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The invention relates to a method of transmitting digital audio
signals in accordance with the first part of claim 1.

From DE-OS 3506812, DE-0S - 3621513 and DE- 3639753, it is known
to subject sampled, digitalised audioc signals to a partial-band
coding - hereinafter referred to as a subband coding. Thereby for
example, the audio signals are divided up into time segments -
go~called windows - corresponding to 1152 sampling values ({24
msec at a sampling frequency of 48 kHz). After the break-down
into 27 subbands for example, up to three scaling factors are
specified for each subband. These scaling factors are quantised
uging e.g. 6 bits and are transmitted at a specific position in a
known data frame. Their number and significance is likewise
transmitted at a specific position in the data frame as an item
of scaling factor selection information (Scale Factor Select
Information).

Each individual data frame, as part of a bit stream divided up
into 'sequential data frames, normally comprises a head part - a
go-called header -, optionally, an error checking part - a so-
called "Error Check" - , an audio data part and an ancillary data
part - so-called "Ancillary Data”.

After being scaled with the help of the scaling factors, the
sampling values in each subband are quantised using a
predetermined number of bits and transmitted at a specific
position of the data frame preferably in the audio data part.

The number of bits used is likewise transmitted in coded form at
a specific position in the audioc data part of the data frame as a
bit allocation table (Bit allocation).

A header, which includes basic items of information relating to
the audio signal and the coding (e.g. stereo/mono, sampling
frequency, pre-emphasis, data rate) forms the beginning of the
data frame.

Furthermore, there is also a provision for optionally making some
bits available in the ancillary data part at the end of the frame
for ancillary items of information relating to the pieces of
music (e.g. an indication of the source, the title of the music,
text).

The number of bits which are to be used per subband for the
coding of the sampling values is determined in a parallel
operation with the aid of psycho-acoustic factors. Thereby, the
total number of bits from each of the subbands has an upper limit
in that each data frame can only contain a specific number of
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| SDN andPNeh-0RSDIN.S | ECTZEP Ipf0009D, vol. 1(3), June 1986, |EEE, pages 23-
27, describes the transm ssion of digitaR subband-coded sound signals with
the wuse of data franes. From DE- OS 3506912, DE-OS 3621513 and DE-
3639753, it is known to subject sanpled, digitalized audio signals to a
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scaling £8atain MeanIHFRLNSEHeNS' BY Enforfalibi. 2PflePbCalways remains a
series of meaningless filler bits after the bits used for the
sampling values. By making appropriate assumptions when

calculating the number of bits which can in toto be assigned, one
can control the number of filler bits, in particular by keeping

it greater than absolutely necessary.

In the event of interference to the transmission, a coded audio
signal, such as described hereinbefore, behaves very differently
in dependence on which parts of the data frame have been
interfered with.

In particular, interference with the header, bit allocation table
and scaling factor selection information leads to large errors in
the deccded signal. For this reason, an error protecting part or
error protecting word (16 bit cyclic redundancy check, CRC) is
freguently provided as an option, by means of which an error in
the said region of the data frame can be detected and an
appropriate protective measure can be initiated in the receiver
{concealing the error, error concealment).

Somewhat amazingly, transmission errors within the coded audio
sampling values in the audio data part only have a very small
effect so that, even up to very high error rates (ca 1072),
virtually no special error protection is required.

The object of the invention is to better protect the subband
coded audio signals as described hereinbefors against
transmission errors.

The object is achieved in accordance with the invention by a
method of transmission having the features according to claim 1.
Advantageous developments are specified in the appendant claims.

+ The invention is based on the perception that errors within the
scaling factors - hereinafter referred té as scaling factor
errors - have a very disturbing effect during reproduction. Thus,
these scaling factor errors can sometimes lead to very loud
"whistling” signals in the output of the receiver. Consequently,
in order to prevent a user’s hearing or loudspeaker membranes
from being ruined, an effective supplementary error protection,
or at least a detection of this scaling factor error, is
necessary here in order that appropriate error concealment
measures can be initiated. )
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factors,then seryes ifowadetscting one or more transmission errors within
the scaling factors.

Since it has been shown that a transmission error within the
scaling factors only leads to a noticeably audible interference
if one or more of the three MSBs (Most Significant Bit) of the
scaling factors, which are coded with 6 bits, are interfered
with, it is sufficient to monitor the three MSBs of the scaling
factors by means of a CRC.

Further investigations have shown that it is not expedient to
protect all of the scaling factors from all of the subbands
together by means of-a CRC but rather, to form e.g. four groups
and thus, to monitor the scaling factors of only a certain number
of subbands with the aid of a CRC. For example, for a total of 27
subbands, one can use the grading: 2, 4, 8, 13 or 4, 4, 8, 11 or
i, 1, 2, 4, 8, 11 or some other grading of the subbands. In
addition, it has been shown for a coded stereo signal, that the
scaling factors for the left and the right channels can be
protected in common.

In order to be able to insert the supplementary CRC words in a
compatible form into the known data frames, they are placed at
the end of the data frame in the region of the meaningless filler
bits. It is thereby ensured, with the help of the calculations
for the bit allocation, that there always remains sufficient
space for e.g. four CRC words each having e.g. 8 bits.

If there is no information relating to an audio signal present,
then the supplementary CRC words are located at the end of the

data frame, however, if such is present, then the supplementary
CRC words are inserted directly in front of it.

The detection of transmission errors within the scaling factors
can only occur if both the scaling factors themselves as well as
the supplementary CRC words are available in the receiver.
Consequently, as the supplementary CRC words are located
practically at the end of the data frame, all of the data in the
data frame has to be initially buffer stored before one can begin
with the decoding. This can be avoided if the inserted CRC words
in the currently progressing data stream relate to the scaling
factors of the immediately sueceeding data frame. This does of
gourse lead te an iricrease in cost in the transmitter, something
which is tolerable in a broadcasting system for example, but
there is a distinct saving of storage space in the receiver.
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transmtted at a specific position of the data frane preferably in the
audi o data part. The nunber of bits used is |likewi se transnmtted in coded

forn]at.fhsgﬁgSJLment of the imvention will be explained in more detail
hereinafter with the help of a drawing. In the drawing,
illustrate

The further object is achieved in accordance with the invention
by the characterising features of Claim 11. Herein, one starts
from the premise that certain statistical features of an analogue
audio signal are drawn upon for a continuous monitoring of the
digitally coded, transmitted and decoded digital audio signal at
the receiving end. One of the most important statistical features
of natural audio signals consists in that rapid changes from low
to high levels, but not however from high to low levels, occur in
the level waveform taken with respect to time. A further feature
of audio signals, that the alterations in the frequency response
usually take place slowly and not abruptly, and, that they do not
usually appear at the same time as large changes in level of the
overall signal. This  applies in particular for closely adjacent
spectral components of the signal.

An embodiment of the invention will be explained in more detail
hereinafter with the help of a drawing. In the drawing, there is
illustrated in

Fig. la a frame format for the audio signal transmission

Fig. 1b a detailed breakdown of the frame format in accordance
with Fig. 1la

Figs. 2a - d show waveforms with respect to time of scaling
factors of a digitally coded audio signal that is transmitted
without errors (Figs. 2a and 2b) as well as with errors (Figs. 2c
and 2d).

Fig. la shows a general view of the frame format of a main frame
which is transmitted as part of a bit stream of digitalised audio
signals that has been divided up in this way in a frame like
manner. The frame comprises a head part - a so~called header -,
an error checking part - a so-called "Error Check" - , an audio
data part and an ancillary data part - so-called "Ancillary Data
Items™ - relating to the audio signal. During the transmission,
individual bits are interleaved (interleaving) within a frame or
with the bits of another frame and are subjected to an optional
scrambling (Scrambling).

Fig. 1b shows a detailed breakdown of the frame format in
accordance with Fig. la. A 12 bit long synchronising word (all
the bits having the value logical "1") is at the beginning of the
header. Appended thereto is an identification bit ID,
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2' pdsi {POA2 PB 1405 aulCT/Hnt98/p00097 of the data frane as a bit allocation

table (Bit allocation). A header, whdch besides a synchronising word
i ncludes basic itens of information relating to the audio signal and ;he
coding (e. st er eo/ ppno, npl i ng frequenc pre-enphasis, data rate
forns the ge Yﬂn‘?ﬁ bFe¥'h@fda¥'§Ye$? °r“‘aFZFP@hé?W‘éin§h§he datal so a

prOV|S|oﬁe¢%¢t%®@|%%%9¥ytththgtsba% bees sebéctédcor the psycho-acoustic
model of the coded audio signals that has been chosen,

- a protection bit including an item of information as to whether
information theory redundancy is being transmitted,

- a bit rate index (four bit) including an item of information
regarding the bit rate e.g. 32 kbit/sec or 128 kbit/sec that was
selected for the coding,

- an item of information regarding the sampling frequency (two
bit) e.g. 44.1 kHz that was selected for sampling the audio
signalsg,

- a padding bit which is at logical "1" only for the sampling
rate of 44.1 kHz, )

- a private bit (not laid down)

- an item of information (two bit) regarding the selected mode
e.g. stereo, intensity stereo, mono, etc.,

- an item of mode extension information (two bit) regarding the
"gelected subbands for the intensity stereo mode,

- a copyright bit, wherein logical "1" means "protected by
‘copyright”,

- an original/home bit, including an item of information as to
whether the transmitted audio signals originate from an original
recording or live transmission or from a copy,

- an item of emphasis information (two bit).

The error checking part (Error Check) comprises a 16 bit CRC
parity check word which is provided in particular for the
detection of errors of transmission errors in the header,
especially of the synchronising word and the scaling factor
selection information and the bit allocation table in the audio
data part.

In essence, the audio data part comprises a bit allocation table,
items of scaling factor information, scaling factors, items of
sample coding information, sampling values, meaningless filler
bits and supplementary items of error protecting information at
the end of the audio data part or of the data frame. The position
of the filler bits and of the supplementary error protecting
information may also be inter-exchanged as shown in Fig. 1b.
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the condifhon; I8} relevant for the protection of data in the following
data frame. Preferably, it only serves for the protection of the
scaling factors transmitted in the following data frame. It is
expedient thereby if the supplementary error protecting
information serves for the protection of the MSBs of the scaling
factors. If the number of scaling factors per subband is three,
then too, only the three MSBs have to be protected.

Preferably, the supplementary error protecting information serves
for the common protection of the scaling factors of the first and
gsecond channel of a 3tereo or two sound channel system. The
supplementary error protecting information itself consists of one
or more CRC words and replaces the filler bits provided at the
positions in the data frame allocated thereto.

It is especially advantageous, if the supplementary error
protecting information consists of four CRC words, which each
protect the scaling factors of a number of subbands. Moreover,
the invention relates to a method of the type previously
described and for the detection of transmission errors on digital
transmission paths for audio signals.

For the detection of transmission errors during the transmission
of digital audio signals, it is known to add redundant bits e.g.
filler bits, to the useful digital bit stream which permit
transmission errors to be detected at the receiving location and,
if necessary, to correct them (error protecting code)}. In many
cases, the detection of transmission errors within the whole or
within parts of the useful signal is not possible because either

-~ there is no error ﬁrotection present,
- the error protection is insufficient,

- the error protection is related to the whole signal and
interference with specific signal components cannot be
particularly identified.

The object of the invention is to better protect the subband
coded audio signals described hereinbefore against transmission
errors. A further object of the present invention consists in
improving the detection of transmission errors at the receiving
end, in particular within specific signal components.
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parts of the data franme have been di sturbed.
A floating point technique is often used for the digital coding

of audio signals. Frequently, the displacements of the decimal
point are only permitted to a limited extent, for example 500
times in one second. The value in front of the decimal point is
then constant for a specific period of time e.g. for 2 msecs. One
refers to this value as a scaling factor. For its part, it is
digitally coded, usually provided with a high degree of error
protection and transmitted as a signal component within the
digital bit stream in the network.

One can only expect from the characteristics of the level
waveform of an audio” signal that,

scaling factor values usually only alter slowly,
rapid alterations only occur from low to high lewvel values.
The following checking criteria can be derived therefrom:

1. Normal alterations in the waveform level (Fig. la), wherein
the height of each illustrated column is indicative of the
instantaneous level value which applies for a specific period of
time of 2 msec for example.

2. Normal alterations in the waveform level with "normal® jumps
(Fig. 1b).

3. Scaling factors having isolated occurrences of a level
increase which has (have) probably been transmitted with an error
(Fig. 1c), wherein the scaling factor subject to error is
indicated by the hatching.

4. Scaling factors having isoclated occurrences of a level
decrease which has (have) probably been transmitted with an error
(Fig. 1d), wherein the scaling factors sub]ect to error are
indicated by the hatching.

In order to detect a level jump which is subject to error in
accordance with Fig. 1lc or 1d, the jump in level is compared with
a signal value that could be expected on statistical grounds
whereby the waveform levels before and after the jump in level
are used as the basis for the comparison with the statistically
expected value. In the case of Figures 1c and 1ld, this means that
after the occurrence of the jump in level marked by the hatching,
it is determined that a new jump in level immediately occurs, but
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| n partPc4d ae, 140.5t uPCTVEP 86/000€7 header, bit allocation table and, scaling
-factor selection information |eads to | &rge di sturbances in the decoded
signal. For this reason, an error protecting part or error protecting word
(16 bit cyclic redundancy check, CRC) is frequently grovided as an option,
by meandhothenreRoghterdaorerhicne immradiabedy aftekethat dumpass afkere

det ect e§handumpsappr dpviedt bhat are under observation. Only a change in

level above a defined threshold is regarded as a jump in level.

A scaling factor detected or categorised as containing an error
in this manner can be easily replaced by the probably correct
scaling factor, namely, either by extrapolation (repetition of
the preceding scaling factor} or by interpolation between the
scaling factors assumed to be correct.

The error detecting process described hereinbefore can be carried
out at the receiving end by simple means without any great
expense since, basically, it only has to be determined whether or
not, after a jump in level, a new oppcsgitely directed jump in
level occurs. By means of the method in accordance with the
invention, storage media, e.g. optical storage media such as a
compact disc or recoibdable optical storage media such as a
magneto-optic disc or chip card stores, can now be used, in which
the digitalised audio signals are stored, in which the
digitalised audio signal is subjected to a subband ceding, that
the apparatus comprises a store for storing the received audio
gsignal or selected components of this signal, as well as, level
jump detecting means, which in the event of the occurrence of
jumps in the level of the received audio signal or in selected
compenents of this signal, compare the signal waveforms before
and after the relevant jump in level with such signal waveforms
as correspond to the statistics of the signal and that the jumps
in level under observation are to be considered as errors if
their value deviates from a signal waveform that could be
expected on statistical grounds and which is stored in the store.
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coded audi o sanpling values in the audio data part AT od effects
so that, .even up to very high error rates (ca 10-2)1" %ﬂ’ ! speci al
error prgﬁégpPon is required.  The object of the il il /b bet ter
protect the above-described partial -band coded audi o signal s agai nst
transm sdi-oMeshedr of transmitting, storing and/or receiving digital audio
gignals in which the digitalised audio signals are subjected to a
subband coding wherein one or more gcaling factors are determined
for each subband, the thus coded signals are transmitted in
gucceeding data frames and decoded and reproduced at the
receiving end, wherein a data frame comprises a plurality of

parts, namely

-~ a head part - a so-called header - including digitalised items
of control information such as a synchronising word, an item of
bit rate information, an item of sampling information, items of
mode information etc,

- optionally, an error checking and/or correcting part preferably
including a CRC protaction word {Cyclic Redundancy Check),

- an audio part including amongst other things, a bit allocation
table, an item of scaling factor selection information, one or
more scaling factors per transmitted subband, sampling values,
substantially meaningless filler bits and

an ancillary information part including items of ancillary
information relating to the audio signals,

characterised in that, a supplementary item of error protecting
information or an error protecting bit is inserted into the data
frame for protecting the scaling factors.

2. Method in accordance with Claim 1, characterised in that, the
supplementary item of error protecting information is inserted
directly at the end of the data frame.

3. Method in accordance with Claim 1 or 2, characterised in that,
the supplementary item of error protecting information is
inserted directly before the item of ancillary information
relating to the audio sgignals.

4. Method in accordance with any of the Claims 1 - 3,
characterised in that, the supplementary item of error protecting
information is associated with items of data in the succeeding
data frame.

5. Method in accordance with any of the Claims 1 - 4,
characterised in that, the supplementary item of error protecting
information is associated with the 3 MSBs of the scaling factors.

6. Method in accordance with any of the Claims 1 - 5,
characterised in that, the supplementary item of error protecting
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8. Method in accordance with any of the Claims 1 - 7,
characterised in that, the supplementary item of error protecting
information consists of four CRC data words which each protect
the scaling factors of a number of subbands.

9. Method in accordance with an& of the Claims 1 - 8,
characterised in that, the data frame has a length of
approximately 24 msecs.

10. Method in accordance with any of the Claims 1 - 9,
characterised in that, meaningless filler bits are replaced by
the supplementary item of error protecting information.

11. Method for the - a head part - a so-called header - including
digitalised items of control information such as a synchronising
word, an item of bit rate information, an item of sampling
information, items of mode information etc,

- optionally, an error checking and/or correcting part preferably
including a CRC protection word (Cyclic Redundancy Check),

-~ an audio part including amongst other things, a bit allocation
table, an item of scaling factor selection information, one or
more scaling factors per transmitted subband, sampling values,
gubstantially meaningless filler bits and

an ancillary information part including ancillary items of
information relating to the audio signals,

and furthermore, a method for the detection of' transmission
errors on digital transmission paths for the audio signals,
characterised in that, in the event of the occurrence of jumps in
the level of the received audio signal or in selected components
of this signal e.g. the scaling factors, the signal waveforms
before and after the relevant jump in level are compared with
such signal waveforms as correspond to the statistics of the
signal and that the jumps in level under observation are
considered as errors if their value deviates from a signal
waveform that could be statistically expected.

12. Apparatus for the reception and/or reproduction of a digital

audio signal transmitted in accordance with the method of any of
the Claims 1 - 10, characterised in that, the apparatus comprises

* c L M S *
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initiated. As a neasure of protectionlin accordance with the invention, a
suppl ementary itemof error protecting information is inserted into the

datafranefor otectin
st orer¥or storfkg the supplementary item of error protecting

information and means for error correcting and/or concealing
faulty scaling factors, that the means is connected to the store
and that the means uses the supplementary item of error
protecting information for the scaling factors for the error
correction and/or the concealment of the errors.

13. Apparatus for the reception and/or reproduction of a
digitalised audio signal transmitted in accordance with the
method of any of the Claims 1 - 11, characterised in that, the
apparatus comprises a store for storing the received audio signal
or selected components of this signal as well as level jump
detecting means which, in the event of the occurrence of jumps in
the level of the received audio signal or in selected components
of this signal, compare the signal waveforms before and after the
relevant jump in level with such signal waveforms as correspond
to the statistics of the signal and that the jumps in level under
observation can be considered as errors if their value deviates
from a signal waveform that could be statistically expected and
which is stored in the store.

14. Storage medium e.g. an optical or magnetic store, having
stored digitalised audio signals in which the digitalised audio
signals are subjected to a subband coding, wherein one or more
scaling factors are determined for each subband, the thus coded
gignals are stored in succeeding data frames, wherein a data
frame comprises a plurality of parts, namely

- a head part - a so-called header - including digitalised items
of control information such as a synchronising word, an item of
bit rate information, an item of sampling information, items of
“mode information etc,

- optionally, an error checking and/or correcting part preferably
including a CRC protection word (Cyclic Redundancy Check]),

- an audio part including amongst other things, a bit allocation
table, an item of scaling factor selection information, one or
more scaling factors per transmitted subband, sampling values,
substantially meaningless filler bits and

an ancillary information part including items of ancillary
information relating to the audio signals,

characterised in that, a supplementary item of error protecting
information or an error protecting bit is inserted into the data
frame for protecting the gcaling factors.
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of a CRC. .
16. Storage Wmedium in accordance with Claim 12 or 14,

characterised in that, the supplementary item of error protecting
information is inserted directly before the ancillary item of
information relating to the audio signals.

17. Method in accordance with any of the Claims 13 - 15,
characterised in that, the supplementary item of error protecting
information are associated with data of the succeeding data
frame.

18. Method in accordance with Claim 13 - 16, characterised in
that, the supplementary item of error protecting information is
associated with the three MFBs of the scaling factors.

19. Method in accordance with Claim 13 - 18, characterised in
that, the supplementary item of error protecting information is
associated in scaling factors in the first and second channels of
a stereo or two sound channel signal.

20. Method in accordance with any of the Claims 13 - 19,
characterised in that, the supplementary item of error protecting
information consists of one or more CRC data words.

21. Storage medium having stored digitalised audio signals,
characterised in that, the supplementary item of error protecting
information consists of four CRC data words which each protect
the scaling factors of a number of subbands.

22. Storage medium in accordance with any of the Claims 1 - 21,
characterised in that, the data frame has a length of
approximately 24 msecs.

23. Storage medium in accordance with any of the Claims 13 - 22,
characterised in that, meaningless filler bits are replaced by
the supplementary item of error protecting information.
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Further PrAZe88i &3 onBCA4BR 33/0009t hat it is not expedient to protect al

scaling factors of all subbands togethetd by nmeans of a CRC but rather, to

forme.g. four groups and thus, to nmonitor the scaling factors of only a

certain punber ,of . subbands with the aid of a CRhis $hedt H@Bas[Replaced Or a t ot al
Aheded

of 27 s A%° can use the grading: 2, 4, 8){HEl i , 11 or 1
1, 2, 4, 8, 11 or sone other grading of the subb ! ' lon, it has
been showhai®® a coded stereo signal, that the s for the

| eft and the right channels can be protected in conmon.
1. Method of transmitting, storing and/or receiving digital audio
signals wherein one or more scaling factors is/are associated
with subbands and the thus coded signals are transmitted in
succeeding data frames and decoded and reproduced at the
receiving end, wherein a data frame comprises the following
parts:

- a header including digitalised items of control information
such as e.g. a synchronising word, an item of bit rate
information, an item of sampling information, items of mode
information;

= an error checking and/or correcting part including a first
error protection code,

- an audio data part

characterised by:

- the first error protection code is a CRC protection word and
only relates to the header;

- the audio data part includes amongst other things, a bit
allocation table, an item of scaling factor selection
information, the scaling factors associated with the subbands,
and sampling values;

- an ancillary information part including ancillary items of
information relating to the audio signals, wherein a further CRC
word or further CRC words for protecting the MSBs of the scaling
factors is or are inserted at the end of the data frame in the
region of the items of ancillary information relating to the
audio signals.

2. Method in accordance with Claim 1, characterised in that, the
further CRC protection words are associated with the MSBs of the
scaling factors of the succeeding data frame.

3. Method in accordance with Claim 1 or 2, characterised in that,
groups of scaling factors are formed within a data frame, a
respective CRC protection word being associated with each group.

4. Method in accordance with one or more of the Claims 1 - 3,
characterised in that, in the event of the occurrence of jumps in
the components relating to the level e.g. the scaling factors, of
the received audio signals, the signal waveforms before and after
the relevant jump in level are compared with such signal
waveforms as correspond to the statistics of the signal and that
the jumps in level under observation are considered as errors and

I )




| n orderPt4@ 02 1dbISe tPCT/BRre3/odag7suppl enentary CRC words in a conpati bl e
form into the knowmn data frames, they ade placed at the end of the data
frame in the region of the neaningless filler bits. It is thereby ensured,
with the help of the calculations for the bit allocation, that there
al vays reffi FRIZIFIeE| AGFOEBRELY okf thelr fakuTREiItes cfromhavsignalg. 8
bits. wavefoumcthat eould drersstatistieally axpestedidi o signal present,
then the supplenmentary CRC words are | ocated at the end of the data frane,
however S| fMétiedd i tn PiESERdandd e 1o Y Gid¥Y a3 (HE apilss af e~ i fiserted
direct| yeNdrdé@d1 8 ifn that, the further CRC protection words are
associated with the three MSBs of the scaling factors.

6. Method in accordance with one or more of the Claims 1 - 5,
characterised in that, the further CRC protection words are
associated in common with the scaling factors of the first and
gecond channels of a stereo or two sound channel signal.

7. Method in accordance with one or more of the Claims 1 ~ 6,
characterised in that, filler bits are occupied by the further
CRC protection words.

8. Apparatus which réceives a digital audio signal transmitted in
accordance with the method of any of the Claims 1 - 7,
characterised in that, the apparatus comprises a store for
storing the further CRC protection words and means for error
correcting and/or concealing faulty scaling factors, which means
are connected to the store, and that the means use the further
CRC protection words for the error correction and/or concealment
for the scaling factors.

9. Apparatus in accordance with Claim 8, characterised in that,
the apparatus comprises a store for storing the received audio
signal or selected components of this signal, as well as, level
jump detecting means which, in the event of the occurrence of
jumps in the level of the received audio signal or in the
selected components of the audio signal, compare the signal
waveforms before and after the relevant jump in level with such
signal waveforms as correspond to the statistics of the signal
and that the jumps in level under observation are considered as
errors and are corrected accordingly if their value deviates from
a signal waveform that could be statistically expected and which
is stored in the store.

10, Storage medium e.g. an optical or magnetic store, having

stored digitalised audio signals which are coded by a method in
accordance with one or more of the Claims 1 - 7.

——————
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The detection of transm ssion disturbances within the scaling factors can
only ocown 9sf133dth the scaling factors thensel ves as wel | asp %,,91 0009~
stippl ementary CRC words are avail abl 4 the receiver. Si nce t

suppl ementary CRC words are | ocated ¢ tically at the end of the dat a
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An e;rbodi ment of the invention will be explained in nore 1%H'ACEMENTWE@
S :

with the help of a drawing. In the draw ng: Fig. la sho a~frame-rof+
for the audio signal transm ssion, Fig. Ib shows a detafl adsbﬁ(a?)lfdﬁ%' qf
the frame format in accordance with Flg.lla,
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Error protection in a subband coder

The invention relates to a method of transmitting digital awdio
signals in accordance with the first part of claim 1.

From DE-0S 3506912, DE-OS - 3621513 and DE- 3639753, it is known
to subject sampled, digitalised audio signals to a partial-band
coding - hereinafter referred to as a subband coding. Thereby for
example, the audio signals are divided up into time segments -
go-called windows - corresponding to 1152 gampling values (24
msec at a sampling frequency of 48 kHz). After the break-down
into 27 subbands for example, up to three scaling factors are
specified for each subband. These scaling factors are quantised
using e.g. 6 bits and are transmitted at a specific position in a
known data frame. Their number and significance is likewise
transmitted at a specific position in the data frame as an item
of scaling factor selection information (Scale Factor Select
Information).

Each individual data frame, as part of a bit stream divided up
into 'sequential data frames, normally comprises a head part - a
so-called header -, optionally, an error checking part - a so-
called "Error Check™ - , an audio data part and an ancillary data
part - so-called "Ancillary Data".

After being scaled with the help of the scaling factors, the
sampling values in each subband are quantised using a
predetermined number of bits and transmitted at a specific
position of the data frame preferably in the audio data part.

The number of bits used is likewise transmitted in coded form at
a specific position in the audio data part of the data frame as a
bit allocation table (Bit allocation).

A header, which includes basic items of information relating to
the audio signal and the coding (e.g. stereo/mono, sampling
frequbncy, pre-emphasis, data rate) forms the beginning of the
data frame.

Furthermore, there is also a provision for optionally making some
bits available in the ancillary data part at the end of the frame
for ancillary items of information relating to the pieces of
music (e.g. an indication of the source, the title of the music,
text).

The number of bits which are to be used per subband for the
coding of the sampling values is determined in a parallel
operation with the aid of psycho-acoustic factors. Thereby, the
total number of bits from each of the subbands has an upper limit
in that each data frame can only contain a specific number of
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Fi gsa. 2a-d show wavefornms with respect to tine of a di gitall“"

2b) as well as with errors (Figs. 2c and 2d). Fig. 1 a shqws a3 §erier &1°°

signal with scaling factors to be transmtted w thout errord dFl gs 2a and i
i

view of the frame format of a main frame which is transmtted‘as _part of .a.
bit streamof digitalized audio signals Ehat has been dividdd up in this
way into frames. The frane conprises a héad part - a so- callled. header, - af—-
error checking part - a so-called "Error Check"”, - an audio data part and
an anci | | asiytgddtra apaptdansowiadH athe” AneitédrdaattaranedsYyienrmdtat ifRrggto t he
audi o signéil44 Rurtsngtt Pe6t ERINSAsR) onThe nell ve duml 1 ilzietds farethatetHeaadada
within a ffiosRiOwithih the Hidrfe Gftianohbed 4 e sabdraceedubfacttfdst o an

opt i onal

maximum number. This leads to the condition that there is
virtually no occasion when all of the bits of the data frame
contain meaningful items of information. There always remains a
series of meaningless filler bits after the bits used for the
sampling values. By making appropriate assumptions when
calculating the number of bits which can in toto be assigned, one
can control the number of filler bits, in particular by keeping
it greater than absolutely necessary.

In the event of interference to the transmission, a coded audio
signal, such as described hereinbefore, behaves very differently
in dependence on which parts of the data frame have been
interfered with.

In particular, interference with the header, bit allocation table
and scaling factor selection information leads to large errors in
the decoded signal. For this reason, an error protecting part or
error protecting word (16 bit cyclic redundancy check, CRC) is
frequently provided as an option, by means of which an error in
the said region of the data frame can be detected and an
appropriate protective measure can be initiated in the receiver
(concealing the error, error concealment).

Somewhat amazingly, transmission errors within the coded audio
sampling values in the audioc data part only have a very small
effect so that, even up to very high error rates (ca 107?)},
virtually no special error protection is required.

The object of the invention is to better protect the subband
coded audio signals as described hereinbefore against
transmission errors.

The object is achieved in accordance with the invention by a
method of transmission having the features according to claim 1.
Advantageous developments are specified in the appendant claims.

The invention is based on the perception that errors within the
scaling factors - hereinafter referred to as scaling factor
errors - have a very disturbing effect during reproduction. Thus,
these scaling factor errors can sometimes lead to very loud
"whistling” signals in the output of the receiver. Consequently,
in order to prevent a user's hearing or loudspeaker membranes
from being ruined, an effective supplementary error protection,
or at least a detection of this scaling factor error, is
necessary here in order that appropriate error concealment
measures can be initiated. '
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A3 one measure of protection in accordance with the invention, a
supplementary item of error protecting information is inserted
into the data frame for protecting the scaling factors. For this
purpose, one {or more) CRC data words are preferably used. This
then serves for detecting one or more transmission errors within
the scaling factors.

Since it has been shown that a transmission error within the
scaling factors only leads to a noticeably audible interference
if one or more of the three MSBs (Most Significant Bit) of the
scaling factors, which are coded with 6 bits, are interfered
with, it is sufficient to monitor the three MSBs of the scaling
factors by means of a CRC.

Further investigations have shown that it is not expedient to
protect all of the scaling factors from all of the subbands
together by means of-a CRC but rather, to form e.g. four groups
and thus, to monitor the scaling factors of only a certain number
of subbands with the aid of a CRC. For example, for a total of 27
subbands, one can use the grading: 2, 4, 8, 13 or 4, 4, 8, 11 or
1, 1, 2, 4, 8, 11 or some other grading of the subbands. In
addition, it has been shown for a coded stereo signal, that the
scaling factors for the left and the right channels can be
protected in common.

In order to be able to insert the supplementary CRC words in a
compatible form into the known data frames, they are placed at
the end of the data frame in the region of the meaningless filler
bits. It is thereby ensured, with the help of the calculations
for the bit allocation, that there always remains sufficient
space for e.g. four CRC words each having e.g. 8 bits.

If there is no information relating to an audio signal present,
then the supplementary CRC words are located at the end of the

data frame, however, if such is present, then the supplementary
CRC words are inserted directly in froant of it. -

The detection of transmission errors within the scaling factors
can only occur if both the scaling factors themselves as well as
the supplementary CRC words are available in the receiver.
Consequently, as the supplementary CRC words are located
practically at the end of the data frame, all of the data in the
data frame has to be initially buffer stored before one can begin
with the decoding. This can be avoided if the inserted CRC words
in the currently progressing data stream relate to the scaling
factors of the immediately sueceeding data Frame. This does of

. courge lead te an iricrease in cost in the transmitter, something

which is tolerable in a broadcasting system for example, but
there is a distinct saving of storage space in the receiver.
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Fig. | b shows a detail ed breakdown of the franme format i R}égi%\:&éhéé&@&lhi
Fig. 1la. A 12 bit long synchronising word (all the bitsjhaving the val Ue
| ogical "1") is at the beginning of the header. Appende fhé‘rétﬂiﬂi $9%&n
identification bit 1D, - atw bit itemof "Layer"” infofnmation regarding
the data reduction algorithm that has Qeen sel ected or ﬁhe psycho-acoustijc
nodel of the coded audio signals that has been chosen, I.....a_protection.
bit including an itemof information as to whether information theory
redundancAn i sndeelingnt r a0sthd tigthention will be explained in more detail

hereinafter with the help of a drawing. In the drawing,
illustrate

The further object is achieved in accordance with the invention
by the characterising features of Claim 11. Hereln, one starts
from the premise that certain statistical features of an analogue
audio signal are drawn upon for a continuous monltoring of the
digitally coded, transmitted and decoded digital audio signal at
the receiving end. One of the most important statistical features
of natural audio signals consists in that rapid changes from low
to high levels, but not however from high to low levels, occur in
the level waveform taken with respect to time. A further feature
of audio sgsignals, that the alterations in the frequency regponse
usually take place slowly and not abruptly, and, that they do not
usually appear.at the same time as large changes in level of the
overall signal. This  applies in particular for closely adjacent
spectral components of the signal.

An embediment of the invention will be explained in more detail
hereinafter with the help of a drawing. In the drawing, there is
illustrated in

Fig. la a frame format for the audio signal transmission

Fig. 1b a detailed breakdown of the frame format in accordance
with Fig. 1a

Figs. 2a - d show waveforms with respect to time of scaling
factors of a digitally coded audio signal that is transmitted
without errors (Figs. 2a and 2b) as well as with errors (Figs. 2c
and 2d).

Fig. la shows a general view of the frame format of a main frame
which is transmitted as part of a bit stream of digitalised audio
signals that has been divided up in this way in a frame like ~
manner. The frame comprises a head part - a so-called header -,
an error checking part - a so-called "Error Check" - , an audio
data part and an ancillary data part - so-called "Ancillary Data
Items™ - relating to the audio signal. During the transmission,
individual bits are interleaved (interleaving) within a frame or
with the bits of another frame and are subjected to an optional
scrambling (Scrambling).

Fig. 1b shows a detailed breakdown of the frame format in
accordance with Fig. la. A 12 bit long synchronising word (all
the bits having the value logical "1") is at the beginning of the
header. Appended thereto is an identification bit ID,
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- a bit rate index (four bit) including an item of infor
the bit rate e.g. 32 kbit/sec or 128 kbit/sec that was
codi ng, - an itemof information regarding the sanpli

U

a padding bif which is at |ogical "1" ogly for the sanplin
kHz,

= @ two bit item of "Layer" information regarding the data
reduction algorithm that has been selected or the psycho-acoustic
model of the coded audio signals that has been chosen,

- a protection bit including an item of information as to whether
information theory redundancy is being transmitted,

- a bit rate index (four bit) including an item of information
regarding the bit rate e.g. 32 kbit/sec or 128 kbit/sec that was
selected for the coding,

- an iltem of information regarding the sampling frequency (two
bit) e.g. 44.1 kHz that was selected for sampling the audio
signals,

- a padding bit which is at logical "1" only for the sampling
rate of 44.1 kHz, )

- a private bit (not laid down)

- an item of information (two bit) regarding the selected mode
e.g. stereo, intensity stereo, mono, etc.,

- an item of mode extension information (two bit) regarding the
gelected subbands for the intensity stereo mode,

- a copyright bit, wherein logical "1" means "protected by
copyright®,

- an original/home bit, including an item of information as to
whether the transmitted audio signals originate from an original
recording or live transmission or from a copy,

- an item of emphasis information (two bit).

The error checking part (Error Check) comprises a 16 bit CRC -~
parity check word which is provided in particular for the
detection of errors of transmission errors in the header,
especially of the synchronising word and the scaling factor
selection information and the bit allocation table in the audio
data part.

In essence, the audio data part comprises a bit allocation tabls,
items of scaling factor information, scaling factors, items of
sample coding information, sampling values, meaningless filler
bits and supplementary items of error protecting information at
the end of the audio data part or of the data frame. The position
of the filler bits and of the supplementary error protecting
information may also be inter-exchanged as shown in Fig. 1lb.
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- a private bit (not |laid down), - an itemof informati oﬁERWﬁthﬁ@&E’l
regarding the selected npde e.g. stereo, intensity stereo, no, etc.,
- an item of node extension information (two bit) regardingjt esse.l(ﬁﬁtﬁ’%
subbands- for the intensity stereo node, l
6 ,

The ancillary data part relating to the audio signal is defined
by the user,

The supplementary error protecting information in the data frame,
which is inserted directly at the end of the data frame before
the ancillary data information relating to the audio signal, is
especially relevant for the protection of data in the following
data frame. Preferably, it only serves for the protection of the
scaling factors transmitted in the following data frame. It is
expedient thereby if the supplementary error protecting
information serves for the protection of the MSBs of the scaling
factors. If the number of scaling factors per subband is three,
then too, only the three MSBs have to be protected.

Preferably, the supplementary error protecting information serves
for the common protection of the scaling factors of the first and
second channel of a 3tereo or two sound channel system. The
supplementary error protecting information itself consists of one
or more CRC words and replaces the filler bits provided at the
positions in the data frame allocated thereto.

It is especially advantageous, if the supplementary error
protecting information consists of four CRC words, which each
protect the scaling factors of a number of subbands. Moreover,
the invention relates to a method of the type previously
described and for the detection of transmission errors on digital
transmission paths for audio signals.

For the detection of transmission errors during the transmission
of digital audio signals, it is known to add redundant bits e.g.
filler bits, to the useful digital bit stream which permit
transmission errors to be detected at the receiving location and,
if necessary, to correct them (error protecting code). In many
cages, the detection of transmission errors within the whole or
within parts of the useful signal is not possible because either

' 1 .
- there is no error protection present,
~ the error protection is insufficient,

- the error protection is related to the whole signal and
interference with specific signal components cannot be
particularly identified.

The object of the invention 1s to better protect the subband
coded audio signals described hereinbefore against transmission
errors. A further object of the present invention consists in
improving the detection of transmission errors at the receiving
end, in particular within specific signal components.
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The first object is achieved in accordance with the invention by
a transmission method including the features in accordance with
Claim 1. Advantageous developménts are specified in the appendant
Claims 2 to 10.

A floating point technique is often used for the digital coding
of audio signals. Frequently, the displacements of the decimal
point are only permitted to a limited extent, for example 500
times in one sacond. The value in front of the decimal point is
then constant for a specific period of time e.g. for 2 msecs. One
refers to this value as a scaling factor. For its part, it is
digitally coded, usually provided with a high degree of error
protection and transmitted as a signal component within the
digital bit stream in the network.

One can only expect from the characteristics of the level
waveforr of an audio” signal that,

scaling factor values usually only alter slowly,
rapid alterations only occur from low to high lewvel values.
The following checking criteria can be derived therefrom:

1. Normal alterations in the waveform level (Fig. la), wherein
the height of each illustrated column is indicative of the
instantaneous level value which applies for a specific period of
time of 2 msec for example.

2. Normal alterations in the waveform level with "normal” jumps
(Fig. 1b).

3. Scaling factors having isolated occurrences of a level
increase which has (have) probably been transmitted with an error
(Fig. 1c), wherein the scaling factor subject to error is
indicated by the hatching. -

4. Scaling factors having isolated occurrences of a level
decrease which has (have) probably been transmitted with an error
{Fig. 1d), wherein the scaling factors subject to error are
indicated by the hatching.

In order to detect a level jump which is subject to error in
accordance with Fig. tc or 1d, the jump in level is compared with
a signal value that could be expected on statistical grounds
whereby the waveform levels before and after the jump in level
are used as the basis for the comparison with the statistically
expected value. In the case of Figures 1lc and 1d, this means that
after the occurrence of the jump in level marked by the hatching,
it is determined that a new jump in level immediately occurs, but
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bit). The error checking part (Error Check) conprises a REPBAQ

parity check word which is provided in particular for theje
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of transm ssion errors in the header, especially of the s3n0hron|3|ng word
and the scaling factor selection information and the bit al focatliGGy 1996 &
in the audio data part. 8

in the opposite direction, immediately after the jump or afteg — ——

the jumps in level that are under observation. Only a change in
level above a defined threshold is regarded as a jump in level.

A scaling factor detected or categorised as containing an error
in this manner can be easily replaced by the probably correct
gcaling factor, namely, either by extrapolation (repetition of
the preceding scaling factor) or by intarpolation between the
scaling factors agssumed to be correct.

The error detecting process described hersinbefore can be carried
out at the receiving end by simple means without any great
expense since, basically, it only has to be determined whether or
not, after a jump in level, a new oppositely directed jump in
level occurs. By means of the method in accordance with the
invention, storage media, e.g. optical storage media such as a
compact disc or recoidable optical storage media such as a
magneto-optic disc or chip card stores, can now be used, in which
the digitalised audio signals are stored, in which the
digitalised audio signal is subjected to a subband coding, that
the apparatus comprises a store for storing the received audio
signal or selected components of this signal, as well as, level
jump detecting means, which in the event of the occurrence of
jumps in the level of the received audio signal or in selected
components of this signal, compare the signal waveforms before
and after the relevant jump in level with such signal waveforms
as correspond to the statistics of the signal and that the jumps
in level under observation are to be considered as errors if
their value deviates from a signal waveform that could be
expected on statistical grounds and which is stored in the store.
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In essence, the audio data part conprises a bit allocation T Sl
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or of the data frant. The p<95|t|on of the filler bits and]of the
suppl ementary error:protecting information may also be in{er-exchanged as

shown in éf The ancillary data part relating to the_audio signal
is define %%"\she user The suppl enentary error protecting information

'n the datq fr%ﬂed of traégiittlng, storing and/or receiving digital audio
signals in which the digitalised audio signals are subjected to a
subband coding wherein one or more scaling factors are determined
for each subband, the thus coded signals are transmitted in
succeeding data frames and decoded and reprcduced at the
receiving end, wherein a data frame comprises a plurality of
parts, namely

-~ a head part - a so-called header - including digitalised items
of control information such as a synchronising word, an item of
bit rate information, an item of sampling information, items of
mode information etc,

- optionally, an error checking and/or correcting part preferably
including a CRC protegction word (Cyclic Redundancy Check),

- an audio part including amongst other things, a bit allocation
table, an item of scaling factor selection information, one or
more scaling factors per transmitted subband, sampling values,
substantially meaningless filler bits and

an ancillary information part including items of ancillary
information relating to the audio signals,

characterised in that, a supplementary item of error protecting
information or an error protecting bit is inserted into the data
frame for protecting the scaling factors.

2. Method in accordance with Claim 1, characterised in that, the
supplementary item of error protecting information is lnserted
directly at the end of the data frame.

3. Method in accordance with Claim 1 or 2, characterised in that,
the supplementary item of error protecting information is -
inserted directly before the item of ancillary information
relating to the audio signals.

4. Method in accordance with any of the Claims 1 - 3,
characterised in that, the supplementary item of error protecting
information is associated with items of data in the succeeding

data frame.

5. Methed in accordance with any of the Claims 1 - 4,
characterised in that, the supplementary item of error protecting
information is associated with the 3 MSBs of the scaling factors.

6. Method in accordance with any of the Claims 1 - 5,
characterised in that, the supplementary item of error protecting
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7. Method in accordance with any of the Claims 1 - 6,

characterised in that, the supplementary item of error protecting
information consists of one or more CRC data words.
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8. Method in accordance with any of the Claims 1 - 7,
characterised in that, the supplementary item of error protecting
information consists of four CRC data words which each protect
the scaling factors of a number of subbands.

9. Method in accordance with any of the Claims 1 - 8,
characterised in that, the data frame has a length of
approximately 24 msecs.

10. Method in accordance with any of the Claims 1 - 9,
characterised in that, meaningless filler bits are replaced by
the supplementary item of error protecting information.

11. Method for the - a head part - a so-called header - including
digitalised items of control information such as a synchronising
word, an item of bit rate information, an item of sampling
information, items of mode information etc,

- optionally, an error checking and/or correcting part preferably
including a CRC protection word (Cyclic Redundancy Check),

- an audio part including amongst other things, a bit allocation
table, an item of scaling factor selection information, one or
more scaling factors per transmitted subband, sampling values,
substantially meaningless filler bits and

an ancillary information part including ancillary items of
information relating to the audio signals, -

and furthermore, a method for the detection of' transmission
errors on digital transmission paths for the audio signals,
characterised in that, in the event of the occurrence of jumps in
the level of the received audio signal or in selected components
of this signal e.g. the scaling factors, the signal waveforms
before and after the relevant jump in level are compared with
such signal waveforms as correspond to the statistics of the
signal and that the jumps in level under observation are
considered as errors if their value deviates from a signal
waveform that could be statistically expected.

12. Apparatus for the reception and/or reproduction of a digital

audio signal transmitted in accordance with the method of any of
the Claims 1 - 10, characterised in that, the apparatus comprises

) B
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a store for storing the supplementary item of error protecting
information and means for error correcting and/or concealing
faulty scaling factors, that the means i1s connected to the store
and that the means uses the supplementary item of error
protecting information for the scaling factors for the error
correction and/or the concealment of the errors.

13. Apparatus for the reception and/or reproduction of a
digitalised audio signal transmitted in accordance with the
method of any of the Claims 1 - 11, characterised in that, the
apparatus comprises a store for storing the received audio signal
or selected components of this signal as well as level jump
detecting means which, in the event of the occurrence of jumps in
the level of the received audio signal or in selected components
of this signal, compare the signal waveforms before and after the
relevant jump in level with such signal waveforms as correspond
to the statistics of the signal and that the jumps in level under
observation can be considered as errors if their value deviates
from a signal waveform that could be statistically expected and
which is stored in the store.

14. Storage medium e.g. an optical or magnetic store, having
stored digitalised audio signals in which the digitalised audio
signals are subjected to a subband coding, wherein one or more
scaling factors are determined for each subband, the thus coded
signals are stored in succeeding data frames, wherein a data
frame comprises a plurality of parts, namely

- a head part - a so-called header - including digitalised items
of control information such as a synchronising word, an item of
bit rate information, an item of sampling information, items of
mode information etc,

- optionally, an error checking and/or correcting part preferably
including a CRC protection word (Cyclic Redundancy Check), -

- an audio part including amongst other things, a bit allocation
table, an item of scaling factor selection information, one or
more scaling factors per transmitted subband, sampling values,
substantially meaningless filler bits and

an ancillary information part including items of ancillary
information relating to the audio signals,

characterised in that, a supplementary item of error protecting
information or an error protecting bit is inserted into the data
frame for protecting the scaling factors.

e
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16. Storage medium in accordance with Claim 13 or 14,
characterised in that, the supplementary item of error protecting
information is inserted directly before the ancillary item of
information relating to the audio signals.

17. Method in accordance with any of the Claims 13 - 15,
characterised in that, the supplementary item of error protecting
information are associated with data of the succeeding data
frame. : '

18. Method in accordance with Claim 13 - 16, characterised in
that, the supplementary item of error protecting information is
associated with the three MFBs of the scaling factors.

19. Method in accordance with Claim 13 - 18, characterised in
that, the supplementary item of error protecting information is
associated in scaling factors in the first and second channels of
a stereo or two sound channel signal.

20. Method in accordance with any of the Claims 13 - 19,
characterised in that, the supplementary item of error protecting
information consists of one or more CRC data words.

21. Storage medium having stored digitalised audio signals,
characterised in that, the supplementary item of error protecting
information consists of four CRC data words which each protect
the scaling factors of a number of subbands.

22. Storage medium in éccordance with any of the Claims 1 - 21,
characterised in that, the data frame has a length of
approximately 24 msecs. -

23. Storage medium in accordance with any of the Claims 13 - 22,
characterised in that, meaningless filler bits are replaced by
the supplementary item of error protecting information.
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Claims

1. Method of transmitting, storing and/or receiving digital audio
signals wherein one or more scaling factors is/are associated
with subbands and the thus coded signals are transmitted in
Succeeding data frames and decoded and reproduced at the
receiving end, wherein a data frame comprises the following
parts:

-.a header including digitalised items of control information
such as e.g. a synchronising word, an item of bit rate
information, an item of sampling information, items of mode
information;

= an error checking and/or correcting part including a first
error protection code,

- an audio data part

characterised by:

- the first error protection code is a CRC protection word and
only relates to the header;

- the audio data part includes amongst other things, a bit
allocation table, an item of scaling factor selection
information, the scaling factors associated with the subbands,
and sampling values;

= an ancillary information part including ancillary items of
information relating to the audio signals, wherein a further CRC
word or further CRC words for protecting the MSBs of the scaling
factors is or are inserted at the end of the data frame in the
region of the items of ancillary information relating to the
audio signals.

2. Method in acéordance with Claim 1, characterised in that, the
further CRC protectioh words are associated with the MSBs of the
scaling factors of the succeeding data frame.

3. Method in accordance with Claim 1 or 2, characterised in that,
groups of scaling factors are formed within a data frame, a
respective CRC protection word being associated with each group.

4. Method in accordance with one or more of the Claims 1 - 3,
characterised in that, in the event of the occurrence of jumps in
the components relating to the level e.g. the scaling factors, of
the received audio signals, the signal waveforms before and after
the relevant jump in level are compared with such signal
waveforms as correspond to the statistics of the signal and that
the jumps in level under observation area considered as errors and
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are corrected accordingly if their value deviates from a signal
waveform that could be statistically expected.

5. Method in accordance with ons or more of the Claims 1 - 4,
characterised in that, the further CRC protection words are
asgsociated with the three MSBs of the scaling factors.

6. Method in accordance with one or more of the Claims 1 - §5,
characterised in that, the further CRC protection words are
asgociated in common with the scaling factors of the first and
second channels of a stereo or two sound channel signal.

7. Method in accordance with one or more of the Claims 1 - 6,
characterised in that, filler bits are occupied by the further
CRC protection words.

8. Apparatus which réceives a digital audio signal transmitted in
accordance with the method of any of the Claims 1 - 7,
characterised in that, the apparatus comprises a store for
storing the further CRC protection words and means for error
correcting and/or concealing faulty scaling factors, which means
are connected to the store, and that the means use the further
CRC protection words for the error correction and/or concealment
for the scaling factors. '

9. Apparatus in accordance with Claim 8, characterised in that,
the apparatus comprises a store for storing the received audio
signal or selected components of this signal, as well as, level
jump detecting means which, in the event of the occurrence of
jumps in the level of the received audio signal or in the
selected components of the audio signal, compare the signal
waveforms before and after the relevant jump in level with such
signal waveforms as correspond to the statistics of the signal
and that the jumps in level under observation are considered as
errors and are corrected accordingly if their value deviates from
a signal waveform that could be statistically expected and which
is stored in the store.

10. Storage medium e.g. an optical or magnetic store, having
stored digitalised audio signals which are coded by a method in
accordance with one or more of the Claims 1 - 7.
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9 The first object is achieved in accordance with the
invention by a transm ssion The first object is achieved i ¥ -
with the invention by a transm ssin nethod including the fggﬁﬁﬁeg ﬂﬁ‘ SHEET
accordance with claim 1. Advantageous devel opments are spdgcilffied in the |
appendant clainms 2 to 10. A floating point technique is jofiten used «fqar
the digital coding of audio signals. fgequently, the displjagenents of the
decimal point are only permtted to a limted extent, for |exanptre 506
times in one second. The value in front of the decimal point is then
constant for a specifiERROR iRROTHCTUON: IN. §. SUBBAND CODER , I

Abstract

Digitally subband coded audio signals are transmitted in
data frames. The header includes digitalised items of check
information, bit rate information, sampling information, and
mode information., The frame further includes an error
checking and/or correcting part including a first error
protection code, and an audio data part with scaling
factors, scaling factor selection information, a bit
allocation table, and sampling values. The first error
protection code is a CRC protection word and is provided for
the detection of transmission errors of the header and of
the scale factor selection information and of the bit
allocation table of the audio data part. An ancillary
information part includes ancillary items of information
relating to the audio signals, wherein further CRC words for
protecting the MSBs of the scaling factors are inserted at
the end of the data frame.

———————

————
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The follow ng checking criteria can be derived therefrom 1 AT ek

alterations in the waveform|level (Fig.2a), wherein the helgﬁﬁfgggﬁﬁﬂlﬁgﬂﬁﬁT
illustrated colum is indicative of the instantaneous |eve] Nalue which
applies for a specific period of time of 2 nsec for exanplpe.| 327 GCT T8 mal
alterations in the waveformlevel with a "normal" junp (Fipg.Rb).

2

T e

Level change waveforms with transmitted scaling
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3. :Scaling factor(s) having isolated occurrences of a le
whi ch has (have) probably been transmtted with an error (F
the scaling factor subject to error is indicated by the hat
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ERROR PROTECTION IN A SUBBAND CODER

The invention relates to a method for the transmxssmn storage and/or reception
of digital, subband-coded sound signals with scaling factors and receiving

apparatus and a storage medium for these signals.

T. Aoyama et al. "Applications of 7kHz-band Digital Speech Signal at 64kbps to
ISDN and Non-ISDN", ICC’86, Toronto, vol. 1(3), June 1986, IEEE, pages 23-
27, describes the transmission of digital subband-coded sound signals with the

use of data frames.

From DE-OS 3506912, DE-OS 3621513 and DE- 3639753, it is known to
subject sampled, digitalized audio signals to a partial-band coding - hereinafter
referred to as a subband coding. In this process for example, the audio signals

are divided up into time segments - so-called windows - corresponding to 1152

(W

sampling values (24 msec at a sampling frequency of 48 kHz). After the break-
down into 27 subbands for example, up to three scaling factors are specified for
each subband. These scaling factors are quantised using e.g. 6 bits and are
transmitted at a specific position in a known data frame. Their number and
significance is likewise transmitted at a specific position in the data frame as an

item of scaling factor selection information (Scale Factor Select Information).

Each individual data frame, as part of a bit stream divided up into sequential
data frames, normally comprises a head part - a so-called header - optionally, an
error checking part - a so-called "Error Check”, - an audio data part and an

ancillary data part - so-called "Ancillary Data".
After being scaled with the help of the scaling factors, the sampling values in
each subband are quantised using a predetermined number of bits and transmitted

at a specific position of the data frame preferably in the audio data part.

The number of bits used is likewise transmitted in coded form at a specific



4. ‘Scal ing factor(s) having isolated occurrences of a |evel decrease
whi ch has (have) probably been transmitted with an error (Fig.2d), wherein
the scaling factors subject to error are indicated by the hatching. In
order to detect a level junp which is subject to error in accordance with
Fig.2c or 2d, the junp in level is conpar@ with a signal value that could
be expected on statistical grounds whereby the waveform | evel s before and
after the jposgidmin theedudio dataspatt af thdhdataafsarme fagra bhvallooapan itade (Bitt h t he
statisticall expected value. In the case of Figures 2c and 2d, this neans
that after ta?(l@ca urrence of the junp in level marked by the hatching, it

is determ ned that

A header, which besides a synchronising word includes basic items of
information relating to the audio signal and the coding (e.g. stereo/mono,

sampling frequency, pre-emphasis, data rate) forms the beginning of the data

frame.

Furthermore, there is also a provision for optionally making some bits available
in the ancillary data part at the end of the data frame for ancillary items of
el information relating to the pieces of music (e.g. an indication of the source, the

title of the music, text).

The number of bits which are to be used per subband for the coding of the
sampling values is dete'rrninegi in a'parallel operation with the aid of psycho-
acoustic factors. In this process the total number of bits from all of the subbands
has an upper limit in that each data frame can only contain a specific number of
bits in accordance with the desired data transmission rate (e.g. 6144 bits at 256
kbits/sec). The bits utilised for the other data fields within the frame still need
to be subtracted from this maximum number. This leads to the condition that
e there is virtually no occasion when all of the bits of the data frame contain
meaningful items of information. There always remains a series of meaningless
filler bits after the bits used for the sampling values. By making appropriate
assumptions when calculating the number of bits which can be asSigned overall

one can control the number of filler bits, in particular by keeping it greater than

absolutely necessary.

In the event of interference to the transmission, a coded audio signal, such as

described hereinbefore, behaves very differently in dependence on which parts of

—i

the data frame have been disturbed. REP
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i medi ately after the observed junp or junps in level, a nEf
mredi ately occurs, but in the opposite direction. Only a
above a defined threshold is regarded as a junp in |evel.

factor detected or categorised as containing an error int
be easily replaced by the probably correci scaling factor,
by extrapol ation (repetition of the preceding scaling fact

““or by
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reason, an error protecting part or error protecting word (16 bit cyclic
redundancy check, CRC) is frequently provided as an option, by means of which
an error in the said region of the data frame can be detected and an appropriate
protective measure can be initiated in the receiver (concealing the error, error

concealment).

Somewhat amazingly, transmission errors within the coded audio sampling
values in the audio data part only have small effects so that, even up to very
high error rates (ca 10'2), virtually no special error protection is required.

The object of the invention is to better protect the above-described partial-band

coded audio signals against transmission errors.

The object is achieved in accordance with the invention by a method of
transmission having the features according to claim 1. Advantageous

developments are specified in the appendant claims.

The invention is based on the recognition that errors within the scaling factors -
hereinafter referred to as scaling factor errors - have a very disturbing effect
during reproduction. Thus, these scaling factor errors can sometimes lead to
very loud "whistling" signals at the output of the receiver. In order to prevent
disturbances in the hearing of a user or at loudspeaker membranes, an effective
supplementary error protection, or at least a detection of this scaling factor error,

is necessary in order that appropriate error concealment measures can be

initiated.

As a measure of protection in accordance with the invention, a supplementary .

item of error protecting information is inserted into the data frame for protecting



recei ving end by sinple nmeans wi thout any great expense since, basically,
it only has to be determ ned whether or not, after a junp in level, a new
oppositely directed junp in level occurs. By neans of the nethod in
accordance with the invention, storage nedia, e.g. optical storage nedia
such as a conpact disc or recordable optical storage nedia such as a
magnet o-optic disc or chip card stores, can now be used, in which the

di gi tal i zedhawsdiling &ictpral sFar thispurpesk, ome (gt £ plurhiétydd i CRT datd veordis ds
signal is subjegted to a subband coding, that the apparatus conprises a
store for S84 nfis peery ssues & dedeqting eRgyABMAre LEasISEYSSéan €5iAsH Velthis the t hi s

signal, as L1 @as vel junp detecting neans, which in the event of the
occurrence Sgﬁu}gﬁi’%&sn the | evel of

Since it has been shown that a transmission error within the scaling factors only
leads to a noticeably audible interference if one or more of the three MSBs
(Most Significant Bit) of the scaling factors, which are coded with 6 bits, are
disturbed, it is sufficient to monitor the three MSBs of the scaling factors by

means of a CRC.

= Further investigations have shown that it is not expedient to protect all scaling
factors of all subbands together by means of a CRC but rather, to form e.g. four
groups and thus, to monitor the scaling factors of only a certain number of
subbands with the aid qf a CRC. For example, for a total of 27 subbands, one
can use the grading: 2, 4, 8,.13 0r 4,4, 8, 11 or 1, 1, 2, 4, 8, 11 or some other
grading of the subbands. In addition, it has been shown for a coded stereo
signal, that the scaling factors for the left and the right channels can be protected

in common.

In order to be able to insert the supplementary CRC words in a compatible form
R into the known data frames, they are placed at the end of the data frame in the

region of the meaningless filler bits. It is thereby ensured, with the help of the

calculations for the bit allocation, that there always remains sufficient space for

e.g. four CRC words each having e.g. 8 bits.

If there is no information relating to an audio signal present, then the
supplementary CRC words are located at the end of the data frame, however, if
such is present, then the supplementary CRC words are inserted directly in front

of it.
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the received audio signal or in selected conponents of this sgi GRAY 1) roe
tHe signal waveforms before and after the relevant junp in |4vel- -S|
signal waveforms as correspond to the statistics of the signal E:{anglzt at.

observed junps in |level are to be considered as errors if thgirn v
devi ates from a 5 L.

The detection of transmission disturbances within the scaling factor"és:s@a@—mly

occur if both the scaling factors themselves as well as the suppleﬁéﬁtﬁﬁ CRC
words are available in the receiver. Since the supplementary CRC words are
locafed practically at the end of the data-frame, all of the data in the data frame
has to be initially buffer stored before one can begin with the decoding. This
can be avoided if the inserted CRC words in the currently progressing data
stream relate to the scaling factors of the immediately succeeding data frame.
This does of course lead to an increase in cost in the transmitter, something
which is tolerable in a broadcasting system for example, but there is a distinct

saving of storage space in the receiver.

An embodiment of the invention will be explained in more detail hereinafter with

the help of a drawing. In the drawing:
Fig. 1a shows a frame format for the audio signal transmission,

Fig. 1b shows a detailed breakdown of the frame format in accordance with Fig.

1a,

Figs. 2a-d show waveforms with respect to time of a digitally coded audio signal

—’ with scaling factors to be transmitted without errors (Figs. 2a and 2b) as well as

with errors (Figs. 2¢ and 2d).

Fig. 1a shows a general view of the frame format of a main frame which is
transmitted as part of a bit stream of digitalized audio signals that has been
divided up in this way into frames. The frame comprises a head part - a sO-
called header, -an error checking part - a so-called "Error Check”, - an audio
data part and an ancillary data part - so-called "Ancillary Data Items” - relating
to the audio signal. During the transmission, individual bits are interleaved

within a frame or with the bits of another frame and are subjected to an optional
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A nethod for transmtting, storing and/ o!

scrambling.

Fig. 1b shows a detailed breakdown of the frame format in accordance with Fig.
la. A 12 bit long synchronising word (all the bits having the value logical "1")
is at the beginning of the header. Appended thereto is an identification bit ID,

- a two bit item of "Layer" information regarding the data reduction algorithm
that has been selected or the psycho-acoustic model of the coded audio signals

that has been chosen,

- a protection bit including an item of information as to whether information

theory redundancy is being transmitted,

- a bit rate index (four bit) including an item of information regarding the bit

rate e.g. 32 kbit/sec or 128 kbit/sec that was selected for the coding,

- an item of information regarding the sampling frequency (two bit) e.g. 44.1
kHz that was selected for sampling the audio signals,

- a padding bit which is at logical "1" only for the sampling rate of 44,1 kHz,
- a private bit (not laid down),

- an item of information (two bit) regarding the selected mode e.g. stereo,

intensity stereo, mono, etc.,

- an item of mode extension information (two bit) regarding the selected

subbands for the intensity stereo mode,

- a copyright bit, wherein logical "1" means "protected by copyright",



coded audi o signals in which one or nore scaling factors - AT
subbands, and the thus coded signals are transmitted ¥R AGddeadizigs]
data franes and decoded and reproduced at the receivi ngv\taen-dﬁ»«kﬂu-m:i---e:h---—a--
conprises the follow ng parts; - a header th digi e A=Ys

NG

W th

data frane

itens of check information such as a synchronising word,{ap i

rate information, an itemof sanpling i nflor mati on, itens
i nformati on; an_error checking and/or correcting part wifh a first error
prot ect i on taYOrginglhome by, includipgan item Of Anfocmaiips g toy fi -

i

<l
(0] frote-

error P ot el 68 Rt sBaSR G AR RV SighoAl SRS MY Lo the

header ;

transmission or from a copy,
- an item of emphasis information (two bit).

The error checking part (Error Check) comprises a 16 bit CRC parity check
word which is provided in particular for the error detection of transmission
errors in the header, especially of the synchronising word and the scaling factor

selection information and the bit allocation table in the audio data part.

In essence, the audio data part comprises a bit allocation table, items of scaling
factor information, scaling factors, items of sample coding information, sampling
values, meaningless filler bits and supplementary items of error protecting
information at the end of the audio data part or of the data frame. The position
of the filler bits and of the supplementary error protecting information may also

be inter-exchanged as shown in Fig. 1b.
The ancillary data part relating to the audio signal is defined by the user.

The supplementary error protecting information in the data frame, which is
inserted directly at the end of the data frame before the ancillary data
information relating to the audio signal, is especially relevant for the protection
of data in the following data frame. Preferably, it only serves for the protection
of the scaling factors transmitted in the following data frame. It is expedient
thereby if the supplementary error protecting information serves for the
protection of the MSBs of the scaling factors. If the number of scaling factors
per subband is three, then too, only the three MSBs have to be protected.

Preferably, the supplementary error protecting information serves for the

L 0 e




- the -audio data part includes inter alia a bit allocation table, an item
of' scaling factor selection information, the scaling factors associ ated

wi th the subbands and sanpling values; - an ancillary information part with
itenms of ancillary information relating to the audio signals, in which for
the protection of the MSBs of scaling fdttors a further CRC-word or further
CRC-words is or are inserted at the end of the data frane in the region of
t he anci | | commionf protestioorofr the staling fawtadseofahdifrssanghsgcond channel ofaa et hod

for transmtting, storing and/or recejiving digital, sub-band coded audio
signal s i nS'Wﬁocgr bre-tese %ﬁ’@eéwtﬁmg%?-g?‘ﬂa%r BITQE PHUFCHIE IRiPTRAton
itself consists of one or more CRC words and replaces the filler bits provided at

the positions in the data frame allocated .thereto.

It is especially advantageous, if the ancillary error protecting information
consists of four CRC words, which each protect the scaling factors of a number
of subbands. Moreover, the invention relates to a method of the type previously
described and for the detection of transmission errors on digital transmission

paths for audio signals.

For the detection of transmission errors during the transmission of digital audio
signals, it is known to add redundant bits e.g. filler bits, to the useful digital bit
stream which permit transmission errors to be detected at the receiving location
and, if necessary, to cdrrect them (error protecting code). In many cases, the
detection of transmission errors within the whole or within parts of the useful

signal is not possible because either
- there is no error protection present,
e - the error protection is insufficient,

- the error protection is related to the whole signal and disturbances of specific

signal components cannot be particularly identified.

The object of the invention is to better protect the partial-band coded audio
signals described hereinbefore against transmission errors. A further object of
the present invention consists in improving the detection of transmission errors at

the receiving end, in particular within specific signal components.
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subbands, and the thus coded signals are transmtted in s
frames and decoded and reproduced at the receiving end, in m‘(pb
frame conprises the follow ng parts;
check information such as a synchronising word, an |temo bl t‘i 53&

i nformati on,

an itemof sanpling informatdon, itenms

i e e s B

The first object is achieved in accordance with the invention dy a transmission

method including the features in accordance with claim 1. Advantageous

developments are specified in the appendant claims 2 to 10.

A floating point technique is often used for the digital coding of audio signals.
Frequently, the displacements of the decimal point are only permitted to a
limited extent, for example 500 times in one second. The value in front of
the decimal point is then constant for a specific period of time e.g. for 2
msecs. One refers to this value as a scaling factor. For its part, it is digitally
coded, usually provided with a high degree of error protection and transmitted

as a signal component within the digital bit stream in the network.

One can only expect from the characteristics of the level waveform of an

audio signal that,

scaling factor values usually only alter slowly,

rapid alterations only occur from low to high level values.
The following checking criteria can be derived therefrom:
1. Normal alterations in the waveform level (Fig.2a), wherein the height

of each illustrated column is indicative of the instantaneous level value which

applies for a specific period of time of 2 msec for example.

2, Normal alterations in the waveform level with a "normal” jump
(Fig.2b).
3. Scaling factor(s) having isolated occurrences of a level increase which

has (have) probably been transmitted with an error (Fig.2c), wherein the

scaling factor subject to error is indicated by the hatching.

_ a header with di gi tal lzed.l t.ems:’ of
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audi o data part includes inter alia a bit allocation table, @an{igt §@yofa?
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information; - an error checking and/or corracf‘izﬁd
protection code; an audio data part, character[f"sed By

e detection of {transm ssi on

on word and is provided for

W th itens ofaafhave) flobably BeeiPich it ikt 8n &Pror (Fig.2d), wherein the

scaling factors subject to error are indicated by the hatching.

In order to detect a level jump which is subject to error in accordance with
Fig.2c or 2d, the jump in level is compared with a signal value that could be
expected on statistical grounds whereby the waveform levels before and after
the jump in level are used as the basis for the comparison with the statistically
expected value. In the case of Figures 2c and 2d, this means that after the
occurrence of the jump in level marked by the hatching, it is determined that
immediately after the observed jump or jumps in level, a new jump in level
immediately occurs, but in the opposite direction. Only a change in level

above a defined threshold is regarded as a jump in level.

A scaling factor detected or categorised as containing an error in this manner
can be easily replaced by the probably correct scaling factor, namely, either
by extrapolation (repetition of the preceding scaling factor) or by interpolation

between the scaling factors assumed to be correct.

The error detecting process described hereinbefore can be carried out at the
receiving end by simple means without any great expense since, basically, it
only has to be determined whether or not, after a jump in level, a new
oppositely directed jump in level occurs. By means of the method in
accordance with the invention, storage media, e.g. optical storage media such
as a compact disc or recordable optical storage media such as a magneto-optic
disc or chip card stores, can now be used, in which the digitalized audio
signals are stored, in which the digitalized audio signal is subjected to a
subband coding, that the apparatus comprises a store for storing the received
audio signal or selected components of this signal, as well as level jump

detecting means, which in the event of the occurrence of jumps in the level of



the audio signals, in which for the protection of the MSBs of scaling
factors a further CRC word or further CRC words is or are inserted at the
end of the data frame in the region of the ancillary information relating

to the audio signals. 3. A met hod according to claim1 or 2
characterised in that the further CRC protection words are associated with
the MSBs of the scaling factors of the followi ng data frane. 4, A

met hod according to any of claims 1 to 3l characterised in that
the received audio signal or in selected components of this signal, compare the
signal waveforms before and after the relevant jump in level with such signal
waveforms as correspond to the statistics of the signal and that the observed
jumps in level are to be considered a‘s errors if their value deviates from a
signal waveform that could be expected on statistical grounds and which is

stored in the store.




wthin a data frame there are forned groups of scaling factprs,  with each
of which a CRC protection word is associ at ed. 5. A npthpdsageor ding, .

to one or nore of clains 1 to 4, characterised in that, in|the .event of ™

the occurrence of junps in the conponents relating to the fevel e.g. the !
way efl rﬁéi’b@%r

scaling factors, of the received audio signal, t he signal i
and after the relevant junp in | evel arel onpared with such ignal .. ____

wavef orms as correspond to the statistéeﬁdgsthe si gnal ang in that the
junps in | evel under observation are ed as errors amd—ate-carrected

1. A method for transmitting, storing and/or receiving digital, sub-band

coded audio signals in which one or more scaling factors are associated with
subbands, and the thus coded signals are transmitted in succeeding data frames
and decoded and reproduced at the receiving end, in which a data frame
comprises the following parts;

- a header with digitalized items of check information such as a synchronising
word, an item of bit rate information, an item of sampling information, items
of mode information;

- an error checking and/or correcting part with a first error protection code;

- an audio data part,

characterised by:
- the first error protection code is a CRC protection word and relates only to

the header;

- the audio data part includes inter alia a bit allocation table, an item of

scaling factor selection information, the scaling factors associated with the

subbands and sampling values;

- an ancillary information part with items of ancillary information relating to

the audio signals, in which for the protection of the MSBs of scaling factors a
. further CRC-word or further CRC-words is or are inserted at the end of the
~ data frame in the region of the ancillary information relating to the audio

signals.

2. A method for transmitting, storing and/or receiving digital, sub-band
coded audio signals in which one or more scaling factors are associated with
subbands, and the thus coded signals are transmitted in succeeding data frames
and decoded and reproduced at the receiving end, in which a data frame
comprises the following parts;

- a header with digitalized items of check information such as a synchronising

word, an item of bit rate information, an item of sampling information, items

L




14 accordingly if their value deviates froma signal waveformthat could
be statistically expected. 6. A net hod according to one or nore of
claims 1 to 5, characterised in that, the further CRC protection words are

associated with the three MSBs of
13

of mode information;
- an error checking and/or correcting part with a first error protection code;
an audio data part,

characterised by:

- the audio data part includes inter alia a bit allocation table, an item of
scaling factor selection information, the scaling factors associated with the
subbands, and sampling values;

- the first error protection code is a CRC protection word and is provided for
the detection of transmission errors of the header and the scaling factor
selection information and the bit allocation table from the audio part;

- - an ancillary information part with items of ancillary information relating to
the audio signals, in which for the protection of the MSBs of scaling factors a
further CRC word or further CRC words is or are inserted at the end of the
data frame in the region of the ancillary information relating to the audio

signals.

3. A method according to claim 1 or 2 characterised in that the further
CRC protection words are associated with the MSBs of the scaling factors of

the following data frame.

~ 4. A method according to any of claims I to 3, characterised in that
within a data frame there are formed groups of scaling factors, with each of

which a CRC protection word is associated.

5. A method according to one or more of claims ! to 4, characterised in
that, in the event of the occurrence of jumps in the components relating to the
level e.g. the scaling factors, of the received audio signal, the signal
waveforms before and after the relevant jump in level are compared with such
signal waveforms as correspond to the statistics of the signal and in that the

jumps in level under observation are considered as errors and are corrected

U
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the scaling factors. 7. A nmet hod according to one or nore of clains 1
to 6, characterised in that, the further CRC protection wrds are

associated in conmmon with scaling factors of the first and second channel s
of a stereo or two-tone channel signal. 8. A met hod according to one
or nore of clainms | to 7, characterised in4 that, filler bits are occupied

by the further CRC protection words.
accordingly if their value deviates from a signal waveform that could be

statistically expected.

6. A method according to one or more of claims 1 to 5, characterised in
that, the further CRC protection words are associated with the three MSBs of

the scaling factors.

7. A method according to one or more of claims 1 to 6, characterised in
that, the further CRC protection words are associated in common with scaling

factors of the first and second channels of a stereo or two-tone channel signal.

8. A method according to one or more of claims 1 to 7, characterised in

that, filler bits are occupied by the further CRC protection words.

9. An apparatus which receives a digital audio signal transmitted in
accordance with the method of any of claims 1 to 8, characterised in that, the
apparatus comprises a store for storing the further CRC protection words and
connected to the store, means for error correcting and/or concealing faulty
scaling factors, and in that the means use the further CRC protection words

for the error correction and/or concealment for the scaling factors.

10. An apparatus according to claim 9, characterised in that, the apparatus
comprises a store for storing the received audio signal or selected components
of this audio signal, as well as level jump detecting means which, in the event
of the occurrence of jumps in the level of the received audio signal or in the
selected components of the audio signal, compare the signal waveforms before
and after the relevant jump in level with such signal waveforms as correspond
to the statistics of the signal and in that the jﬁmps in level under observation

are considered as errors and are corrected accordingly if their value deviates

AR D W

e

B

1 Fiream e g P




9. ‘An apparatus which receives a digital audio signal transmtted in
accordance with the nethod of any of clains 1 to 8, characterised in that,
the apparatus conprises a store for storing the further CRC protection
words and connected to the store, neans for error correcting and/or
concealing faulty scaling factors, and in that the neans use the further
CRC protection words for the error correction and/ or conceal nent for the
scal ing factors. 10. An apparatus addording to claim9, characterised

in that, the r rises a re for, storing the received audio
si gnal or sef@g{F gé%ﬁp%%%ﬁ?@ %éﬁt ﬁq@‘{;%ﬁééﬁtﬁtlﬁal@héwe%%d wad (whish i stered unp
detecting nmegngewiogh. in the event of the occurrence of junps in the

| evel of the received audio signal or in the

I1. A storage medium e.g. an optical or magnetic store, with stored

digitalized audio signals, which are coded by a method in accordance with one
or more of claims 1 to 8.
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stored in the store. 11. A storage nediume.g. an opti c.al-—@rn*agnet'z\c

store, with stored digitalized audio signals, which are cofleg _ eizhqd
i n accordance with one or nore of clains 1 to 8. qﬂm (21
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error-containing (c, d) transmitted scaling factors
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Abstract

Digitally subband coded audio signals are transmitted in
data frames. The header includes digitalised items of check
information, bit rate information, sampling information, and
mode information., The frame further includes an error
checking and/or correcting part including a first error
protection code, and an audio data part with scaling
factors, scaling factor selection information, a bit
allocation table, and sampling values. The first error
protection code is a CRC protection word and is provided for
the detection of transmission errors of the header and of
the scale factor selection information and of the bit
allocation table of the audio data part. An ancillary
information part includes ancillary items of information
relating to the audio signals, wherein further CRC words for
protecting the MSBs of the scaling factors are inserted at
the end of the data frame.



