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(57) Abréegée/Abstract:

In a method for generating a scalable data stream, when a block (11) of output data of a first encoder Is present, this block of
output data Is written into the scalable data stream. If output data (O) of a second encoder Is present for a preceding period of time,
this output data for the preceding section Is written in transmission direction behind the block (11) of output data of the first encoder
Into the data stream. When the output data (1) of the scalable encoder for the current section Is present, the output data of the
second encoder Is written Into the bit stream subsequent to the output data of the first encoder. A determining data block (200) Is
generated and written into the bit stream delayed by a period of time (250) which corresponds to the size of the bit savings bank of
the second encoder. Finally, buffer information (260) Is written into the bit stream, which indicates, where the beginning of the
output data of the second encoder for the current section regarding the determining data block Is, wherein the buffer information
(260) corresponds to the bit savings bank level. Thus, it is possible to simply signhalize a bit savings bank in a scalable data stream.
The maximum size of the bit savings bank may further be adjusted depending on the intended decoder delay and be

communicated to a decoder by positioning the determining data block in the scalable data stream without an effort of additional bits
In order to reduce the initial delay of the decoder.
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Method and Device for Generating and/or Decoding a
Scalable Data Stream with Provision for a Bit Savings

Bank, Encoder and Scalable Encoder

Abstract

In a method for generating a scalable data stream, when a
block (11) of output data of a first encoder 1s present,
this block of output data 1is written 1into the scalable
data stream. If output data (0) of a second encoder 1s
present for a preceding period of time, this output data
for the preceding section 1s written 1n transmission
direction behind the block ‘ (11) of output data of the
first encoder into the data stream. When the output data
(1) of the scalable encoder for the current section 1s
present, the output data of the second encoder 1s written
into the bit stream subsequent to the output data of the
first encoder. A determining data block (200) 1s generated
and written into the bit stream delayed by a period of
time (250) which corresponds to the size of the bit
savings bank of the second encoder. Finally, buffer
information (260) is written into the bit stream, which
indicates, where the beginning of the output data of the
second encoder for the current section regarding the
determining data block is, wherein the buffer information
(260) corresponds to the bit savings bank level. Thus, it
is possible to simply signalize a bit savings bank in a
scalable data stream. The maximum size of the bit savings

bank may further be adjusted depending on the 1intended
decoder delay and be communicated to a decoder by

positioning the determining data block 1in the scalable
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data stream without an effort of additional bits in order

to reduce the 1nitial delay of the decoder.
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Mathod and Device for Generating an.'d/b: Dacoding a
Scealable Data Stream with Provision for a Bit Savings
Bank, Encoder and Scalable Encoderx

5 Description

The present invention relates to scalable encoders and
decoders and in particular to the generation of scalable

data streams.

Scalable encoders are shown in EP 0 846 375 Bl., In.
general, scalability is understood as the possibility of
decoding a partial section of a bit stream representing an
encoded data aignal, e.g. an audio signal or a video
15 signal into a useful signal. This property is particularly
desirable when e.g. a data transmission channel fails to
provide the complete bandwidth necessary for transmitting
a complete bit stream. On the other hand, an incomplete
decoding is possible ¢n a decoder with reduced complexity. |
20 Generally, different discrete scalabllity layers are

defined in practice.

An example of a scalable encoder as defined in Subpart 4

{General Audio) of pPart 3 (Audio) of the MPEG-4 Standard
25 (ISO/IEC 14496-3; 1589 Subpart 4) is shown in Fig. 1. An

audio signal s{t) to be encoded i= fed into the scalable
ancoder on the input side. The scalable encoder shown 1in
Fig. 1 contains a first encoder 120, which is an MPEG Celp
encoder. The second encoder 140 is an AAC encoder, which
30 provides high-gquality audio encoding and is defined ain the
Standard MPEG-2 AAC (ISO/IEC 13818).., The Celp encoder 120

provides a first scaling layer via an output line 16,
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while the AAC encoder 140 provides a second scaling layer

via a second output line 18, to a bit stream multiplexer
{(BitMux) 20. On the output side the bit stream multiplexer
then outputs an MPEG-4-1LATM bit s=stream 22 (LATM = Low-
Overhead MPEG-4 Audio Transport Multiplex). The LATM
format is described in Section 6.5 of Part 3 (Audio) of

the first supplement to the MPEG-4 Standard (ISO/IEC
14496-3:1999/AMD1:2000) .

The scalable audio encoder further ineludes some further
elemants. First, there exists a delay stage 240 in the AAC
branch and a delay stage 26 in the Celp branch. With both
delay stages 1t 1s possible to set an cptional delay for
the respective Dbranch. A downsampling stage 28 1is
downstream of the delay stage 26 of the Celp branch to
adjust the sampling rate of the input signal s(t) to the
sampling rate requested by the Celp encoder. An inverse
Celp decoder 30 is downstream to the Celp encoder 120,
wherein the Celp encoded/decoded signal is then suppliéd
to an upsampling stage 32. The upsampled signal is then
supplied to a further delay stage 34, which is termed
“Core Coder Delay” in the MPEG=4 Standard.

The stage CoreCoderDelay 34 has the following function. If
the delay i3 set to zerxo, the first enc¢oder 140 and the

second encoder 120 process exXactly the same samples of the

audio input signal in a so-called superframe. A superframe
might e.g. c¢onsiast of three AAC frames, which together
represent a certain number of samples No. x to No. y of
the audio signal. The superframe further includes e.g. 8
CELF blocks, which represent the same number of samples
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and also the same samples No. x to No. y if CoreCoderDelay
= (,

1f, however, a CoreCoderDelay D is set as a time value
other than zero, the three blocks of AAL frames

nevertheless represent the same samples No. x to No. Y.

The eight blocks of CELP frames, in contrast, represent
the samples No. x - Fs D to No. y — Fs D, wherein Fs is
the sampling fregquency of the input signal.

The current time sections of the input signal in a
superframe for the AAC blocks and the CELP blocks c¢an thus
be either identical, when CoreCoderDelay D = 0, or be
shifted relative to each other by CoreCoderDelay, when D
is not equal to zero. For the following implementations,
however, it will be assumed, on the grounds of simplicity
and without restriction of generallty, that CoreCoderDelay
= 0, s0 that the current time section of the input signal
for the first encoder and the current time seaction for the
second encoder are identical. In general, however, the
only requirement for a superframe 1is, that the AAC
block(s) and the CELP block(s) in a superframe represent
the same number o©of samples, wherein it is not necessary
for the samples themselves to be identical to one another,
but they may also be shifted relative to each other by
CoreCoderDelay.

It should be noted that the Celp encoder, depending on the

configuration, may process a sectlion of the input signal
3(t) faster than the AAC encoder 140. In the AAC branch a

block decision stage 26 is downstream to the optional
delay stage 240 which establishes among other things
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whether short or long windows should be used for windowing
the input signal s(t), wherein short windows must be
chosen for strongly transient signals, while long windows
are preferred for 1less translent signals since the
relationship between the amount of payload data and page
information is better than for short windows.

By the block decision stage 26 a fixed delay by e. ¢g. 5/8
times a block is performed in the present example. This is
referred to as a look-ahead function in the art. The block
decision stage must already look ahead a certain time to
be able to determine whether there are transient signals
in future that must be encoded with short windows. After
that the corresponding signal in the Celp branch as well
as the signal in the AAC branch are fed to means £or
converting the time-related illustration to a spectral
illustration, which 13 designated as MDCT 36 or 38,
respectively, in Fig. 1 (MDCT = modified discrete cosine
transform). The output signals of the MDCT blocks 36, 38
are then supplied t¢ a subtracter 40.

At this point, samples belonging together regarding time
must be present, i.e. the delay must be identical in both
branches.

The following block 44 determines whether i1t is more
favorable to supply the input signal itself to the AAC

encoder 140. This is enabled via the bypass branch 42. If
it is determined, however, that the differential signal at

the output of the subtracter 40 1s smaller regarding
energy than the signal output by the MDCT block 38, then
not the original signal but the differentia) signal 1is
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taken to be encoded by the AAC encoder 140 to finally form

the second scaling layer 18. This compariseon may be
performed band by band, which is indicated by fregquency-
selective switching means (FS8) 44. The exact functions of
the individual elements are known in the art and are
described for example 1iln the MPEG-4 standard as well as in
furthexr MPEG standards.

One main feature in the MPEG-4 standard and in other
encoder standards, respectively, 1s that the transmission
of the compressad data signal is to be performed with a
constant bit rate wvia a channel. All high-quality audio
codecs operate based on blocks, i.e. they process blocks
of audio data (order 480 - 1024 samples) to pieces of a
compressed bit stream, which are alsc referred to as
frames. The bit stream format must here be set up so0 that
8 deccder without a priory information where a £frame
starts is able to recognize the beginning of a2 frame in
order to start the output of decoded audio signal data
with a lowest possible- delay. Thus, eac¢h header or
deterfnining data block of a frame starts with a certain
synchronization word which may be searched for in a
continuous bit stream. Further common components within
the data stream apart from the determining data block are
the main data or “payload data” of the individual layers
in which the actual compressed audio data l1ls contained.

Fig. 4 shows a bit stream format with a fixed frame
length. In this bit stream format the headers or

determining data blocks are inserted egquidistantly into
the bit stream. The side information associated with this
header and the main data follow immedliately afterwards.
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The length, 1.e. the number of bits, for the main data is
the same 1n each frame. Such a bit stream format as it is

shown 1n Fig. 4 is for example used in the MPEG layer 2 or

the MPEG-CELP.

Fig. 5 shows another bit stream format with a fixed frame
length and a backpointer. In this bit stream format the
header and the side information are arranged equidistantly
as 1n the format illustrated in Fig. 4. The start of the
associated main data 1s, however, only performed
exceptionally directly following a header. In most cases
the start 1s i1n one of the preceding frames. The number of
bits by which the start of the main data is shifted in the
bit stream is transferred by the page information variable
backpointer. The end of these main data may lie within
thlis frame or within a preceding frame. The length of the
maln data 1s therefore not constant any more. Therefore,
the number of bits with which a block is encoded may be
adjusted to the characteristics of the signal.
Simultaneously, a constant bit rate may be achieved,
however. This technology 1is called “bit savings bank” and
increases the theoretical delay within the transmission
chain. Such a bit stream format is for example used in the
MPEG layer 3 (MP3). The technology of the bit savings bank
1s further described in the standard MPEG layer 3.

Generally, the bit savings bank represents a buffer of
bits which may be used to provide more bits for encoding a
block of time sample as 1s actually allowed by the
constant output data rate. The technology of the bit
savings bank takes 1nto account that some blocks of audio

samples may be encoded with less bits than predetermined
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py the constant transmission rate, so that through these
blocks the bit savings bank is filled, while again other
blocks of audio samples comprise psychoacoustic
characteristics which do not allow such a high compression
so that for these blocks the available bits would actually
not be enough for a low-interference or interference-free
encoding, respectively. The additional bits needed are
taken from the bit savings bank so that the bit savings

bank 1s emptied with such blocks.

Such an audio signal may, however, be also transmitted by
a format with a wvariable frame length, as it is shown in
Fig. 6. With the bit stream format “wariable frame
length”, as it 1s 1llustrated in Fig. 6, the 'fixed
sequence of the bit stream elements header, page
information and main data 1s malntained, as with the
“fixed frame length”. As the length of the main data is
not constant, the bit savings bank technology may also be
used here, there are, however, no backpointers needed as
in Fig. 5. One example for a bit stream format, as it 1is
illustrated in Fig. 6, 1s the transport format ADTS (audio
data transport stream), as it is defined in' the standard

MPEG 2 AAC.

It 1s to be noted that the above-mentioned encoders are no
scalable encoders but 1nclude only one single audio

encoder.

In MPEG 4 the combination of different encoder/decoders to
a scalable encoder/decoder is provided. It 1is therefore
posslible and sensible to combine one CELP voice encoder as

the first encoder with an AAC encoder for the further



10

15

20

25

30

CA 02434882 2003-07-15

scaling layer(s) and pack the same 1nto one bit stream.
The purpose of this combination 1s that the possibility
remains open elther to decode all scaling 1layers and
therefore reach a best possible audio quality, or parts of
the same, maybe even only the first scaling layer, with
the correspondingly restricted audio quality. Reasons for
only decoding the lowest scaling layer may be that due to
a pbandwidth of the transmission channel which 1s too
small, the decoder only receilved the first scaling layer
of the bit stream. Because of this the parts of the first
scaling layer 1n the bit stream are favored over the
second and the further scaling layers 1n the transmission,
whereby the transmission of the first scaling layer 1s
guaranteed with capaclty Dbottlenecks ih the transmission
network, while the second scaling layer may be lost

completely or 1n part.

A further reason may be that a decoder wants to achleve a
lowest possible codec delay and therefore decodes only the
first scaling layer. It 1s to be noted that the codec
delay of a Celp code 1s generally significantly smaller

than the delay of the AAC code.

In MPEG 4 version 2 the transport format LATM 1s
standardized, which may among other things also transmit

scalable data streams.

In the following, reference is made to Fig. 2a. Fig. 2a 1s
a schematical illustration of the samples of the input
signal s(t). The input signal may Dbe divided 1into
different successive sections 0, 1, 2, 3, whereilin each

section comprises a certain fixed number of time samples.
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Usually, the AAC encoder 140 (Fig. 1) processes a whole

section 0, 1, 2 or 3 in order to provide an encoded data
signal for this section. The CELFP encoder 120 (Fig. 1),

however, processes usually a smaller amount of time
samples per encoding step. Thus, it is shown as an example
in Fig. 2b, that the CELP encoder or generally speaking
the first enceder or encoder 1 comprises 2 block length
which is one fourth o¢f the block length of the second
encoder. It is to be noted that this division 1is
completely random. The block length of the first encoder
may also be half as long, might, however, also be one
eleventh of the block length of the second enceder. Thus,
the first encoder will generate four blocks (11, 12, 13,
14) from the section of the input signal, from which the
second encoder provides one block of data. In Fig. 2¢ a
common LATM bit stream format is shown.

One superframe may comprise several ratios of number of
AAC frames to number of CELP frames, as it is illué.traied
in tabular form in MPEG 4. Thus, a superframe may for
example comprise one AAC block and 1 to 12 CELP blocks, 3
AAC blocks and 8 CELP blocks but 2also e.g. for example
moxre AAC blocks than CELP blocks, depending on the
configuration. An LATM frame which comprises an LATM
determining data block includes a superframe or also
several superframes.

The generation of the LATM frame ¢opened by the header 1 is
described as an example. First, the output data blocks 11,
12, 13, 14 of the Celp encoder 12 (Fig. 1) are generated
and buffered. In parallel, the output data block of the
AAC encoder designated with “1” in Fig. 2¢ is generated.
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Then, when the output data block of the AAC encoder has
been generated, first of all the determining data block
(header 1) 1s written. Depending on the convention, the
output data block of the first‘encoder which was generated
first, designated with 11 in Fig. 2c¢, may be written, 1i.e.
transmitted, directly following header 1. Usually
(regarding the few necessary signalizing 1information) an
equidistant distance of the output data blocks of the
first encoder 1is selected for a further writing and/or
transmitting of the data stream, as 1t 1s 1llustrated in
Fig. 2C. This means, that after writing and/or
transmitting block 11 the second output data block 12 of
the first encoder, then the third output data block 13 of
the first encoder and then the fourth output data block 14
of the first encoder are written and/or transmitted in
equidistant distances. The output data Dblock 1 of the
second encoder 1is filled 1into the remaining gaps during
the transmission. Then, an LATM frame 1s fully written,

i.e. fully transmitted.

One disadvantage of the bit stream formats illustrated in
Fig. 4 to 6 1is the fact that they are only known for
simple encoders, not, however, for scalable encoders and
in particular not for scalable encoders having a bit

savings bank function.

As it is known, the bit savings bank 1s used so that the
variable output data rate which a psychoacoustic encoder
generates inherently may be adjusted to a constant output
data rate. In other words, the number of bits an audio
encoder needs depends on the signal characteristics. If

the signal is comprised such that it may be quantized in
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relatively coarse way, then a relatively low amount of
bits is needed for encoding this signal. If the signal 1is,
however, comprised such that i1t has to be quantized very
finely, a relatively low amount of bits 1s needed for
encoding this signal. If the signal 1s, however, comprised
such that i1t needs to be quantized very finely 1n order
not to introduce audible 1interferences, then a larger

amount of bits is needed for encoding this signal.

In order to achieve a constant output data rate, a medium
amount of bits 1s determined for one section of a signal
to be encoded. If the actually needed amount of bits for
encoding a section 1s smaller than the determined number
of bits, then the bits which are not needed may be placed
into the bit savings bank. Thus, the bit savings bank 1s
filled. If, however, a section of a signal to be encoded
1s comprised such that a larger number than the determined
number of bits 1s needed for encoding 1in order not to
introduce audible interferences 1nto the signal, then the
additionally needed bits may be taken from the bit savings
bank. That way, the bit savings bank 1s emptied. Thereby
it may be guaranteed that a constant output data rate 1s
maintained and at the same time no audible interferences
are introduced into the audio signal. A precondition for
this 1s that the bit savings bank 1s selected to be

sufficiently large.

In the standard MPEG AAC (13818-7:1997) a bit savings bank
is referred to as “bit reservoilir”. The maximum size of the
bit savings bank for channels with a constant data rate
may be calculated by subtracting the average amount of

bits per block from the maximum decoder input buffer size.
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Its wvalue 1s usually firmly preset to a wvalue of 10,240
bits according to the standard MPEG AAC with a
transmission rate of 96 kBit/s for a stereo signal with a
sampling rate of 48 kHz. The maximum value of the bit
savings bank, 1.e. the size of the bit savings bank is
sized so that also under bad conditions, i.e. also when
the signal comprises many sections which may not be
encoded with the determined number of bits, audible
interferences need to be introduced into the audio signal
in order to mailntain the constant output data rate. This
is only possible when the bit savings bank 1is sized

sufficiently large so that it 1s emptled at no time.

On the decoder side this has the following consequence.
After the decoder has to consider that both the case of a
full bit savings bank and the case of an empty bit savings
bank may occur 1n the course of decoding an audio signal,
the decoder needs to buffer a number of bits corresponding
to the size of the bit savings bank before 1t starts
decoding at all. Thereby 1t 1s guaranteed that the decoder
does not run out of bits during decoding the audio signal.
If a decoder would immediately decode a signal encoded
with the bit savings bank function when 1t has received
the same, then the bits for the output would already run
out when the first block to be decoded by accident needed
a smaller number than the determined number for encoding,
i.e. when the bit savings bank was filled up by the first
block. In other words, the bit savings bank function

inevitably leads to a delay within the decoder, wherein

this delay corresponds to the size of the bit savings

bank.
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For the preceding example the size of the bit savings bank
is 10,240 bits. This leads to an 1nherent initial delay
due to the bit savings bank of about 0.1 s. The delay gets
larger, the larger the maxlmum size of the bit savings
bank 1s selected and the smaller the transmission rate is

selected.

If, for example, real-time transmissions of a telephone
call are considered, 1n which a continuous change of

speakers takes place, then already due to the bit savings

bank a delay of the mentioned size occurs with each change

of speaker. Such a delay 1s extraordinarily disturbing for
both communication partners and typically leads to the
fact that one speaker, because he does not 1mmediately
hear-a reaction of the other speaker, that the one speaker
repeats the question again, which contributes to a further
confusion. Therefore, 1t 1s determined that a product
designed this way 1s not sultable for real-time
applications and would not have a chance of a breakthrough

in the market, respectively.

It 1s the object o0f the present invention to provide an
encoder comprising a bilt savings bank function through

which a smaller transmission delay may be achieved.

This object is achieved by an encoder according to claim 5

or by a scalable encoder according to claim 6.

It 1s a further object of the present invention to provide
a method and a device for generating a scalable data
stream 1in which a bit savings bank function may be

signalized.
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This object is achieved by a method according to claim 1

or by a device according to claim 7.

It is a further object of the present 1nvention to provide
a method and a device for decoding a scalable data stream

in which a bit savings bank function 1s signalized.

This object 1s achieved by a method according to claim 8

or by a device according to claim 9.

The present invention 1s based on the findings that the
present concept of the fixed set bit savings bank size
must be discarded 1in order to achlieve a reduced-delay
decoding. According to the invention, this 1s achieved by
making the maximum size of the bit savings bank of an
encoder adjustable, wherein depending on the application
and depending on the intended decoder function a certaln
adjustment of the bit savings bank 1s achieved. For the
case of a one-directional data transmission only a large
bit savings bank may be selected 1n order to satisfy
highest possible audio quality requirements, while for the
case of a bi-directional communication in which a frequent
change of transmitter and receiver and a frequent change
of speakers takes place, respectively, a smaller Dbit
savings bank size 1s to be adjusted. So that the decoder
may profit from a smaller bit savings bank size
adjustment, the bit savings bank size must be transmitted
to the decoder in some way. This may on the one hand be
achieved by the transmission of additilional information in
the data stream, it may however also Dbe performed

implicitly without the transmission of additional side
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information and signalizing information, respectively, as

it 1s 1illustrated 1in particular with reference to the

scalable case.

One advantage of the present invention 1i1s that now direct
influence may be taken on the decoder delay wvia the
adjustment of the maximum size of the bit savings bank. If
the maximum size of the bit savings bank 1s selected
smaller, then the decoder may also insert a smaller delay
before it starts decoding without risking the danger that
it may run out of output data during decoding which needs
to be prevented in any case. The “price” which has to be
paid for this is that one or the other section of the
audio signal was not encoded with 100 % of the audio
quality, as the bit savings bank was empty and no
additional bits were available any more. Usually, an audio
encoder reacts in this case by violating the
psychoacoustic masking threshold when quantizing and, 1n
order to make do with the available number of bits,
selects a coarser gquantization as 1s really needed. The
main advantage of the smaller delay of the decoder 1is,
however, guaranteed. The reduction of the size of the Dbit
savings bank in order to reach a smaller delay also on the
decoder side is therefore achieved with a lower audilo
quality, wherein this lower audio quality only occurs now
and then in the audio signal, and when the audio signal 1s
simple to decode it may not occur at all. As a result, the
inflexibility regarding the bit savings bank according to
the prior art is overcome, which may be over-dimensioned
for many applications in order to encode all possible
cases with a high audio quality, so that a use of encoders

for a bi-directional communication with  frequently
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changing speakers becomes possible which was not

conceivable up to now due to the large fixedly adjusted

bit savings bank.

The inventive variability of the bit savings bank and the
accompanying variability of the delay on the decoder side
is especially of an advantage 1n the case of a scalable
audio encoder, as now also here a reduced-delay decoding
may not only be achieved of the first lowest scaling
layers but also a reduced-delay decoding of higher scaling
layers which are for example generated by an AAC encoder
may be achieved. In particular 1n the scalable case only
one scaling layer is influenced by the variable adjustment
of the bit savings bank, while the other scaling layer(s)
remain unaffected. It 1s thus possible to act upon

individual scaling layers deliberately without causing any

changes in the other scaling layers.

As it was already discussed it is necessary to communicate

the freely selectable and the freely selected bit savings

bank size, respectively, to the decoder. This was not

necessary in the prior art, as a fixed bit savings bank

size was always agreed upon, so that a decoder introduced

the corresponding delay for example by dimensioning 1ts

input buffer knowing the bit savings bank size which was

firmly agreed on.

In particular for scalable encoders and scalable data

stream an adjustable bit savings bank size without

additional side information may be achieved simply by

positioning a determining data block within the scalable

data stream. According to the invention, the determining
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data block is positioned within the bit stream so that the
decoder needs to receive as many bits for the respective

layer as it is determined by the average block length when

it receives the determining data block.

After receiving a frame, the decoder may start decoding
without calculating or inserting a delay. This is achieved
due to the fact that already within the scalable data
stream the determining data block 1is written i1n a delayed
manner regarding the first and the second scaling layer,
i.e. preferably delayed by a period of time which
corresponds to the adjustment of the bit savings bank.
Thereby it is achieved that the encoder may select any bit
savings bank size depending on the requirement and that
the selected bit savings bank size simply implicitly
signalizes to the decodér, for it to enter the determining
data block in the bit stream in a delayed manner with

regard to the payload data.

In other words, the consequence 1S that. the determining
data block is not written at the first possible point of
time anymore, i.e. delay-optimized, as 1in the prior art,
but at the latest possible point of time, without delaying
the AAC block. The current level of the bit savings bank
may then be signalized by the so-called backpointer, where

the data of a preceding section end and where the data of

the current section begin.

This is true both for the scalable case 1n which only
output data of one individual encoder occur 1n the bit
stream, and also for the scalable case, in which data of

at least two different encoders occur in the scalable bit
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stream. If a superframe, i.e. a section in the bit stream
comprising a first number of output data blocks of a first
encoder and a second number of output data blocks of a
second encoder which relate to the same number of samples
of a 1input signal, comprises a plurality of blocks of an
encoder, then the number of blocks of the one encoder
which are associated with a determining data block can
simply be signalized by the fact that offset information
is transferred with the bit stream. The offset information
may also be 1interpreted by the decoder as backpointer in
order to know which data of the bit stream now belong to a
determining data block and therefore correspond to a time

section of the input signal if necessary considering the

varlable core coder delay.

One maln advantage of this arrangement 1is that the
decoder, when 1t receives an inventive data stream, must
not calculate and insert a delay, but that the delay was
already consldered by the positioning of the determining
data block alone on the encoder side. The decoder can
therefore output a frame immediately after the reception.

r

'his also provides the possibility to. signalize an

adjusted maximum bit savings bank size in a simple way,
1.e. without additional bits. As the signalization may be
performed in a simple and without efforts, i.e. by the
position of the determining data block, it is also
possible easily and in particular without access to the

decoder to vary the bit savings bank size in order to be

able to adjust the transmission delay as desired.
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In the following, preferred embodiments of the present

invention are explained in more detail referring to the

accompanying drawings, 1in which:

Fig. la
Fig. 1b
Fig. 2a
Fig. 2b
Fig. 2c
Fig. 2d
Fig. Z2e

shows a scalable encoder according to MPEG 4

which comprises the present invention;

shows a decoder according to the present

invention;

shows a schematical illustration of an 1input
signal which 1is divided 1nto successive time

sections;

shows a schematical 1illustration o©of an 1nput
signal which is divided 1into successive time
sections, wherein the ratio of the block length
of the first encoder to the block length of the

second encoder 1s 1llustrated;

shows a schematical illustration of a scalable
data stream with a high delay 1in decoding the

first scaling layer;

shows a schematical 1i1llustration of a scalable
data stream with a low delay 1in decoding the

first scaling layer;

shows a schematical illustration of an inventive
scalable data stream wherein the determining
data block 1is delayed with reference to the
payload data;
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Fig. 3 shows a detalled illustration of the inventive
scalable data stream regarding the example of a
Celp encoder as the first encoder and an AAC
encoder as the second encoder with a bit savings

bank function;

Fig. 4 shows an example for a bit stream format with a

fixed frame length;

Fig. 5 shows an example for a bit stream format with a

fixed frame length and a backpointer; and

Fig. © shows an example of a bit stream format with a

varliable frame length.

In the following, Fig. 2d 1s referred to i1n comparison to
Fig. 2c in order to explain a bit stream with a small
delay of the first scaling layer for purposes of
comparison. As 1in Fig. 2c the scalable data stream
contains successive determining data blocks which are
referred to as header 1 and header 2. In the preferred
embodiment of the present invention which 1s implemented
according. to the MPEG 4 standard the determining data
blocks are LATM headers. Like 1in the prior art 1in the
transmission direction from an encoder to a decoder, which
is illustrated in Fig. 2d with an arrow 202, behind the
LATM header 200 the parts hatched from top right to bottom
left of the output data block of the AAC encoder are

located which are inserted in gaps remaining between the

output data blocks of the first encoder.
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In contrast to the prior art, there are not only output
data blocks of the first encoder within the frame started
by the LATM header 200 anymore, which belong to this
frame, like for example the output data blocks 13 and 14,
but also the output data blocks 21 and 22 of the following
section of 1input data. In other words, 1n the example
illustrated in Fig. 2d, the two output data blocks of the
first encoder, which are designated with 11 and 12, are
present 1in the bit stream in the transmission direction
(arrow 202) Dbefore the LATM header 200. In the example
illustrated in Fig. 2d the offset information 204 indicate
an offset of two output data blocks of the output data
blocks of the first encoder. When Fig. 2d 1s compared to
Fig. 2c it may be seen that the decoder may already decode
the lowest scaling layer earlier by a time which exactly
corresponds to this offset than i1t 1s the case in Fig. Z2c,
if the decoder 1s only interested 1in the first scaling
layer. The offset 1information, which may for example be
signalized in the form of a “core frame offset”, serve to
determine the position of the first output data block 11

in the bilit stream.

For the case of core frame offset = zero, the bit stream
indicated in Fig. 2c¢ results. 1If, however, core frame
offset > zero, then the corresponding output data block of
the first encoder 11 is transmitted earlier by the number
of core frame offset at the output data blocks of the
first encoder. In other words, the delay between the first
output data block of the first encoder after the LATM
header and the first AAC frame results from core coder
delay (Fig. 1) + core frame offset x core Dblock length

(block length of encoder 1 in Fig. 2b). As 1t becomes
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clear from the comparison of Fig. 2c¢c and 2d, for the case
of core frame offset = zero (Fig. Z2c), the output data
blocks 11 and 12 of the first encoder are transmitted
after the LATM header 200. By the transmission of core
frame offset = 2 the output data blocks 13 and 14 may
follow after the LATM header 200, whereby the delay with a
pure CELP decoding, i.e. the decoding of the first scaling
layer, 1is reduced by two CELP block lengths. An offset of
three blocks would be optimum 1n the example. An offset of

one or two blocks brings, however, already a delay

advantage.

Through this bit stream structure 1t 1s possible for the
Celp encoder to transmit the generated Celp block directly
after the encoding. In this case no additional delay 1is
added to the CELP encoder by the bit ‘stream multiplexer
(20) . Thus, for this case no additional delay is added to
the Celp delay by the scalable combination, so that the

delay is at 1ts minlimumn.

It is noted that the case illustrated in Fig. 2d 1s only
exemplary. This way, different ratios of the block length
of the first encoder to the block length of the second
encoder are possible, which may for example vary from 1:2

to 1:12, may however also take different ratios.

In the extreme case this means (1:12 for MPEG 4 AAC/CELP),
that for the same time section of the 'input signal for
which the AAC encoder generates an output data block, the
Celp encoder generates twelve output data blocks. The
delay advantage by the data stream illustrated in Fig. 2d

in contrast to the data stream illustrated 1n Fig. 2c may
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in this case easily take magnitﬁdes from one fourth up to
half a second. This advantage will be 1ncreased the
greater the ratio between the block length of the second
encoder and the block length of the first encoder becomes,
wherein 1n the case o0of an AAC encoder as the second
encoder a block length as great as possible 1s aimed at
due to the ratio which 1is then more favorable from payload
information to side information, 1f the encoding signal

admits 1t.

In Fig. 2c¢c a scalable data stream according to the LATM
format 1s 1llustrated 1in which the data blocks of the
first encoder have to be buffered, 1.e. delayed. In the
format of Fig. 2 this results from the fact, as 1t was
discussed, that the header may only be written when the
output data of the second encoder are present, as the
header includes information about the length and the
number of bits, respectively, withlin the output data block

of the second encoder.

Thus, in Fig. 2d for ©purposes of 1llustration an
improvement is already illustrated regarding the fact that
the output data blocks of the first encoder are already
written into the bit stream earlier 1n order to reduce the
delay when a decoder only wants to decode the 1lowest
scaling layer. Nevertheless, the determining data block 1is
still located before the output data block of the second

encoder, which 1s designated with “1” 1n Fig. Z2d.

In Fig. 2e now, compared to Fig. 2c¢, the 1inventive
scalable data stream 1s 1llustrated, wherein the

determining data block (header 1 200) is not immediately
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written anymore when it 1s available, 1.e. Dbefore the

output data block of the first encoder which 1s designated

with “11”, but in which the determining data block 200 1is

written into the data stream delayed by a period of time
in relation to the case of Fig. 2c¢. This period of time
equals the maximum size of the bilt savings bank (max
bufferfullness 250) in a preferred embodiment of the
present invention. Therefore the output data block of the
second encoder for the current section of the 1input
signal, designated by the determining data block 200,
starts a number of bits equal to bufferfullness 260 before
the determining data block in the transmission direction
from an encoder to a decoder, whereas 1t can be seen from

Fig. 2c that the AAC data have started behind the

determining data block.

From the point of view of the decoder the pointer 260 1is

therefore a backpoilinter.

For the case, that the first encoder provides a larger
number of blocks for a number of samples than the second
decoder, wherein in the example illustrated in Fig. Z2e the
ratio of four blocks of output data of the first encoder
to a block of output data of the second encoder 1is only
exemplary for the same number of samples, based on the
determining data block, as in the case of Fig. 2e, a core
frame offset is signalized, so that a decoder knows which
blocks of output data of the first encoder for example
belong to a block of output data of the second encoder or

are related to each other wvia <core <coder delay,

respectively.
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If now Fig. 2d is compared to Fig. 2e, then 1t may be seen
that also in Fig. 2e an offset 204 is present. The offset
204 of Fig. 2d which has a value of 2 1in Fig. 2d would
increase to a value of 5 with regard to the case of Fig.
2e, as the determining data block 200 in Fig. 2e compared
to Fig. 2d has been shifted backwards by three output data

blocks of the first encoder.

In the following, reference 1s made to Filg. la again. In
addition to the scalable encoder already described i1n the
description introduction, the inventive scalable encoder
illustrated in Fig. la contains a block bit savings bank
control 50 and a control line 52 from the AAC encoder 14
to the bit stream multiplexer 20, via which the maximum
size of the bit savings bank which was adjusted by the bit
savings bank control 50, may be communicated to the bit
stream multiplexer so that the same may perform the bit

stream formatting required in Fig. Ze.

In Fig. 1lb a schematical block diagram of a scalable
decoder may be found which 1s complementary to the
scalable encoder in Fig. la. The scalable blt stream which
is supplied to the encoder via a line 60 1is fed 1into an
input buffer/bit stream demultiplexer 62 of the decoder.
Here, the bit stream i1s divided, to extract the requilred
blocks for a CELP decoder 64 and an AAC decoder 66. The
inventive decoder further includes an AAC delay stage 68
which serves for introducing a delay corresponding to the
bit savings bank size, so that the AAC decoder 66 never
runs out of data to put out. According to the invention,
this AAC delay stage is now implemented variably, wherein

the delay is controlled depending on the bit savings bank
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information, which are extracted from the bit stream by
the bit stream demultiplexer 62 and supplied to the AAC
delay stage 68 via a bit savings bank information line 60.
Depending on the bit savings bank level now the delay of
the AAC delay stage 68 is adjusted. If a small bit savings
bank is adjusted by bit savings bank control means 50 of
Fig. la, then also the AAC delay stage 68 may be adjusted
to a small delay, so that a reduced-delay decoding of the

second scaling layer may be achieved.

The scalable decoder of Fig. 1lb further includes MDCT
means 72 to transform the time domain output signals of
the CELP decoder 64 into the frequency domaln, and an
upsampling stage upstream to the same. The spectrum 1s
delayed by the delay stage 74, which compensates time
differences present between the two branches, so that at
means 76 which are referred to as adder/FSS"l, the same
ratios are present. Means 66 basically performs the analog
function to the subtractor 40 and the FSS 44 of Fig. 1la.
After block 76 the spectral wvalues are transformed by
means 78 for performing a back-transformation from the
frequency domain into the time domain, so that at an
output 80 either only the second scaling layer or the
first and the second scaling layer are present 1in the time
domain. At an output. 82, however, only the first scaling

layer is present in the time domain generated by the CELP

decoder 64.

In the following, reference is made to Fig. 3, which 1s

similar to Fig. 2, illustrates, however, the special

implementation referring to the example of MPEG 4. In the

first row again a current time section 1s shown hatched.
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In the second row the windowing which 1s used with the AAC
encoder 1is illustrated schematically. As 1t 1s known, an
overlap—-and-add of 50 % is used so that a window usually
comprises double the length of time samples than the
current time section which 1s 1illustrated hatched 1n the
top row of Fig. 3. In Fig. 3 the delay tdip 1s further
illustrated, which corresponds to block 26 of Fig. 1 and
comprises a size of 5/8 of the block 1length 1in the
selected example. Typically, a block length of the current
time section of 960 samples is used so that the delay tdip
of 5/8 of the Dblock 1length comprises 600 samples. For
example, the AAC encoder provides a bit stream of 24
kbit/s, while the CELP encoder schematically 1llustrated
below provides a bit stream comprising a rate of 8 kbit/s.

The overall bit rate is then 32 kbit/s.

As it may be seen from Fig. 3, the output data blocks zero

and one of the CELP encoder correspond to the current time
section for the first encoder. The output data block
comprising the number 2 of the CELP encoder already
corresponds to the next time section. The same holds true
for the CELP block with the number 3. In Fig. 3, the delay
of the downsampling stage 28 and the CELP encoder 12 1is
further illustrated by an arrow which 1s designated by the
reference numeral 302. From this, the delay designated by
core coder delay and illustrated by an arrow 304 1in Fig. 3
results as the delay which needs to be adjusted by stage
34 so that at the subtraction location 40 of Fig. 1 equal

ratios are present. This delay may alternatively Dbe

generated by block 26. For example:

core coder delay =
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tdip - Celp encoder delay - downsampling delay =

600 — 120 - 117 = 363 samples.

For the case without a bit savings bank function and for
the case, respectively, that the bit savings bank (bit mux
outputbuffer) is full, which 1s indicated by the wvarilable
bufferfullness = max, the case 1indicated 1in Fig. 2d
results. In contrast to Fig. 2d in which four output data
blocks of the first encoder are generated corresponding to
one output data block of the second encoder, in Fig. 3 two
output data blocks of the CELP encoder designated with “0”
and “1” are generated for an output data block of the
second encoder which is drawn in black in the two last
rows of Fig. 3. According to the invention, now, however,
not the output data block of the CELP encoder with the
number “0” 1is written behind a first LATM header 306
anymore, but the output data block of the CELP encoder
with the number “one”, as the output data block with the
number Y“zero” has already been transmitted back to the
decoder. In the equidistant grid distance provided for the
CELP data blocks, the CELP block 1 is then followed by the
CELP block 2 for the next time section, wherein then for
the completion of a frame the rest of the data of the
output data block of the AAC encoder 1s written 1into the

data stream until a next LATM header 308 for the next time

section follows.

The present invention may simply be combined with the bit
savings bank function, as it is 1illustrated in the last

row of Fig. 3. For the case, that the variable
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“bufferfullness” which indicates the filling of the bit

savings bank, is smaller than the maximum wvalue, this

means, that the AAC frame for the directly preceding time

section needed more bits than it 1s actually admissible.
This means, that behind the LATM header 306 the CELP
frames are written as before, that however first the at
least one output data block of the AAC encoder needs to be
written from one or several preceding time sections 1in the
bit stream before the writing of the output data block of
the AAC encoder for the current time section may be
started. From the comparison of the last two rows of Fig.
3 which are designated by “1” and “2” it may be seen that
the bit savings bank function also directly leads to a
delay in the encoder for the AAC frame. So the data for
the AAC frame of the current time domalin, which 1s
designated by 310 in Fig. 3, 1is however present at the
same point of time as in case “1”, can however only be
written into the bit stream after the AAC data 312 for the
directly preceding time section have been written 1nto the
bit stream. Depending on the bit savings bank level of the
AAC encoder therefore the 1nitial position of the AAC

frame is shifted.

The bit savings bank level 1is to be transferred 1n the
LATM element StreamMuxConfig = by the variable
“bufferfullness”. The varilable bufferfullness 1S
calculated from the variable bit reservoir divided by the

32-fold of the actually present channel number of the

audio channels.

It is to be noted that the pointer designated Dby the

reference numeral 314 in Fig. 3, whose length = max
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bufferfullness - bufferfullness, 1s a forward-polinter
which points to the future as it were, while the poihter
illustrated in Fig. 5 is a backpointer which points to the
past as it were. The reason for this 1s that according to
the present embodiment the LATM header 1s always written
into the bit stream after the current time sectlon has
been processed by the AAC encoder, although AAC data may
still have to be written into the Dbit stream from

preceding time sections.

It is further noted that the pointer 314 1s deliberately
drawn interrupted below the Celp block 2 as 1t does
neither consider the length of the CELP block 2 nor the
length of the CELP block 1 as this data has of course
nothing to do with the bit savings bank of the AAC

encoder. Further, no header data and bits of possibly

present further layers are considered.

In the decoder first of all an extraction of the CELP
frames from the bit stream is performed which is easily

possible as the same are for example arranged

equidistantly and comprise a fixed length.

In the LATM header, however, length and distance of all
Celp blocks may be signalized so that 1n every case a

direct decoding is possible.

Thereby, the parts of the output data of the AAC encoder
of the directly preceding time section which were so to
speak separated by the CELP block 2 are joilnted agaln and
the LATM header 306 so to speak moves to the beginning of
the pointer 314, so that the decoder knowling the length of
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the pointer 314 knows when the data of the directly
preceding time section are over 1n order to then decode
the directly preceding time section together with the Celp
data blocks present for the same with full audio quality

when these data is completely read 1in.

In contrast to the case illustrated in Fig. 2c¢, 1n which
an LATM header is followed both by the output data blocks
of the first encoder as well as the output data block of
the second encoder, now on the one hand a shift from the
output data blocks of the first encoder forward in the bit
stream may be performed by the variable core frame offset,
while by the arrow 314 (max bufferfullness -
bufferfullness) a shift of the output data block of the
second encoder to the back of the scalable data stream may
be achieved, so that the bit savings bank function may be
implemented easily and safely also 1n the scalable data
stream, while the Dbasic raster of the bit stream 1is
maintained by the successive LATM determir{ing data blocks
which are always written when the AAC encoder has encoded
a time section and whilich therefore may serve as a
reference point also when a major part of the data in the
frame designated by an LATM header originate on the one
hand from the next time section (regarding the CELP
frames) or, however, from the preceding time section
(regarding the AAC frame), as it 1is 1illustrated 1n the
last row in Fig. 3, wherein the respective shifts are
communicated, however, to a decoder by two variliables

additionally to be transmitted in the blt stream.

For purposes of illustration the last row of Fig. 3

describes the case, as it has been discussed, 1n which the
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LATM header 306 is written into the bit stream 1mmediately
after it has been generated, so that the LATM header 306
is followed by output data of the second encoder 312 of

the preceding time section, wherein the output data of the

second encoder for the current time section which the LATM

header 306 refers to only follow after a distance 1n the
transmission direction behind the LATM header, wherein the
distance 1s given by the difference Dbetween max
bufferfullness and bufferfullness, as 1t 1s 1i1llustrated in

Fig. 3.

In contrast to this, according to the present 1invention,
as it is illustrated referring to Fig. 2e, the LATM header
306 is not written anymore when 1t has been generated but
is written delayed by a period of time which corresponds
to max bufferfullness. According to the i1nvention, the
LATM header 306 would therefore stand behind a position
330 within the bit stream depending on the value of
bufferfullness and the forward-pointer 314 1s replaced by
a backward-pointer (260 in Fig. Z2e).

According to the invention the arrangement selected in the
Fig. 2c and 2d and also in Fig. 3 1is discarded 1n which a

CELP block immediately follows the LATM header.

Instead of that, preferably the following ©priority
distribution 1s preferred when writing data 1nto the
scalable bit stream 1in order to achieve a reduced-delay
decoding of the first scaling layer as well as a reduced-

delay decoding of the second scaling layer.
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The output data blocks of the first encoder enjoy a high
priority. Always when an output data ‘block of the first
encoder 1is completely written, this output data block 1is
written into the bit stream. From this the equidistant
raster of output data blocks of the first encoder
automatically results which further have an equal length

when using a CELP encoder.

If no output data of the first encoder to be written are
currently present, output data of the AAC encoder for the
preceding time section of the input signal 1s written 1into
the bit stream until no corresponding data 1s present
anymore. Only then the writing of the output data of the
AAC encoder for the current section 1s started. The
writing of this output data into the bit stream 1is
obviously always interrupted when the output data of the
first encoder are avalilable again, as 1t may be seen 1n

Fig. Z2e.

The writing of the output data of the AAC encoder for the
current time section is further also 1nterrupted when an
LATM header 1s complete and the same has been delayed by
max bufferfullness 350 (Fig. Z2e). The scalable bit stream
1s complete when the corresponding values for
bufferfullness 260 and offset 270 have been entered 1into

the bit stream either separately or via the determining

data block.

In the following, reference is made to a decoding of a bit
stream generated this way. When the decoder is only
interested in the first scaling layer, 1.e. the output

data blocks of the first encoder (CELP encoder), then it
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will simply take one CELP block after the other from the
bit stream and decode the same, without consideration for
the LATM header or the AAC data. As the CELP blocks are
preferably written into the bit stream 1mmediately after
their creation, a reduced-delay decoding of the CELP

blocks 1s guaranteed.

When the decoder wishes a decoding both of the first as
well as the second scaling layer, i.e. wants to achieve an
audio signal with a high quality, then he need to achileve
the association between the CELP blocks and the several
AAC block(s) for a superframe, 1i.e. for a certain number
of samples, wherein if necessary a core coder delay (34 of
Fig. la) is to be considered when the current time section
of the input signal of the AAC encoder regarding a
superframe is shifted from the current time section of the

CELP encoder.

This is performed by the decoder buffering the bit stream
until it hits an LATM header, e.g. the header 200 of Figqg.
2e. Knowing the offset 270, the decoder may then determine
which output data blocks of the first encoder belong to
the LATM header 200. Considering the variable
bufferfullness the decoder further knows where 1in the data
stored in the decoder input buffer the AAC frame of the
time section begins that the LATM header refers to. In the
case of Dbufferfullness equal max already the whole
interesting AAC frame is contained in the decoder input
buffer. In the case of bufferfullness equal 0, the
interesting AAC frame begins immediately behind the LATM
header, so that the decoder may begin to decode without

delay using the data already stored in the 1nput buffer or




CA 02434882 2003-07-15

33

also using a part of the data stored 1n the 1input buffer
and using a directly arriving part of data which stands
behind the LATM header in the transmission direction. The
bit savings bank size 1is therefore signalized only
implicitly by the position of the determining data block
with reference to the payload data in the bit stream,
without any side information being required. In this case
also the stage with a variable delay in the decoder (block

68 of Fig. 1lb) and the line 70 of Fig. 1lb are disposed of.
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1. Method for generating a scalable data stream from at least
one block of output data ¢©f a first encoder and at least one
block of ocutput data ¢f a second encoder, wherein the second
encoder includes a bit savings bank which 18 defined by a
maximum size and a current level ¢f a buffer of bits,
wherein the at least one block of output data of the first
encoder represents a number of samples of the input signal
in the first encoder, wherein the number of samples defines
a current section of the input signal for the first encoder,
and wherein the at least one block of output data of the
second encodexr represents a number of samples ¢f the input
signal in the second encoder, wherein the number of samples
represents a current section of the input signal for the
second encoder, wherein the number of samples for the first
encoder and the number of samples for the second encoder are
equal and wherein the current sections for the first and the
second encoder have the same portion of the input signal or
relate to portions of the input signal, which are shifted in
time i1n relation to each ¢ther by an adjustable period of

time, comprising:

wheén a black of output data of the first encoder is
available, writing the at least one block of output data of

the first encoder into the scalable data styream;

1f output data of the second encoder for a direchtly
preceding section of the input signal for the second encoder
1s available, writing the output ¢data of the second encoder
for the direc¢tly preceding section of the input signal for
the second encoder in the transmission direction behind a

block of output data of the first encoder;

36
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if outpult data of the second encoder for the current section
0of the sec¢ond encoder igs available, writing the output data
of the second encoder in the transmigssion direction behind
the output data of the second encoder for a directly
preceding section of the input signal for the second e&ncoder

int® the scalable data stream;

generating a header data block, when the block of output
data of the second encoder for the current section of the
second encoder is complete, and writing the header data
block delayed by a period of time with regard to the
generation of the header data bkhlock into the scalable data
stream, wherein the pericd ¢of time 13 smaller or equal to a
delay which corresponds to the maximum size of the bit

savings bank of the second encoder; and

writing buffer information int¢ the scalable data stream
which indicates where the beginning of the output data of
the second encoder for the current section ¢f the input
signhal for the second encoder is with regard to the header
data block.

2. Method according to claim 1,

wherein the period of time is egual to a delay which

corregsponds to the maximum size ¢f the bit savings bank for
the second encoder, and

wherein the buffer information corresponds to the current
level of the bit savings bank f£for the current section of the

input signal for the second encoder.

3. Method according to c¢laim 1 or 2,
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. wherein 1in case of a concurzent availabllity ©I a neaaqer
data block, a block ¢of output data of the first encoder or a
block of output data of the second encodex, a writing of

data into the scalable data stream 1s determlned by

priorities associated to the data,

wherecin the header data blockis written into the scalable

data stream with a high priority,

wherein the blocks of output data of the first encoder are
written into the scalable data stream with a lower priority,

and

wherein the at least one block of output data of the second
encoder for a directly preceding secticon of the input signal
183 written with a higher priority into the scalable data
stream than the at least one block of output data ¢f the

second encoder for the current section.

4. Method according t¢ c¢laim 1, 2, or 3, wherein the first
encoder provides at least two blocks for a number of

samples, wherein the method further comprises:

writing offset information into the scalable data stream,
which indicates, how many blocks of output data of the first
encoder in transmission direction before the header data

block belong to the current section of the first encoder.
5. Scalable encoder, comprising:

a first enccder for generating a block of output data for

the first encoder:
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a second encoder comprising a bit savings bank, wherein the
bit savings bank comprises a maximum size, the second
encoder being operative t® generate a block of output data
for the second enc¢oder, wherein the second encoder Ffurther
comprises means for adjusting the maximum size of the bit
savings bank depending on an initial delay provided for an

audio decoder;

a bit stream mulitiplexer for generating a scalable data

stream, wherein the bit stream multiplexer is implemcnted to

write the block of output data for the first encoder

into a sc¢alable data stream,

write the block of output data for the second encoder

into the scalable data stream;

generate a header data block after the block ¢cf output
data o©f the second encoder has been output by the

second encoder,

write the header data block into the scalable data
stream delaycd by a period of time with regard to the
generation of the header data block, wherein the period
of time corresponds the maximum size of the bit savings
bank, and

write buffer information int¢ the scalable data stream
which indicates the beginning of the output data of the
second enc¢oder in the scalable data stream in the
transmission direction of the scalable data stream
before the header data block, wherein the buffer
information corresponds to a current level of the bit

savings bhank.
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G . Device for generating a scalable data stream from at least
one Plock of oultput data of a first encoder and at least one
block of output data of a second encoder, wherein the sedond
encoder includes a bit savings bank which is defined by a
maximum size angd a current level o©of a buffer of Dbits,
wharein the at least one block of output data of the first
encoder represents a number O0f samples of the input signal
into the first encoder, wherein the pumber of gamples
defines a current section of the input signal for the first
encoder and wherein the at least one block of output data of
the second encoder represents a number of samples of LChe
input signal int¢ the second encoder, wherein the number oOf
samples represents & current gection of the input signal for
the second encoder, wherein the number of samples for the
first encoder and the number of samples for the second
encoder are equal and wherein the current sections for the
first and the second en¢cder have the same portion ¢f the
input signal or relate to portions o©of the input signal,
which are shifted in time in relation t¢ eac¢h other by an

adjustable periocd of time, comprisinhg!

means for writing a block of output data of the first
encoder int¢ the scalable data stream, whén a block of

output data of the first encoder is available;

means for writing output data of the second encoder for a
directly preceding section of the input signal for the
second encoder in transmisgssicon direction behind a block of
output data of the first enc¢ocder if the ountput data of the
second encodey for the directly prcceding section of the

input signal are available for the second encoder;
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means for writing output data of the second encoder for the
current section of the time signal for the second encoder in
transmission direction behind the output data of the second
encoder for a directly preceding section of the input signal
for the second encoder into the scalable data stream when
the output data ¢f the second encoder 1s available for the

current section of the second encoder;

means for generating a header data block when the block of
output data of the second encoder for the current section
of the second encoder 13 complete, and for writing the
header data block delayed by a period of time with regard to
the generation of the header data block, wherein the period
of time is smaller or egual to a delay which corresponds to
the maximum size of the bit savings bank of the second

encoder; and

means for writing buffer information into the scalable data
stream which indicates where the beginning of the output
data of the second encoder is for the current section of the

second encoder with regard to the header data block.

7. Method for decoding a scalable data stream from at least one
block of output data of a first encoder and at least one
block of output data ¢f a second encoder, wherecin the second
encoder includes a bit savings bank which is defined by a
maximum 8ize and a current level ©of a buffer of bits,
wherein the at least one block of output data of the first
encoder represents a humber of samples of the input signal
into the first encoder, wherein the number of samples define
a current section of the input signal for the first decoder
and wherein the at least one bklock of output data of the
second encoder representa a number of samples of the input

signal 1into the second encoder, wherein the number of

4 ]
TRO-RED H8253124 v. }



CA 02434882 2005-07-26

samples represents a current section of the input signal for
the second encoder, wherein the number of samples for the
first encoder and the number of samples for the second
encoder are equal, and wherein the current sections for the
first and the second encoder have the same portion ©f the
input signal or relate to portions o¢f the input signal,
which are shifted in time in relation to each other by an
adjustable period of time, wherein the scalable data stream
comprises output data of the first encoder, output data of
the second encoder for a directly preceding section, output
data of the second encoder for the current seéction, a header

data block end buffer information, comprising:

buffering the scalable data stream;

reading the block of output data ¢of the first encoder for

the current section of the [ilrst encoder;

reading the header data block and the buffer information
from the buffered data stream;

determining the beginning of the block of output data of the
second encoder for the current section ¢f the second cncoder

using the buffer information; and

decoding the block of cutpul data of the first encoder and
the block of output data of the second encoder, the step of
decoding including the step of congidering the adjustable
period of time by which the current section of the first
encoder and the current section of the second encoder are

time-shifted in relation to each other.

8. Device for decoding a scalable data stream from at least one

block of ontput data of a firsat encoder and at least one
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block of output data of a second encoder, wherein the second
encoder includes a bit savings bank which 1s defined by a
maximum size and a current level of a buffer o¢f bits,
wherein the at least one block of output data of the first
encoder represents a number of samples of the input signal
into the first encoder, wherein the number of samples define
a current section of the input signal for the first encoder
and wherein the at least one block of ountput data of the
second encoder represents a number of samples of the input
signal into the second encocder, wherein the number of
samples represent a current section of the input signal for
the second encoder, wherein the number of samples for the
first encoder and the number of samples for the sgecond
encoder are¢ equal and wherein the current sections for the
first and the second encoder have the same portion of the
input signal or relate to portions ©f the input signal,
which are shifted in time in relation to each other by an
adijustable period of time, wherein the scalable data stream
comprises output data of the first encoder, output data of
the second encoder for a directly preceding section, output
data of the second encoder for & current section, a header
data block and buffer information, comprising:

means for buffering the scalable data stream;

means for reading the block of output data of the first

enccder for the current section of the first encoder;

means for reading the hecader data block and the buffer

information from the buffered data stream;

meansg for determining the beginning of the block of output
gdata of the second encoder for the current secticn of the

second encoder using the buffer information; and
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means for decoding the black of cutput data of the first
encoder and the block of ocutput data ¢of the second encoder
the means for decoding being operative to consider the
adjustable period of time by which the current section ¢f
the first encoder and the current section of the second

encoder are time-shifted to each olther.

9. Method for decoding a scalable data stream from at least one
block of cutput data of a first encoder and at least one
block of output data of a second encoder, wherein the second
encoder includes a bit savings bank which is defined by a
maximum size and a current level of a buffer of bits,
wherein the at least one block of output data ¢f the first
encoder represents a number ¢f samples of the input signal
into the first encoder, wherein the number of samples define
a current section of the input signal for the first decoder
and wherein the at least one block of ontput data of the
second encoder repreésents a number of samples of the anput
signal 1into the second enceder, wherein +the hnumber of
samples represents a current section of the input signal for
the second encoder, wherein the number of samples for the
first encoder and the number of samples foxr the second
encoder axe equal, and wherein the current sections £or the
first and the second encoder have the same portion of the
input signal or relate to portions o©f the input signal,
which are shifted in time in relation to each other by an
adjustable period of time, wherein the scalable data stream
comprises output data of the first encoder, output data of
the second encoder for a directly preceding section, output

data of the second encoder for the current section, a header

data block and buffer information, ¢omprising:

buffering the scalable data stream;
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reading the block of output data of the first encoder for

the current section of the first encoder;

reading the header data block and the buffer information

from the buffered data stream; and

determining the beginning of the block of output data of the
second encoder for the current gection of the second encodern
using the buffer information in order to obtain extrarcted
blocks for a first decoder for decoding the block of output
data of the first encoder and a second decoder for decoding
the block of output data of the second encoder from the

scaled data stream.

10. Device for decoding a scalable data stream from at least one
block of output data of a first encoder and at least one
block of output data of a second encoeder, wherein the second
encoder includes a bit savings bank which is defined by a
maximum size and a current level of a burlfer of bits,
wherein the at least one block of output data of the first
encoder represents a number of samples of the input signal
into the first encoder, wherein the number of samples define
a current se¢ction of the input signal for the first encoder
and wherein the at least one block of output data of the
second encoder represents a number of samples of the input
signal intco the sc¢cond encoder, wherein the number of
samples repregent a current section of the input signal for
the second enceoder, wherein the number of samples for the
first encoder and the number of samples for the second
cncoder are equal and wherein the current sections £or the
first and the second encoder have the same portion of the
input signal or relate tc portions of the input signal,
which are shifted in time in relation to each other by an

adjustable period of time, wherein the scalable data stream
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comprises output data of the first encoder, output data of
the second encoder for a directly preceding section, output
data of the second encoder for a current asection, a header

data block and buffer information, comprising:

means for buffering the scalable data stream;

means for reading the block of output data of the first

encoder for the current section of the first encoder;

means for reading the header data block and the buffer

information from the buffered data stream; and

means for determining the beginning of the block of output

data of the seéecond encoder for the current section of the

second &hcoder using the buffer information in order to
obtain extracted blocks for a first deccder for decoding the
block of output data of the first encoder and a second
decocder for decoding the block of output data of the second

encoder from the scaled data stream.
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