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(57) Claim ;
1. Process for reduction in the amount of data required for ,|
storage and/or transmission of digital audio signals, in which,
prior to storage and/or transmission, a digital audio signal is 
transformed with the aid of a filter bank from the time domain into
the frequency domain and from the signal in the frequency domain :
and using the psychoacoustic masking effect irrelevant or redundant h
signal information is excluded, in which the signal is quantized
and coded with a variable word length and in which the signal, J

after reading out from the storage and/or transmission, is decoded
and transformed from the frequency domain into the time domain, 
characterized in that the transformation of the audio signal takes ;■
place with a filter bank having accurate reconstruction properties,
that during the quantization and coding process the psychoacoustic (
masking effect is at most half utilised and that for the variable i
word length code use is made of a cascaded, multidimensional '
Huffman code. !
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Veroffentlicht
Mit interitationalem Recherchenbericht.
Vor Ablauf der filr Anderungen der Anspritche zugelasse- 
nen Frist. Verqffentlicliung wird wiederholt falls Anderun- 
gen eintreffen.

(54)Title: DATA COMPRESSION PROCESS DURING STORAGE AND/OR TRANSMISSION OF DIGITAL AUDIO 
SIGNALS FOR STUDIO APPLICATIONS WITH PERCEPTIVE CODING AND VARIABLE LENGTH CODE

(54) Bezeichnung: VERFAHREN ZUR DATENREDUKT1OIN BEI DER SPEICHERUNG UND/ODER LIBERTRA- 
GUNG DIGITALER AUDIOSIGNALE FtJR STUDIOANWENDUNGEN MIT PERCEPTIVER CO­
DIERUNG UND CODE VARIABLER LANGE

(57) Abstract

A data compression process is disclosed for the storage and/or transmission of digital audio signals. Known processes, 
such as ASPEC, allow high quality music to be transmitted in a data stream that contains less than 10 % of the information con­
tained in the data stream used in a CD. Known compression processes do not measure up, however, to the requirements of the 
professional studio technology, as the subsequent processing of the audio signals that takes place in the studio leads to audible 
disturbances. The disclosed process is insensitive to subsequent processing, such as tandem coding, mixing or fading. To achieve 
this insensitivity, the transposition of the audio signal from the time domain to the frequency domain is carried out with perfect 
reconstruction by means of a filter bank, the psychoacoustic masking effect is utilised to an essentially less extent, and a cascade 
multidimensional Huffman code is used for coding variable word lengths. This process allows audio signals destined to be used 
in studio technology to be transmitted at a data rate of 192 kbit/sec per channel.

(57) Zusammenfassung

Beschrieben wird ein Verfahren zur Datenreduktion bei der Speicherung und/oder LJbertragung digitaler Audiosignale. 
Bekannte Verfahren, wie z.B. ASPEC ermdglichen die UbertragUng hochqualitativer Musik mit einem Datenstrom, der weniger 

I als 10 % der Informationen des bei der CD verwendeten Datenstromes enthiilt. Allerdings sind bekannte Reduktionsvei'fahren 
den Anforderungen in der professionellen Studiotechnik nicht gewachsen, da die dort vorgesehene Nachbearbeitung der Audio­
signale zu horbaren Storungen filhrt. Das erfindungsgemiiBe Verfahren ist unempfindlich gegen Nachbehandlungen, wie Tan- 
demcodierung, Mischen oder Fading. Diese Unempfindlichkeit wird dadurch erreicht, daB die Abbildung des Audiosignals aus 
dem Zeitbereich in den Frequenzbereich mit Hilfe einer Filterbank mit perfekter Rekonstruktion erfolgt, daB der psychoakusti- 
sche Verdeckungseffekt in wesentlich geringerem MaBe ausgenutzt wird, und daB als Code variabler Wortliinge ein kaskadierter 
mehrdimensionaler Huffmancode vevwendet wird. Das Verfahren erlaubt eine Obertragung von Audiosignalen filr die Studio­
technik mit einer Datenrate von 192 kbit/sec je Kanal.



PROCESS FOR DATA REDUCTION IN THE STORAGE AND/OR
TRANSMISSION OF DIGITAL AUDIO SIGNALS FOR STUDIO USES

DESCRIPTION

TECHNICAL FIELD

The invention relates to a process for data reduction in the 
storage and/or transmission of digital audio signals according 
to the preamble of claim 1.

Such data reduction processes are used if, during the storage 
and/or transmission of audio signals, an interference-free, high 
sound quality is required, but not such a high transmission or 
storage band width as is e.g. available with a compact disk (CD).

Examples are the planned, digital, terrestrial broadcasting, the 
sound channel of digital video recorders or tape recorders with 
a stationary sound head and the like.

PRIOR ART

A process according to the preamble is e.g. known from DE-OS 39 
12 605. In this process the coding of the quantized spectral 
values takes place with an optimum coder, in which the code word 
used for coding decreases in length the more frequently the spec­
tral coefficient occurs. The code is taken from a table, whose 
length corresponds to the number of code words (Huffman code).

A further development of this process is described in "ASPEC 
Coding", Proceedings of the 10th International AES Conference, 
London 1991, pp 71-80. In this process optimum coding, an 
improved psychoacoustic model and improved measures for over­
coming so-called preechos are combined.

Reference is made to the aforementioned documents for explaining 
terms not described in detail here.
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It has been possible with the last-mentioned process to transmit 
music with bit rates of only 64 kbit/sec per channel with a CD 
quality, the differences between the original signal and the 
transmitted signal being virtually imperceptible. Therefore it is 
possible to fulfil the requirements of consumers in connection with 
most uses.

However, hitherto data reduction processes have only been usable to 
a limited extent for professional purposes in studios. The reason 
for this is that reprocessing operations such as mixing, cross­
fading or multiple coding and decoding modify the signal in such a 
way that initially masked interference caused by the coding process 
become audible.
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DESCRIPTION OF THE INVENTION

The problem of the invention is to so further develop a process for 
reducing data in accordance with the preamble that is appropriate 
for the requirements made in connection with professional uses in 
studios. This problem is solved by a process having the features 
of claim 1.

Further developments of the invention are characterized in the 
subclaims.

According to the invention the transformation of the audio signal 
from the time domain into the frequency domain takes place with a 
filter bank that accurately reconstructs the signal in the time 
domain, i.e. without quantization and coding, the signal 
transformed back into the time domain completely coincides with the 
input signal.

Therefore quantization exclusively contributes to a coding error. 
If this error can be kept in the amplitude resolution range, the 
reprocessing of the signal does not lead to audible interference.
In order to reduce errors caused by quantization and coding, 
psychoacoustic masking effect is not completely utilized.

the

V
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In known processes a G-e-n-6-id-er-cd - block section is coded with such 
a small number of bits that noise caused by the quantization is 
still below the monitoring threshold, i.e. masked by the music 
signal. As a result of the reprocessing of the signal the init­
ially masked quantization noise can become an audible, disturb­
ing noise .

Thus, according to the invention, during quantization and 
coding the psychoacoustic masking effect, compared with the 
aforementioned ASPEC process, is at the most half used. Thus, 
there is a spacing between the masked and masking signal, which 
permits a reprocessing of the music signal. ,

In the process according to the invention coding takes place
•Pot t.'rds

with a variable word length and ^ao the· code use is made of a 
cascaded, multidimensional Huffman code.

j·.

The Huffman coding is not performed in the same way as in known 
processes (e.g. ASPEC). Due to the significant data reduction, 
in known processes mainly low values occur, which must be coded. 
By means of a Huffman code table code words are allocated to 
these values. The coding of highly quantized values, which are 
not contained in the table, takes place with the aid of an 
identification code, which initiates a further coding stage.

Contrary to the above procedure, in the process according to the 
invention, where far more high values must be coded, coding 
takes place with different Huffman code tables. Firstly a deci­
sion is made as to the range in which the value occurs. Corres­
ponding to said range the code word is associated by means of 
the suitable Huffman code table. If the quantized value exceeds 
a specific threshold, then the part exceeding said threshold is 
coded in^calar manner. For small values^ coding takes place in 
the known manner .

For calculating the masking effects in the known process use is

ft
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made of the monitoring threshold curve (spreading function). In 
order to increase the ratio of masking to masked signal, accor­
ding to claim 2, in place of the monitoring threshold curve 
obtained from the psychoacoustics, a curve with an at least 
tvutce eAope.
^double olopc—otoepncoo is chosen. Preferably the slopes of the 
monitoring threshold curve are made so steep that only a slight 
masking is assumed. As a result of a reprocessing such as the 
filtering for balancing the signal, during said coding the quan­
tization noise does not pass into an audible range.

According to claim 3 the amplitude of the noise resulting from 
the quantization is at least 14 dB below the masking audio sig­
nal. This ensures that even in the case of multiple application 
of the process there, is no audible deterioration of the music 
signal.

In order to obviate possible problems during a subsequent ampli­
fication of audio signals with low amplitude, according to claim 
4,for the fundamental audibility threshold a level is assumed 
which is at least 10 dB below the amplitude resolution (least 
significant bit) .

i ■ ' *

In a particularly advantageous development of the invention in 
accordance with claim 5, the filter bank is constituted by a 
modified discrete cosine transformation (MDCT), which according 
to claim 6 is used with a block length of 256 or 512 samples.
For a sampling rate of 48 kHz this leads to block length of 5.33 
or 10.67 msec .

MDCT is a transformation with perfect reconstruction, i.e. the 
output signal of the synthesis filter bank is precisely ident­
ical to the input signal of the analysis filter bank if no 
quantization is performed. The option to use a block length of 
256 samples makes it possible to increase the time resolution 
in the case of reduced coding efficiency.I

a
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According to claim 7 the analysis window has 512 or 1024 samples 
and is therefore 10.67 or 21.33 msec long for a sampling rate of 48 
kHz. Apart from the sampling rates of 32, 44.1 and 48 kHz used in 
conventional processes, the present process also has a sampling 
rate of 96kHz. At the latter the process makes it possible to 
transmit frequencies well above the human perceptivity, which is 
sometimes a requirement of studio applications.
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An advantageous further development of the invention is 
characterized in claim 9, according to which the coded signal is 
reprocessed, e.g. faded in or out. For this purpose the coded 
signal can be input into a computer and directly processed. This 
process makes it possible to bring about considerable savings in 
digital processing and memory allocation.

As in a sound studio, generally several music channels are mixed, 
according to the further development of the invention of claim 10, 
up to 48 channels can be processed in parallel.

An important advantage of the invention is that a digital music 
signal processed with the process is suitable for professional use 
in sound studios. The signal can be mixed and cross-faded, it can 
be played with widely differing volumes, it can be coded and 
decoded several times in succession, without any deterioration of 
the sound signal.

The signal can be provided with an echo or other effects. All the 
aforementioned measures can be used on individual channels, which 
can be combined to an overall signal.

Unlike data reduction processes, which do not produce noise, such 
as those used for the storage of computer data, the process 
according to the invention leads to a much greater reduction.

The process makes it possible to obtain an almost perfect 
reconstruction of the music signal, with only 4 to 6 bits being

Thus, compared with the original signal of 16

4
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or 20 bits per sample, a reduction factor of 4 to 5 is obtained. 
The typical bit rate is 192 kbit/sec in the case of an almost 
lossless transmission.

WAY OF PERFORMING THE INVENTION

An embodiment of the process' according to the invention is 
described in greater detail hereinafter.

A digital audio signal is transformed from the time domain into the 
frequency domain by a modified discrete cosine transformation in 
order to break the input signal down into subsampled spectral 
components. The sampling rate is 48 kHz, the block length 516 
samples, 8 or 10.67 msec and the window width is 1024 samples.

The output signals of this filter bank are used for calculating 
estimates of the particular signal-dependent monitoring thresholds. 
For this purpose all laws known from psychoacoustics are used. 
However, for determining the minimum monitoring threshold use is 
made of a modified acoustic model. The basis is formed by model 2 
of the coder of the ISO/MPEG standard 11172-3 (International

, ,··, Standardisation Orgar.isation/Moving Pictures Experts Group) , but
* fl fl

“««» which has been modified. The gradient of the slopes of the
fl a o

monitoring threshold curve has been increased to such an extent
fl e a

··» »* that account is only taken of a minimum masking. It has proved
particularly advantageous .to use a monitoring threshold curve with 
a slope gradient, which is at least twice as steep as the curve of 
model 2 of the ISO/MPEG standard. The spacing between the 
concealing signal and the concealed noise is 20 dB instead of 6 to 
9 dB for signals with a similar noise. The signal is quantized 
with a linear quantizer, because the latter permits an optimum 
ratio of the concealing signal and the concealed noise. The 
quantized spectral values are coded with the aid of Huffman coding. 
As considerably more high values have to be coded than in the known
ASPEC process, the code tables are organized differently. The high 
values are coded in that it is established in which range the value

A choice is made from the different Huffman code tables of
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that corresponding to the range. If the quantized values exceed a 
given threshold, then through the table scalar values are coded 
instead of value pairs. The coded values and side information are 
combined to an output bit stream.

As the psychoacoustic model is only used in the coder and not in 
the decoder, the model can be modified without modifying the bit 
stream definition.

In order to build up a very simple coder for performing the 
process, other acoustic models adapted to the particular 
requirements can be used as a basis.

« « 4 t
α « I
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CLAIMS

1. Process for reduction in the amount of data required for 
storage and/or transmission of digital audio signals, in which, 
prior to storage and/or transmission, a digital audio signal is 
transformed with the aid of a filter bank from the time domain into 
the frequency domain and from the signal in the frequency domain 
and using the psychoacoustic masking effect irrelevant or redundant 
signal information is excluded, in which the signal is quantized 
and coded with a variable word length and in which the signal, 
after reading out from the storage and/or transmission, is decoded 
and transformed from the frequency domain into the time domain, 
characterized in that the transformation of the audio signal takes 
place with a filter bank having accurate reconstruction properties, 
that during the quantization and coding process the psychoacoustic 
masking effect is at most half utilised and that for the variable 
word length code use is made of a cascaded, multidimensional
Huffman code.

2. Process according to claim 1, characterized in that for the 
calculation of masking effects in place of the monitoring threshold 
curve use is made of a curve with at least twice the slope.

3. Process according to claim 1 or 2, characterized in that for 
noisy signals use is made of a masking threshold which is at least 
14 dB below the signal amplitude.

4. Process according to any one of the claims 1 to 3, 
characterized in that as the fundamental audibility threshold a 
level is assumed which is at least 10 dB below the amplitude 
resolution.

5. Process according to any one of the claims 1 to 4, 
characterized in that a modified discrete cosine transformation 
(MDCT) is used as the filter bank.
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6. Process according to claim 5, characterized in that the 
modified discrete cosine transformation is used with a block length 
of 256 or 512 samples.

7. Process according to claim 5 or 6, characterized in that there 
is an analysis window of 512 or 1024 samples.

8. Process according to any one of the claims 1 to 7, 
characterized in that the incoming audio signals are selectively 
sampled with a sampling rate of 32, 44.1, 48 or 96 kHz.

9. Process according to any one of the claims 1 to 8, 
characterized in that the coded signal is reprocessed.

10. Process according to any one of the claims 1 to 9, 
characterized in that up to 48 channels can be processed in 
parallel.

I

Γ



5’

- 10 -

ABSTRACT

A description is given of a process for data reduction in the 
storage and/or transmission of digital audio signals. Known 
processes such as -erg·. ASPEC permits the transmission of high 
quality music with a data stream containing less than 10% of the 
information of the data stream used in the CD. However, known 
reduction processes do not meet the demands of professional 
studio technology, because the reprocessing of the audio signals 
used there leads to audible interference.

The process according to the invention is not sensitive to 
reprocessing operations, such as tandem coding, mixing or fading. 
This insensitivity is achieved in that the imaging of the audio 
signal from the time range into the frequency range takes place 

acciAroJce. properties
with the aid of a filter bank having ,-pe^f-e-e-t reconstruction, in

Λ /\
that the psychoacoustic masking effect is used to a much smaller '
extent and in that as the variable word length code use is made 
of a cascaded, multidimensional Huffman code.

The process permits a transmission of audio signals for studio J
technology with a data rate of 192 kbit/sec/channel. ·;

h 
b
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ANHANG ANNEX ANNEXE

zua international en Recherchen­
bericht liber die internationale 
Patentanmeldunq Nr.

to the International Search au rapport de recherche inter-
Reoort to the International Patent national relatif έ la demande de brevet 
Application No. international n‘

PCT/DE 93/00177 SAE 71190
In diesem Anhanq sind die Mitqlieder 
der Patentfamilien der ia obenqe- 
nannten internationalen Recherchenbericht 
anqefiihrten Patentdokuaente angeqeben. 
Diese Anqaben dienen nur zur Uriter- 
richtung und erfolgen ohne Gewahr.

This Annex lists the patent family 
members relatinq tn the patent documents 
cited in the above-mentioned inter­
national search report. The Office is 
in no way liable for these particulars 
which are given merely for the purpose 
of information.

La prysente annexe indique les 
membres de la fMille de brevets 
relatifs aux docuaents de brevets citis 
dans le rapcort de recherche inter­
national visie ci-dessus. Les reseiqne- 
ments fournis sont donnis έ titre indica- 
tif et n’engagent pas la responsibility 
del Off ice.

Im Recherchenbericht Datum der Mitglied(er) der Datum der
anqefuhrtes Patentdokunent Veroffentlichung Patentfami lie Veroffentlichung

Patent document cited Publication Patent family Publication
in search report date member(s) date

Document de brevet city Date de Membre(s) de la Date de
dans le rapport de recherche publication faaille de brevets publication

US A 4546342 08-10-85 CA Al 1232357 02-02-88
DE T 3490579 12-12-85
GB AO 8519233 04-09-85
GB Al 2165725 16-04-86
GB B2 ς? ·[ AS725 08-06-88
JP T2 61500822 24-04-86
NL A 8420063 01-11-Θ5
WO Al 8502732 20-06-85

DE Al 3930760 2S-03-91 kei ne - none - ri en

US A 4656500 07-04-Θ7 JP A2 59200592 13-11-84

US A 502S995 02-07-91 GB Al 2211691 05-07-89
GB B2 2211691 22-04-92
JP A2 1243678 28-09-89
GB AO 8825273 30-11-88
JP A2 1114279 02-05-89


