum frequency selectivity and a high
subj ective quality for -the coded and:decoded signal. This object is

achi eved by the features of claim1. It is the furgQigs é%)eﬁ?JﬁHetiggo
invention to provide a coder device for |nplenentat|on

according to the invention. This object is achi eve®@ByG¥dsieH H/MHA4kl ai m
10. The invention is based on the idea that a wi ndow change-over is al so
useful when the useful signal has frequency junp with constant energy. In
certain cases, this could be

Abstract

1. Method for transmitting a signal

2.1 In a method for transmitting a signal which is
divided by means of windows into successive overlapping
blocks, the signal elements which are contained in the
blocks are each converted by transformation into a
spectrum, the spectra are subsequently encoded, trans-
mitted, decoded after the transmission and converted back
into signal elements by inverse transformation. Finally,
the blocks contained in the signal elements are adjoined
in an overlapping fashion, the overlapping areas of the
block being weighted in such a way that the resultant of
the window functions is one.

2.2. In order to avoid faults in adjacent blocks in
the case of frequency chénges, the window functions and
the length of the window functions are selected as a
function of frequency changes of the input signal.

2.3. . The method is suitable for treating audio signals
and video signals which are subjected to a data reduction
during transmission.

3. Figure 4a
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even necssﬁar because of the psycho-acoustic circunstances. For this, the
usef ul g Qloﬁrequency range (for exanplie, 0 ... 20 kHz) is partitioned
into at |least two. according to psycho-acoustic viewpoints, sensible,
separate frequency ranges. The input sitfhal is separately evaluated in the
respective frequency ranges and, followi ng that, a |ogical conbination of
the separate results is carried out. In a further devel opnent of the

i nvention, the change in frequency is also used for the filter band
change- over of a sub-band coder (adaptive w ndow ng), whereby, as a final

f(n)
a)
- N >
f(n)
b)
- N >
c) f{n)
- N > FIG1
f(n) gln)
-< N —
- N >
e te— N/Z —> FIG.2
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result, the transformation gain is increased. REPLACEMENT SHEET 4
Mor eovel, 99/ Q4 ng the frequency junmp recognition, an adaptive quantization
and - o ' ) . :

2/3

Alt)
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codi ng caﬁ @ago be controlled Iike audio coding nethods such as, for

exanpl B, I/ M MJSICAM MSC, etc. which permt a variable block |ength.
“.Furthernore, the use of frequency junp recognition allows the tine and -

- frequency of occurrence of scale factors, bit allocation factors, etc. to
be cal cul ated so that there is possible 3B inproved controllability and
observability of the transformation and the above-nenti oned audi o codi ng
met hod. It is advantageous if an anplitude change recognition is undertaken
in addition to the '

Page information
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freqhency bhange recognition, and if the adaptive w ndowi ng, quanti 2800GRY-R
and cading. are carried out by logical conbingtion of the two resuItS\FEng
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‘Method for transmitting a signal

The invention relates to a method for transmit-
ting a siénal according to the preamble of Claim 1.
When an audio signal is being transmltted, for
example in the case of radio transmission, transmission
via cable, satellite transmission and in the case of
recording devices, it is known to convert the analog
audio signal into a digital audio signal with a specific
resolution, to transmit it in this form and to convert it
back into an analog signal during reproduction. The
digital transmission permits a larger signal-to-noise
ratio to be 6btained, in particular during reproduction. -
The bandwidth which is required for the trans-
mission of such a signal is essentially determined by the
‘number of sampled values to be transmitted per time unlt'
and by the resolution. :
' ' In practice, there ls a need to keep the
' bandWLdth. ‘necessary for the transmission as small as:
possible in order to be able to manage with a narrowband
'.channel or to be able to transmit s;multaneously as many
audio signals. as possible over an existing channel. The
required bandwidth can in fact be decreased by feducing
the sampled values or the number of bits per sampled
value. -

However, this measure usually results in a
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Fig. 3b shows a W ndow funeti-enwhich is matched to the

jum, Fig.3

BoPLAGL
nal

hows the block circuit diagrfarpof a _coder

in Fig.3a, Fighd t he.course of an input signal w fhia frequency,’
X TR % Mrrf]wsifr nal

d s Z
according to Fi
section of a tr |

decoder section of a receiver, Several=w mdows of consta

Eﬁﬁction whi ch i.s matched to|tHRe

. 4b shows the block circuit diagran1of a

differing wﬁgdom/funqtions f(n) are shown

egradation during reproduction. In a known method
(German Offenlegungsschrift 35 06 912.0), in order to
improve the reproduction quality the digital audio signal
is transformed in chronologically successive periods into
a short-time spectrum which constitutes the spectral
components of the signal for each of the time periods,
for example 20 ms. Owing to psycho-acoustic laws, compo-
nents which are not perceived by the listener, which are
therefore irrelevant in terms of telecommunications, can

~ be located better in the short-term spectrum than in the

time domain. These components are given less weighting,
or omitted entirely during the transmission. By virtue of
this measure, a considerable part of the data which would
otherwise be necessary can be omitted during the trans-
mission so that the average bit rate can be substantially
reduced.

The method described in J. P. Princen and A. B.
Bradley, "Analysis/Synthesis Filter-bank Design based on
Time Domain Aliasing Cancellation", IEEE-Trénsactions
Acoustics, Speech, Signal-Processing, Volume ASsp-34,
pages 1153 - 1161, October 1986, is suitable for dividing
up the signal into sections. In this application, a
transformation is described in which overlapped blocks
with  rounded-off window functions are produced in the
windows without additional coefficients in the frequency
range. In this method, N values are initially extracted
from the input signal using a window function f(n) of the
length N and are subsequently transformed to form N/2

' significant' coefficients in the frequency range. The

inverse transformation is calculated from the N/2 coeffi-
cient of N sampled values which are in turn weighted with
the window function f(n).

However, the output signal of the inverse trans-
formation differs from the input signal of the original
transformation. The precise reconstruction of the input
signal is only possible by adding the output values of
successive inverse transformations in the overlapping
area of in each case N/2 sampled values. So that the
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input signal can be recovered by means of this so-called
"overlap add", the window function f(n) must fulfil the
following conditions:

£(N-1-n) = (£(n) 0 <n < N-1 (1)

 f?(N/2-1-n)+£f%*(n) = 2 0 <n < N/2-1 (?)

The first condition corresponds to a symmetry of
f(n). The second condition corresponds to the point
symmetry of the square of £(n) in one window half in each
case. Taking into account these conditions, the effective
window length of the transformation can be varied between
N/2 and N sampled values.

The selection of the window length using these
methods in transformation encoders leads to the following
effects. A large window length with the most rounded-off
shape possible permits good frequency sélectivity.'At the
same time, the error due to quantization of the coeffi-
cients after the inverse transformation extends over the

entire effective window length. This can have negative

effects on the subjective quality of the encoded signal,
in particular in the case of large jumps in the amplitude
of the signal to be encoded.

_' The selection of the shorter windowé'b:ings about
a degradation of the frequency selectivity, which, in
particﬁlar in the case. of highly correlated input sig-
nals, has negative effects on the transformation gain to
be achieved. In contrast, in the case of iarge signal

_jumps, efrors due to quantization of the coefficients can

be restricted to the respective window so that they are
prevented from affecting adjacent windows.
The invention is based on the object of improving
a method for transmitting a signal according to the
preamble of Claim 1 to the extent that an optimum fre-
quency selectivity and high subjective quality of the
encoded and decoded signal are achieved. |
- The object is achieved adcbrding to the invention
with a method of the type mentioned at the beginning by
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part of Claim 1.

The invention is based on the idea that a window
switch-over is appropriate even if the useful signal has
a frequency jump at the same time as constant energy.

Owing to the psycho-acoustic conditions, this may even be
necessary under certain circumstances. For this purpose, .

the useful signal frequency range (for example 0 ...
20 kHz) is divided up into at least 2 separate frequency
ranges which are appropriate in terms of psycho~-acous-
tics. The input signal is evaluated separately in the
respective frequency ranges and a logical combination of
the separate results is subsequently carried out.

In one development of the invention, the fre-~

quency change is also used for switching over filter
bands for a sub-band encoder (adaptive windowing), as a

- result of which the transformation gain is ultimately

increased.

' Furthermore, by means of the detection of fre-
quency jumps, adaptive quantization and encoding can be
controlled in the same way as audio encoding methods such

as NICAM, MUSICAM, MSC, etc., which permit a variable

block length. As a result of the detection of frequency

jumps, the time and the rate of occurrence of scale
factors, bit assignment factors, etc. can also be calcu-

lated so that an improved controllability and .

observability of the transformation and of the
aforementioned audio encoding methods is possible.

It is advantageous if, in addition to the detec-
tion of frequency changes, a detection of amplitude
changes is carried out, and the adaptive wihdowing,

guantization and encoding is carried out by logically

combining the two results.

The invention is explained in greater detail
below in a drawing with reference to one of many.possible
exemplary embodiments. In the drawing:

Figs la-c show window functions with different widths,
Fig. 2 shows asymmetrical window functions and
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' amplitude jump,

Fig. 3b shows a window function which is adapted to

the input signal in Fig. 3a,

Fig. 3c shows the profile of an anut signal with
frequency jump,

"Fig. 3d shows a window function which is adapted to
the input signal in accordance with Fig. 3c,

Fig. 4a shows the block circuit diagram.of an encoder

. part of a transmitter,

Fig. 4b shows the block circuit diagram of a decoder
part of a receiver.

_ Fig. 1 shows a plurality of windows of constant
width (b) and with different window functions f(n). The
windows are each composed in such a way that the adjacent
windows overlap to their mid point. As a result, in Fig.
la overlapping to the mid point also occurs in the case
.of the sinusocidal window function f(n), in the illustra-
tion according to Fig. 1b partial overlapping, to less
than the mldp01nt, occurs, and ln Fig. 1c the two limbs
of the window function f(n) only touch.

Flg. 2 shows the super1mpos;tlon of two w1ndows
with asymmetrical window functions f(n) and g(n). The
'windew functions are however configured in their common
‘overlapping area such that their resultants complement
one another to form 1. '
An amplitude profile A(t) of an input signal is
- 'illustrated in Fig. 3a. As can be seen, the signal
initially'has a uniform low amplitude which is followed
by a signal jump, after which the origindal amplitude
_continues. Below this, in Fig. 3b window functions of the
windows, with which this signal can be processed to an
optimum_degree, are illustrated. In the first area 1,
these window functions are sinusoidal window functions
which permit a high degree of frequency selectivity. The
window 3, in which the signal with the high amplitude
occurs, has, in contrast, a window funetion which is very
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effect of the signal junp. The frequency path jF(t) of an |nput }

and 4, that is to say of the preceding window and of the
following window have a correspondingly adapted window

function in the overlapping area so that in these areas

the window functions complement one another to form one.
Thus, the window functions in these two adjacent windows
2 and 4 have an asymmetrical shape. Quantization faults
which would occurs inside the window 3 and in which the
signal jump occurs are thus restricted to the area of the
window functions of the window 3 and are thus reduced to
half the chronological duration for'eXAmple in comparison
with a window function with a sinusoidal profile. As a

.result of the covering effect of the signal Jjump, a

subjective improvement of the audio quality is thus
obtained despite the reduced frequency selectivity.

The frequency profile F(t) of an input signal is
illustrated in Fig. 3c. As can be seen, the signal
initially has a constant frequency (for example 10 kHz)
which is followed by a frequency jump to a substantially
lower frequency (for example 200 Hz) takes place [sic].

- The amplitude of the signal remains copétant during this

process. Window functions of the windows with which this
signal can be processed to an optimum degree are illus-
trated in Fig. 3d. _

In the first area 1, the window functions are

‘sinusoidal window functions which permit a high degree of
frequency selectivity. The window functions of windows 2

and 3 in which the frequency jump occurs have, in the

. overlapping area, a window function which is correspon-

dingly adapted in such a way that in this area the window

" functions complement one another to form 1. Here, the

- overlapping area is made very narrow. Thus, the window

. functions in the two adjacent windows 2 and 3 have an

asymmetrical shape. Quantization faults which would occur
within the window 3 and in which the signal jump occurs
are restricted to the area of the window functions of the
window 3 and are thus reduced to half the chronological

~ duration for example in comparison with a window function




first the si

there occurs after . ncy junp to a significantl
(for exanple, f% ShE o enﬁ'ﬂ%ﬁis the anplitude of the si
constant. W ndo m ”E t he wi ndows, with which this]signal can be
optimally proces ' L in Fig. 3d. In the first regreort—therear

Si ne wave W
selectivity.
junp occurs,

al — —constant—f
gnal —has—= requency (for exanple 10 %agppFﬁg@ggn

renains

H
oy

ndow functions which rendér ‘pdssi ble a high frequency

T i ndow f ' fo W 2 31 ich the.f
whbBs e ShPianhdh (ERefi dhabE o8 HeRBah UhcirenoPKOERBS oo ap

effect of the signal jump, a subjective improvement in
the audio quality is thus obtained despite the reduced

frequency selectivity.

For the simplest detection of frequencj jumps,
the useful signal with the useful signal frequency range
(0 ... 20 kHz) is divided here into two separate fre-
quency ranges (0 ... 1 kHz and 1 kHz ... 20 kHz). Each
frequency range is now evaluated separately and
subsequently the separate results are logically combined
with one another.

In terms of psycho-acoustics, this leads to the

- following window switch-over. When. there is a decrease in

the signal energy in the upper frequency range and a
simultaneous increase in the lower frequency range, a
window switch-over must be performed since it is neces-

. sary for psycho-acoustic reasons. The case in the region

- phase filters or filter banks without a reconstruction

of the frequency jump'according to Fig. 3c then occurs.
When there is a decrease in energy-in the upper range and
no increase in the lower range, no window switch-over is
necessary since this case is not critical. Likewise, a

window switch-over may be omitted if there is an increase

in energy only in the lower range. If an increase in

energy takes place only in the upper range, a switch-over

must take place in the usual fashion. If there is an
increase in energy in both ranges, a switch-over to small
window lehgths must take place because the signal must
contain pulses.

Analyéis filters, such as are already used in
sub~bandcoders, are suitable for detecting frequency
changes. However, simpler filters (for example minimum-

facility) are also conceivable.

The block circuit diagram of an encoder part in
a transmitter is shown in Fig. 4a. The OBT (Overlapping-
Block Transform), which belongs to the class of semi~-
overlapping transformations, is realized as the trans-
formation in the encoder realized here. When there is an

§%
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advance of one block of N sampled values in the time
domain and a transformation of two N sampled values, in
turn only N sampled values are also obtained in the image
range so that no additional coefficients have to be
transmitted. The OBT also fulfils the requirement that
the transformation coefficients correspond to the
spectrum of the input signal. As a result of the use of .
non~-rectangular windows which is possible with the OBT,
the block effeéts are also reduced and the frequency
selectivity improved. As a result of the adaptive
windowing, i.e. switching over the transformation length
and the shape of the window as well as window length,
which is possible with the OBT, the upper limit for N is
not determined here by the covering time. Thus, the
adaptive windowing brings about an additional improvement
as the result of the fact that the length of the trans-
formation length [sic]) permits a good frequency resol-
.ution and a higher transformation gain to be achieved
and, with corresponding window adaptation, permits the
pre~echoes to be suppressed by switching over to shorter
' transformation lengths. A detection of signal jumps
(combination of the detection of amplitude jumps and
fréquency jumps) is provided for the window adaptation in
order to be able to detect changes in terms of pulse,
amplitude, phase and frequency in a block in advance. The
detection of signal jumps produces a window signal -
referred to below as window identification - with which
. the windowing, transformation and adaptive quantization
"and encoding in the encoder part of the transmitter is
controlled. The advance analysis of the input signal
‘prevents a data block being transformed and encoded
- repeatedly with different transformation lengths and
ensures that the decision as to which of the encoded
values is used for transmission is not made, by means of
comparison, until after the latter has occurred.
Together with the adaptive bit assignment and
adaptive quantization which exploit the overlapping
properties of the human ear in the freguency range, the
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subj ective inprovenment in audio quality results becaus SKI1 ng
effect of the signal junp. For the nostgsinple frequenfy junp recognitig
t he useful signal with the useful signal frequency range. (0O ... 20 kHz) is
in this casemsdder iwhiash i id ardali s aalens fite@powadple to take into

account psycho-acoustic conditions to an extremely large

degree.
By means of the window identification, it is
~possible to carry out a corresponding adaptive decoding
and inverse OBT in the decoder (see Fig. 4b), so that
only the signals which are relevant in terms of psycho-
acoustics are output as output signal. Although the
signal X(n)’ objectively contains less information than
- the signal X(n), the difference cannot be perceived by
the human ear, so that a Signal which is adapted com-
pletely'correctly'to the psycho-acoustic conditions can
be perceived. _ _
The invention described above is not at all
restricted to the OBT .but rather also makes it possible
' to control all known audio~encoding methods which permit
a variable block length, such as NICAM, MUSICAM, MSC. The
time and the rate of occurrence of scale factors, éssign-
ment etc., can be calculated by means of thé detection of
frequency jumps. '

This Sheet Has Been Re'placed
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aims
1. Method for transmitting a signal which is divided

up by windows into successive overlapping blocks, -
[lacuna] in that the signal elements contained in the
blocks are each converted into a spectrum by means of
transformation, the spectra are subsequently encoded,
transmitted, decoded after the transmission and converted
back into signal elements by inverse transformation, and
in that, finally, the blocks which contain the signal
elements are joined to one another in an overlapping
fashlon, the overlapping areas of the blocks being
welghted in such a way that the resultant of the window -
functions is one, characterized in that the window
functions are selected as a function of frequency changes
of the signal. | -

2. Method according to Claim 1, characterized in
that the length of the window functions is selected as a
function of the frequency changes.

3. Method according to one of the two preceding
'claims, charaqterized in that the windows are at constant
intervals and the effective length of the window func-
tions in comparison with the length of the windgwé is
selected as a function of the fréquéncy changes.

4. Method according to Claim 1, characterized in
that the intervals between the windows are selected as a

functlon of the frequency changes.

5. Method according to one or more of Claim 1 to 4,
characterized in that the length of the window functions
is selected'to-ﬁe small in the case of large frequency
changes and large in the case of small frequency changes.

6. ‘Method according to one of the preceding claims,
characterized in that, in order to detect the frequency

changes, the useéful signal frequency range is divided up
into at least 2 frequency ranges which are appropriate in
terms of psycho-acoustics, in that each frequency range
is evaluated individually and subsequently a logical
combination of the individual results is carried out.



case in the region of the frequency junp according to Fig—3¢c-+s-present.
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must occur pecause fBendhdietorfithg AW cHd) RIS 1 to 6, charac-

terized in that the window functions are selected as a
function of the amplitude changes of the signal.
8. Method according to Claim 7, characterized in
that the length of the window functions is selected as a
function of amplitude changes. '
9. Method according to one of the two Claims 7 or 8,
characterized in that the window function of a following

'_window in the area of overlap with the preceding window
is formed [sic] the mirror image of the window function,
present in this area, of the preceding window.

10, Method according to one of Claims 7 to 9, charac-
terized in that the length of the window functions is
selected to be small in the case of large amplitude
changes and large in the case of small amplitude changes.
11. Method for carrying out the method according to
one of the preceding claims, characterized 'in that, by
means of a detection of frequency changes and amplitude '
changes, a window-identification signal is produced which
controls an adaptive windowing, transformation, quantiza-’

. tion and encoding in the encoder part of a transmitter. |
12. Device according to Claim 11, characterized in '
that the decoding, the transformation and the windowing
can be controlled in the decoder part of the receiver by
means of the window identification in the encoder part of
the transmitter.




Anal ysing filters,

| i ke those used already in sub-band coders are suitable

for the detection of frequency changes. However, there are al so sinpler
filters (for exanple. mnimum phase filters or filter banks w thout

reconstruction pOSSIbI|ItIes) whi ch can be conS|deredw-————~

————

eet Has Been RT laced

\\II\I\\\lIl\\\\\I\I\ !

Abstract
Method for transmitting a signal

In a method for transmitting a signal which is
divided by means of windows into successive overlapping
blocks, the signal elements which are contained in the
blocks are each converted by transformation into a
spectrum, the'spectra are subsequently encoded, trans-

© _ mitted, decoded after the transmission and converted back

into signal elements by inverse transformation. Finally,
the blocks contained in the signal elements are adjoined

- in an overlapping fashion, the overlapping areas of the

block being weighted in such a way that the resultant of
the window functions is one.

In order to avoid faults in adjacent blocks in
“the case of frequency changes, the window fuhctions.and
‘the length of the window functions are selected as a
functlon of frequency changes of the input s;gnal. |

. The method is suitable for treating audio signals
and video signals which are subjected to a data reduction

‘during transmission.

Figure 4a




7 The block circuit diagramof a coder section in a transmtter is shown in
Fig.4a. The coder shown in this case uses the OBT (overlapping bl ock
transfornm type of transformation which belongs to the class of half
over | apping transformations. Upon an advance of one bl ock of N sanpling
values in the tinme domain and a transformation of two N-sampl+rAg—values,
one again only obtains N sanpling values in the pictqmgsﬂ&ﬁqs%p t hat
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reqU|renent -that the tr ion coefficients should correspond to the
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transformation gain are achi eved through the size of the transformation
l'ength, and with appropriate w ndow adaption, the pre-echoes from changing
over to shorter transformation | engths can be suppressed. A signal junp
recognition (a conbination of anplitude junp and frequency junp
recognition) is provided for the wi ndow adaption in order to detect changes
of pul se, anplitude, phase and frequency in a block in advance. The signal

junp recognition generates a w ndow si énal - hereinafter called w ndow
characteristic- by which the wi ndow ng, transformation and"“éaé‘ﬁfT'Vé““‘
: : This Sheet Has Been Repl
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When rtransferring an audio signal. e.g. with radio broadcast, cable transmission,
sateltite transnifssion and with recording devices, it is known to conver: the analog
audio signal into a dig'ir_al audio signal with a defined resolution, to transmict it in this
form. and to reconvert it into an analog signal upon reproduction. An increased signal-

to-noise ratio is achieved by the digiwl wansmission, particularly during reproduction.

The band width necessary for the twransfer of such a signal is essentially determined by
the number of sampling values per time unit which have to be transmitted as well as

by the resolution.

[n practice, there exists the requirement that the band width necessary for the transter
is to be kept as small as possible in order to make do with a narrow band channel or
to be able to transter as many audio signals as possible over an existing channel. The
band width required can be itself lowered by reducing the sampling values or the

aumber of bits per sampling value.

However, as a rule this measure cesults in a deterioration in the reproduction. [n order
to improve the reproduction quality. in a known method (DE OS 35 06 912.0) the
digitai audio signal in temporal successive segments is transformed into a short term
spectrum which represents. tor the respective time segments. e.g. 20 ms. the spectral

comporents of the signal. Because of psycho-acoustic laws, components which are not

perceived by the listener, and are therefore irrelevant from the point of view of

providing information. can usually be more easily found in the short term spectrum
than in the time domain. These components are less heavily weighted or completely

left out upon transfer. By means of this measure, a considerable part of the gtherwise

necessary data can be omiced during transfer so chat the -average. bit rate can be.

C i

significantly reduced. IR

The method described by J.P. Princen and A.B. Bradley in "Apalysis/Synthesis Filter- -

bank Design used on Time Domain Aliasing Cancellation”, [EEE Transactions

S{ETRLARFerdifg &0 TerambRl | zed

presents a pesgidkil ity for taking into consideration the psycho-acoustic
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so that only the signals with psycho-acoustic rel evqnde Wu' aé
out put signal. The signal X(n)' has in fact, objectijvél fggseﬂg
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Acoustics, Speech, Signal Processing, volume ASSP-34, pages (133 - 1161, October
1986. is suitable for the partitioning of the signal into segments. This describes a
transformation in which overlapping blocks with rounded-off window tunctions are
generated in the windows without additional coefficients in the frequency domain. [n
this method, N values are firstly cut out from the input signal by means of a window
tunction f(n) of length N, and subsequently transformed into N/2 significant coefficients
in the frequency domain. The inverse transformation calculates from the N/2
coefficients, N sampling values, which are again weighted using the window function

£(n).

However, the output signal of the inverse transformation differs from the input signal
of the forward transformation. The precise reconstruction of the input signal is only
made possible when the output values of successive inverse transformations are added
in the overlapping region of N/2 sampling values in each case. In order that the input
signal can be recovered by means of this so-called "overlap-add”. the window function

f(n) must comply with the following conditions:

f(N-1-n) = f(n) 0 <n< N-I (D
£ (N/2-1-n) + F (n) =2 0 < n < N/2-1 (2)
The first condition corresponds to a symmetry of f(n). The second condition
corresponds to the point symmetry of the square of £(n) in a hali window in each case.
Taking these conditions into consideration. the effective window length of the

transformation can be varied between N/2 and N sampling values.

The choice of window length when using this method in transiormation coders leads
to the following results. A large window length with a shape which is as rounded-oft
as possible enables a good frequency seleétivity. Here. the error extends over the
entire effective window length due to quantization of the coefticients afier the inverse
transtormation. This can have a negative effect on the subjective quality of the coded

signal, especially with large jumps in the amplitude of the signal which is to be coded.
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which has a negative effect on the transtormation gain to be achieved. particularly with

strongly correlated input signals. On the other hand. errors can be limited to the

window concerned by quantizing the coefficients in case of large signal jumps so that

their efiects on neighbouring windows are avoided.

[n "Frequenz”, Vol.43,No.9, September 1989, pages 252-256 there was proposed for

the signal to be coded an adaprive window changeover controlled by the signal energy,

in which in particular a high-pass filter is used for the recognition of amplitude jumps

within signal blocks. In I[EEE Transactions on Acoustics. Spesch, and Signal
Processing, Vol. ASSP-27, No.4, August 1979, pages 328-333. there is described an

adaptive window controlled by a "Pitch Detection” for use in a cepstrum.

[cis the object of the invention to effectively improve a method for transferring a signal

so that there is achieved an optimum frequency selectivity and a high subjective qualicy

for the coded and decoded signal. This object is achieved by the feawres of claim 1.

lcis che further object of the invention to provide a coder device for implementation of

the method according to the invention. This object is achieved by the device of claim

t0.

The invention is based on the idea that a window change-over is also useful when the

useful signal has frequency jump with constant energy. [n certain cases. this could be

even necessary because of the psycho-acoustic circumstances. For this,

the usetul

signal {requency range (for example, 0 ... 20 kHz) is partitioned inco at least two.

according to psycho-acoustic viewpoints, sensible, separate frequency ranges. The

input signal is separately evaluated in the respective frequency ranges and. following

that. a logical combination of the separate results is carried out.

In a turther development of the invention, the change in frequency is also used for the

tilter band change-over of a sub-band coder (adaptive windowing). whereby. as a final

result, the transformation gain is increased.
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Moreover, by using the frequency jump recognition, an adaptive quantization and
coding can also be controlled like audio coding methods such as. for example, NICAM,
MUSICAM, MSC, ewc. which permit a variable block length. Furthermore. the use of
{requency jump recognition allows the time and frequency of occurrence of scale
tactors, bit allocation factors, etc. to be calculated so thac there is possible an improved
controllability and obéewabi[ity of the transformation and the above-mentioned audio

coding method.

[t is advantageous if an amplitude change recognition is undertaken in addition to the
frequency change recognition, and if the adaptive windowing. quantization and coding

are carried out by logical combination of the two results.

In the following, the invention is more closely illustrated in a drawing with reference

to one of the many possible embodiments. In the drawing:

Fig. la-c show window functions with differing widths,

Fig.2 shows asymmetric window functions, and

Fig.3a shows the course of an input signal with an amplitude jump,

Fig.3b shows a window function which is matched to the input signal shown in Fig.3a,

Fig.3c shows the course of an input signal with a frequency jump,

Fig.3d shows a window function which is matched to the inpuc signal according (o
Fig.3c,

g.4a shows the block circuit diagram of a coder section of a transmitter,

o
ia

Fig.4b shows the block circuit diagram of a decoder section of a receiver.

Several windows of constant width (b) and differing window functions f(n) are shown
in Fig.l. The windows are in each case put together in such a way that the
neighbouring windows overlap by one half. This also results in an overlap by half in
the sine wave window function f(n) in Fig. la, in the representation according to Fig. b
lin a partial overlap which is less than one half. and in Fig.lc only in a touching of the

two sides ot the window function f(n).
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which'is partitioned in the time domain by wi ndow function
successi ve, overl apping w ndows, the part signals containe
bei ng respectively converted by transformation into a spec
spectra are coded and after a transfer are decoded and are
into part signals by inverse transformtion and the bl ocks
part signals are placed overl appi ng each other, the overl appi ng regi ons of
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g(n). However. the window tunctions are designed in their overlap area in such a

manner that their resultants together equal one.

An amplitude characteristic A(t) of an input signal is shown in Fig.3a. As can be seen,
at first che'signal has a steady low amplitude which is followed by a signal jump
whereupon the original amplitude continues. The window functions of the windows
which enable optimum processing of this signal are shown underneath in Fig.3b. There
are sine wave window functions in the first region | which render possible a high
frequency selectivity. The window 3, in which the signal wich the high amplitude
occurs, possesses, in comparison, a window function which is very narrow. The
window functions of the adjacent windows 2 and 4, i.e. the preceding and the following
window, have an appropriately adapted window function in the overlap area so that the
window -functions in this area sum to one. Thus the window functions in these two
adjoining windows 2 and 4 have an asymmetric structure. Quantization disiurbances
which would appear within window 3, in which the signal jump occurs. are thereby
restricted to the area of the window function of window 3. and thus reduced to about
one half of the temporal extent when compared to a window function with sine wave
course. Despite the reduced frequency selectivity, a subjective improvement in audio

quality results because of the masking effect ot the signal jump.

The frequency path F(r) of an input signal is illustrated in Fig.3c. As can be seen. at
first the signal has a constant tfrequency (for example, 10 kHz) whereupon there occurs
after that a frequency jump to a significantly lower frequency (for exémple, 200 Hz).
During this the amplitude of the signal remains constant. Window functions of the

windows, with which this signal can be optimally processed. are shown in Fig. 3d.

[n the first region 1 there are sine wave window tunctions which render possible a high
frequency selectivity. The window tunctions of windows 2 and 3. in which the
frequency jump occurs, posses an appropriately adapted window function in the overlap

area in such a way that in this region the window functions sum to 1. Here the overlap



wi ndow functions are sel ected in dependence upon frequency changes of the
signal evaluated in at |least two different frequency ranges, wherein a

wi ndow change-over is undertaken: - in the case of the reduction in the
signal energy in an upper frequency range and a sinultaneous increase of
the signal energy in a |ower frequency kange; - in the case of the increase
of the signal energy only in the upper frequency range; - in the case of

the increagg; afortvRey RALHR foGREBYs tHE WiRBoWRRREIAMIGn ke dFadj@WRly windows
2 and 3 have an asymmetric structure. Quantization disturbances which would appear
within window 3, in which the signal jump occurs. are thereby restricted o the area
of the window functions of window 3. and therewith reduced to about one half of the
iemporal extent when compared to a window function with sine wave course. Thus,
despite the reduced frequency selectivity, a subjective improvement in audio quality

results because of the masking effect of the signal jump.

For the most simple frequency jump recognition, the useful signal with the useful signal
frequency range (0 ... 20 kHz) is in this case partitioned into two separate frequency
ranges (0 ... 1 kHz and | kHz ... 20 kHz). Each frequency range is now separately
evaluated and following that, the separate results are logically combined with each

other.

Under psycho-acoustical considerations, this leads to the following window change-
over: Upon reduction of the signal energy in the upper frequency range and
simultaneous increase in the lower frequency range, a window change-over must be
executed because this is necessary trom a psycho-acoustic point of view. Then, the
case in the region of the frequency jump according to Fig.3c is present. A window
change-over is not necessary with energy reduction in the upper range and no increase
in the lower range because this case is not critical. Equally, a window change-over can
5¢ omitted if there is an energy increase only in the lower cange. [t there is an energy
:acrease only tn the upper range then a change-over must take place in the usual way.
[¢ there is an energy increase in both ranges then a change-over to small window

:2ngths must occur because the signal must contain impulses.

Analysing filters, like those used already in sub-band coders. are suitable for the
detection of frequency changes. However, there are also simpler filters (for example.
minimum phase filters or filter banks without reconstruction possibilities) which can be

considered.

[~ REPLACEMENT SHEEY
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frequéncy range. 2. A nmet hod according to claim}, How
change-over occurs even with constant anplitude of thg upper
and | ower frequency range. 3. A met hod accordi ng }t g
wherein the transformation | ength and the w ndow | enig

adaptively. 4. A nmet hod according to @ne or nore tof cI ai s 1 to 3,
wherei n the bl ocks have constant spacing and the Ien'gﬁ?ﬁWMV
functi ons iTheciopacirswndiagranhet hendédsection in a transmitter is shown in Fig.4a. The

coder shown in this case uses the OBT (overlapping block transform) type of
transiormation which belongs to the class of half overlapping transformations. Upon
an advance of one block of N sampling values in the time domain and a ransformation
of two N sampling values, one again only obtains N sampling values in the picture area.
so that additional coefficients need not be transmitted. Moreover, the OBT tulfils the
requirement that the transformation coefficients should correspond to the spectrum of
the input signal. By using non-square-shaped windows. which is possible with the
OBT, the block effects are also diminished and the frequency selectivity improved. By
using adaptivé windowing, which is possible with OBT, i.e. changing over the
transformation length and the window shape as well as window length, the upper limit
for N in this case is not determined by the masking time. Thus the adaptive windowing
producss an additional improvement in that a good frequency resolution and a higher
transformation gain are achieved through the size of the transformation length, and with
appropriate  window adaption, the pre-echoes from changing over 0 shorter
transformation lengths can be suppressed. A signal jump recognition (a combination
of amplitude jump and frequency jump recognition) is provided for the window
adaption in order to detect changes of pulse, amplitude. phase and frequéncy in a block
in advance. The signal jump recognition generates a window sigral - hereinaiter called
window characteristic- by which the windowing. transformation and adaptive
quantization and coding in the coder section of the transmitter are controlied. The pre-
analysis of the inpur signal avoids the possibility of a data block being transiormed and
coded several times with differing ransformation lengths. and it is then decided by

comparison which of the coded values are to be transterred.

Together with the adaptive bit allocation and adaptive quantization, which exploic the
masking characteristics of human hearing in the frequency range, the coder realized
presents a possibility for taking into consideration the psycho-acoustic circumstances

to a farge extent.

By using window recognition, a corresponding adaptive decoding and inverse OBT can



(N) of-the blocks is selected in dependence on the frequency changes. 5.
A nethod according to claim 1, wherein the spacings of the wi ndows are

sel ected i n dependence on the frequency changes. 6. A nmet hod accordi ng
to one or nore of clains 1 to 5, wherein the |length of the
8

de carried out in the decoder. see Fig. 4b, so that only the signals with psycho-acoustic
celevance are sent out as output signal. The signal X(n)' has in fact. objectively seen.
a lower information content than the signal X(n) but the difference cannot be perceived
by human hearing so that a completely correct signal matching the psycho-acoustic

conditions can be perceived.

The invention described in the foregoing is in no way restricted o the OBT, but
moreover, can enable control of all known audio coding methods which permit variable
block lengths like, for example, NICAM, MUSICAM, MSC. The use of frequency
jump detection allows the time and frequency of occurrence of scale factors, allocation

factors, etc. to be calculated.




10 wi ndow functions is selected to be small with IarW
and to be large with small frequency changes. 7. 0od according to
any one of claims 1 to 6. wherein the w ndow functions, ' ﬂmﬂ \or
the transformation length are additionally selected i n\\m\‘m‘a‘“\u .
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l. A method for the coding. transmission or decoding of an audio signal (x).

which s partitioned in the tme domain by window functions into successive,

overlapping windows. the part signals contained in the windows being respectively

converted by transformation into a spectrum (X) and the spectra are coded and after a

transter are decoded and are changed back into part signals by inverse transformation

and the blocks containing the part signals are placed overlapping each other, the

overlapping regions of the blocks being weighted by the window functions so that the

resultant of the window functions (f(n), g(n)) amounts to one, characterised in that the

window functions are selected in dependence upon frequency changes of the signal

evaluated in at least two different frequency ranges. wherein a window change-over is

undertaken:

- in the case of the reduction in the signal energy in an upper i{requency range and a

simultaneous increase of the signal energy in a lower frequency range;

- in the case of the increase of the signal energy only in the upper frequency range;

- in the case of the increase of the signal energy in the upper and in the lower

frequency range.

2. A method according to claim 1, wherein the window change-over occurs even
with constant amplitude of the signals in the upper and lower frequency range.

3. A method according to claim 1 or 2. wherein the transtormation length and
the window length are changed adaptively.

4. A method according to one or more of claims 1 to 3. wherein the biocks have
constunt spacing and the lengths of the window functions in comparison o the length
(N) of the blocks is selected in dependence on the frequency changes.

3. A method according to claim 1, wherein the spacings of the windows are
selected in dependence on the frequency changes.

6. A method according to one or more of claims 1 to 5, wherein the length of the




sel ected to be small with large anplitude changes and to be large with
smal | anplitude changes. 9. A net hod according to one or nore of clains

| to 8, wherein the wi ndow function of a succeeding Y m) "ﬂ/

overl apping region with that of the preceding w ndowrm‘ m‘umﬂi "l!ll
reflection of the wi ndow function in thigyregion. 10. * A cbdet devi‘ce for
an audi o signal (x), which is partitioned in the tinme domain by a wi ndow ng
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with small frequency changes.

7. A method according to any one of claims | to 6, wherein the window functions
or their length or the transformation length are additionally selected in dependence on

amplitude changes.

8. A method according to claim 7, wherein the length of the window functions is
selected to be small with large amplitude changes and to be large with small amplitude

changes.

9. A method according to one or more of claims | to 8, wherein the window
function of a succeeding window in the overlapping region with that of the preceding

windows is formed by reflection of the window function in this region.

10. A coder device for an audio signal (x), which is partitioned in the time domain
by a windowing unit into successive overlapping windows. the part signals contained
in the windows being respectively converted by a transformation unit into a spectrum
(X) and these spectra are coded in a unit for adaptive quantisation and coding, the
overlapping regions of the windows being so weighted by the window functions that the
cesultant of the window functions (f(n), g(n)) amounts to one, characterised in that the
window functions can be selected by means of a window-recognition signal generated
in a signal jump recognition unit in dependence upon trequency changes of the signal
evaluation in at least two different frequency ranges, wherein a window change-over
is undertaken:

- in the case of the reduction in the signal energy in an upper frequency range and a
simultaneous increase of the signal energy in a lower frequency range;

- in the case of the increase of the signal energy only in the upper frequency range;
- in the case of the increase of the signal energy in the upper and in the lower

frequency range.




in the w ndows being respectively converted by a transformation unit

into a
spectrum (X) and these spectra are coded in a unit for adaptive
guanti sati on and codi ng,

t he overl appi ng regi ons of the wi ndows being so
wei ghted by the wi ndow functions chat the resultant of the w ndow functions
(f(n), g(n)) anounts to one characterised in that the w ndow functions can
be sel ected by neans of a wi ndowrecognition signal generated in a signal
junp recognition unit in dependence upon frequency changes of the signal
eval uation in at |east two (e
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I's undertaken: - in the case of the reduction in the signal energy in an
" upper frequency range and a sinmultaneous increase of the signal energy in a
in the case of the increase of the signal energy
in the case of the increase of the

| ower frequency range;

only in the upper frequency range;
signal energy in the upper and in the | ower frequency range.
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TRANSFORM CODER WITH ADAPTIVE WINDOW FUNCTION

ABSTRACT

In a method for transmitting a signal which is
partitioned into successive, overlapping blocks, the
partial signals contained in the blocks are always
converted into a'spectfum by means of transformation,
and following that, the spectrums are coded,
transmitted, and after transmission decoded and
reconverted back into partial signals using re-
transformation. The blocks containing the partial
signals are finally put together with overlaps, whereby
the overlapping areas of the blocks are weighted in
such a way that the resultant of the window functions

equals one.

In order to avoid interference with neighboring
blocks during frequency changes, the window functions
and the length of the window functions are selected
depending on the frequency changes of the input signal.

The method is suitable for the treatment of audio
and video signals which are subjected to a data

reduction during transmission.

Figure 4a
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