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[57] ABSTRACT

A method of transmitting digitized block coded audio sig-
nals includes forming scale factors of the digitized audio
signals. The n(k-1) differences are formed from k succes-
sively in-time scale factors for each frequency sub-band or
for a group of spectral values of the audio signal. The n(k-1)
differences are grouped into at least two value classes. New
scale factors are selected for each of the n sub-bands or
spectral value groups based on a sequence of n(k-1) value
classes. Identifying information, including the control infor-
mation indicating at which locations in the sequence of
n(k-1) value classes the selected new scale factors are
disposed, is associated with each sequence of n(k-1) value
classes. The associated selected new scale factors are
assigned to each sequence of the sampled signal values and
to the identifying information associated with each sequence
of sampled signal values. A transmission pattern of new
scale factors is determined separately for each of the n
sub-bands or spectral value groups. Lastly, audio signals are
regenerated from the sampled signal values and from the
assigned selected new scale factors.

2 Claims, 1 Drawing Sheet
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PERCEPTUAL AUDIO SIGNAL SUBBAND
CODING USING VALUE CLASSES FOR
SUCCESSIVE SCALE FACTOR
DIFFERENCES

This application is a Continuation of application Ser. No.
08/094,028, filed Jul. 26, 1993 (now abandoned), which is a
371 of PCT/EP91/01211 Jun. 6, 1991.

BACKGROUND OF THE INVENTION

1. Field of the Invention

The invention relates to a method of transmitting digitized
block coded audio signals using scale factors formed during
block coding of the digitized audio signals based on a peak
value of a sequence of signal values of the digitized audio
signals, especially during irrelevance and redundance reduc-
ing methods. Such a method is disclosed in German Patent
3,328,344.

2. Description of the Related Art

It is known (German Patent 3,328,344) to transmit digi-
tized audio signals by forming a scale factor during block
coding from the amount of the peak value of a sequence
(block) of signal values, with this scale factor indicating in
which one of several magnitude ranges the amplitude of the
peak value lies. In addition, as disclosed in German Patent
3,639,753, the sampled signal values may be represented in
a plurality of spectral sub-band signals and the sampled
values of the individual sub-bands may be changed as
determined by the respective masking threshold of the
human auditory system in the sense of a reduction of
irrelevance and redundance. Instead of dividing the digitized
audio signal into spectral sub-bands, it is also possible to
subject the digitized audio signal to a Fourier analysis and to
determine the scale factors for groups of spectral values as
well as to perform a reduction of irrelevance and redun-
dance.

SUMMARY OF THE INVENTION

In contrast thereto it is the object of the invention to
perform an information reduction also for the scale factors
by means of which the data rate which is necessary for a
digital audio transmission is further reduced.

This is accomplished according to the invention by a
method of transmitting digitized block coded audio signals
including the steps of forming scale factors of the digitized
audio signals based on a peak value of a sequence of
sampled signal values of the digitized audio signals, forming
n(k-1) differences from k successively in-time scale factors
for each frequency sub-band or for a group of spectral values
of the audio signal with n being greater than or equal to 1,
grouping the n(k-1) differences into at least two value
classes with each value class including a quantity of at least
one possible difference of scale factors, selecting new scale
factors for each of the n sub-bands or spectral value groups
based on a sequence of n(k-1) value classes with the number
of successive different selected scale factors within each
sequence of n(k-1) value classes being less than or equal to
a number of successive different scale factors of each
sub-band or spectral value group, associating identifying
information with each sequence of n(k-1) value classes, the
identifying information identifying an association of each of
the selected new scale factors with at least one of the k
sequences of the sampled signal values for each respective
sub-band or spectral value group and including control
information indicating at which locations in the sequence of
n(k-1) value classes the selected new scale factors are
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2

disposed, assigning the associated selected new scale factors
to each sequence of the sampled signal values and to the
identifying information associated with each sequence of
sampled signal values, determining a transmission pattern of
new scale factors separately for each of the n sub-bands or
spectral value groups based on psychoacoustic aspects with
respect to pre-masking and post-masking effects of a human
auditory system with a distinction being made between
psycho-acoustically relevant changes in the scale factors,
and regenerating audio signals from the sampled signal
values and from the assigned selected new scale factors.

BRIEF DESCRIPTION OF THE DRAWING

The invention will be described in greater detail below
with reference to the sole FIGURE showing a flow chart of
a method according to the invention for transmitting digi-
tized block coded audio signals.

DETAILED DESCRIPTION OF THE
PREFERRED EMBODIMENT

The invention will now be described in greater detail with
reference to an embodiment thereof.

The bit saving scale factor transmission is based on the
detection and coding of patterns, thus eliminating redun-
dance as well as irrelevance.

The input matrix is composed of k columns and n rows,
with k representing the number of scale factors that are
successive in time and n representing the number of sub-
bands (step S1 of the FIGURE). The description hereinafter
generally is given in the left-hand column while an example
is given in the right-hand column. The example (right)
relates to three successive scale factors comprising a total of
32 sub-bands (hereinafter called a frame). The scale factors
are quantized with 6 bits and are thus able to take on 2°=64
possible values. A block for which a scale factor is formed
has a length of 8 ms.

Input matrix:
SCf11 SCflz . SCflk ‘ SCf11 SCflz . SCf13
’78Cf21 —‘ } ’78Cf21 —‘
‘ .
SCfnk SCf32 1

total frame 32 * 18 bits = 576 bits

3 * 6 bits = 18 bits
3 * 6 bits = 18 bits

scfzy 3J 3 * 6 bits = 18 bits

Now the differences d of successive values of each row
and/or column are calculated (step S2). They are stored in an
intermediate matrix. The magnitude of the differences is a
function of the absolute block length (row) or of the width
of the sub-bands (column). Hereinafter only timely succes-
sive scale factors are considered, for example:

d1721=scf12—scf11|ditto

The intermediate matrix has k-1 columns (and when
considering the columns, also n—1 rows).
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Intermediate matrix:
dyprdias. .. dixk | dyog dyz
’7(12,21 —‘ ‘ ’7(12,21 —‘
J ‘ .
‘ .
------- A k-1 dsppr  daz3

With the aid of a table, the possible differences D, are
grouped into L classes. One class 1 is a quantity of one or
more differences D. For the example on the righthand side,
the differences D are assigned to five classes L (step S3),
with one or several possible differences belonging to one
class:

L, ={Dy,D,...Dg} ifd <-2andd > -64 N

L, ={D;, Dg...Dy} ifd>-3andd <0 1,
L ={D13> Dy, ... D17} itd=0 15
L, ={D.g ifd<3andd >0 1,

ifd>2andd < 64 Is
Ln={Di41> Dis .-

D;}

All possible sequences of classes L result in (k=1)*
possibilities for combination ¢ (step S4):

Cy =L1L1...L1
Cy =L1L1...L2
g =LyL;...1Ls

Ck-)L =Lgg Lieq oo Lieg

Data reduction is realized in that the combinations c are
each assigned a scale factor transmission pattern. This
pattern is composed of a control information and a sequence
of scale factors (steps S6 and S7), with the quantity of
different scale factors within a sequence being smaller than
or equal to the quantity of the different scale factors from the
input matrix. The transmission patterns evolving from the
classified differences are determined (step S8) on the basis
of statistical knowledge of the signal and according to
psycho-acoustic aspects with reference to the pre-masking
and post-masking effects of the human auditory system. If,
for example, the scale factors of a row in the input matrix do
not change, it is not necessary to transmit all scale factors
since this is redundant information (redundance). Ascending
scale factors must be transmitted more accurately than
descending scale factors since it is known from psycho-
acoustics that the human auditory system exhibits distinct
post-masking in a range up to 200 ms, but pre-masking only
in a range up to 20 ms (irrelevance). The assigned selected
scale factors are then used to regenerate the audio signal
(step S9).

If an input matrix has, for example, three columns, and it
is considered row by row, two differences result that must be
classified and 25 possible combinations c. Each combination
¢ is assigned a scale factor transmission pattern. This results
in a certain number of scale factors to be transmitted and in
a control information at which position the scale factors are
located or change (step S5), respectively. In this example,
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4

one, two or three scale factors must be transmitted and a
control information of 2 bits.

Class Combi- Transmission Number of  Control
Sequence nation Pattern SCF Inform.
L, L, ¢y scfl sef2 scf3 3 (18 bit) 11 (2 bit)
L, L, [ scfl sef2 2 (12 bit) 01 (2 bit)
L, Ly [N scfl scf2 L

L, L, c, scfl scf3

L, L ) o o

L,L, Cg scfl scf3 2 (6 bit) 10 (2 bit)
L, L, <, scfl 1 (6 bit) 00 (2 bit)
L,L, o

L, L,

L, Ls

L, L,

Ls Ls

Four possible transmission patterns and thus a control
information of 2 bits result for this example:

1. three different scale factors

sl s2 s3 00

data flow for a frame (3 * 6 bit+2 bit) * 32=640 bits;

2. the first scale factor for the first position, the second
scale factor for the second and third positions

sl s3
sl s2

01

data flow for a frame (2 * 6 bit+2 bit) * 32=448 bits;
3. the first scale factor for the first and second positions,

the third scale factor for the third position

s2 s3
sl s3

10

data flow for a frame (2 * 6 bit+2 bit) * 32=448 bits;
4. one scale factor for all three positions
sl

s2
s3

11

data flow for a frame (1 * 6 bit+2 bit) * 32=256 bits.

If one considers only three timely successive scale factors

(in the example the frame corresponds to exactly 24 ms), the

advantage of a low decoder delay and a small access unit

(smallest unit to be decoded) results. If these advantages are

not important, a greater data reduction can be realized as
follows if larger time sections are considered:

by means of an input matrix that has a larger number of
columns;

by transmitting the information “do not transmit scf” for
a frame.
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Numerical example:
successive scale factors: 10 40 38 37 36 38
calculated differences: 30 -2 -1 +2
assigned class: Ls L, L, L,
transmission pattern: scfl scf2 scf2 max(scfl, scf2, scf3)
transmitted scale factor(s): 10, 40 38
control information: 01 00
decoded scale factors: 10 40 38 38 38

I claim:
1. A method of transmitting digitized block coded audio
signals comprising the steps of:

forming nK scale factors of the digitized audio signals
based on a peak value of a sequence of sampled signal
values of the digitized audio signals, where n is the
number of frequency sub-bands or groups of spectral
values of the digitized audio signals and n is greater
than or equal to 1, and K is the number of successive
in-time scale factors for each frequency sub-band or for
a group of spectral values of the audio signals;

forming n(k-1) differences from the k successively
in-time scale factors for each frequency sub-band or for
a group of spectral values of the audio signals;

grouping the n(k-1) differences into at least two value
classes with each value class including at least one
possible difference of scale factors;

selecting new scale factors for each of the n sub-bands or
spectral value groups based on a sequence of (k-1)
value classes, a quantity of successive, different
selected new scale factors within each sequence of

6

(k-1) value classes being less than or equal to a
quantity of successive different scale factors of each
sub-band or spectral value group;

assigning identifying information to each sequence of
(k-1) value classes, the identifying information iden-
tifying an association of each of the selected new scale
factors with at least one of the k sequences of the
sampled signal values for each respective sub-band or
spectral value group and including control information
indicating at which locations in the sequence of (k-1)
value classes the selected new scale factors are dis-
posed;

10

determining a transmission pattern of new scale factors

15 separately for each of the n sub-bands or spectral value

groups based the selected new scale factors and the

assigned identifying information and based on psy-

choacoustic aspects with respect to pre-masking and

post-masking effects of a human auditory system with

20 a distinction being made between psycho-acoustically
relevant changes in the scale factors;

transmitting the determined transmission pattern of the
new scale factors;

receiving the transmitted new scale factors; and

25 regenerating audio signals from the sampled signal values

and from the assigned selected new scale factors.

2. A method according to claim 1, wherein the control
information indicates when no new scale factor is being
transmitted, that a preceding new scale factor is applicable

30 for all relevant k sequences of sampled signal values.

#* #* #* #* #*
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