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Description

[0001] The present invention is concerned with the transmission of signals in discrete packets, and is especially
concerned with the sending of audio signals, though it is also applicable to other kinds of signal, for example video
signals More particularly it is concerned with the transmission of digitally coded audio signals in which information
about successive frames of the audio signals is sent in successive discrete packets of a transmitted signal, which are
then used by a receiver to create a replica of the original signal (for the purpeses of discussion it will be assumed that
there is a one-to-one correspondence between audio frames and transmission packets, though this is not actually
essential). The invention seeks to address problems that arise when the transmitted information is lost or corrupted,
so that one {or more) of the packets is unavailable to the receiver. Losses of this kind can occur in many types of
transmission system, due for example to noise or (in a radio system) fading. In some types of system - for example

-connectionless services such as the Internet - different packets may be transmitted over different paths, and therefore

be subject to different defays which can be so great as to result in the packets arriving in a different order from the
order in which they were transmitted. Conventionally this is allowed for by providing the receiver with a buffer which
introduces a delay: the receiver stores the received packets in the buffer, and if the packets are numbered at the
transmitter the receiver can then read the packets out of the buffer in the originai sequence. For many applications this
delay must be kept reasonably short if the overall transmission delay is not to be excessive, and the possibility remains
that a packet may suffer a delay in excess of the buffer delay period. In such a case the packet is effectively lost, as
the receiver is unable to make use of it. It has also been proposed (see, for example J. Bolot and A. Garcia, "Control
Mechanisms for Packet Audio in the Internet", Proceedings of IEEE INFOCOM '96, Conference on Computer Com-
munications, March 1996, pp 232-9 and V. Hardman, M. Sasse, M. Handley and A. Watson, "Reliable Audio for use
over the Internet”, Proceedings of INET '95, June 1995, pp 27-30. to provide redundancy in the signal, where each
packet carries not only data pertaining to a frame of the audio signal but also data in respect of the previous frame of
the audio signal, coded using a lower bit-rate coding algorithm, so that if a single frame is lost, this redundant data
from the following frame can be decoded and used to fill in the gap that would otherwise occur in the decoded audio
signal. However this process can be complex, and can give rise to difficuity due to discontinuous decoder operation,
resulting in distortion. In EP-A- 553538 a dynamic bit allocation sub-band coding is shown, which explains the advan-
tages of using sub bands to save bandwidth and how to arrange such a coder.
WO 95 06368 describes an information transmission system which is subject to fading. It provides a transmitter which
sends a first and a second delayed information stream on two different sub-carriers. The receiver is able to recover
failure of the first stream by using the delayed second information stream on the other sub-carrier.
[0002] According to one aspect of the present invention there is provided an apparatus for transmission of -signals
comprising: (a) a coder operable to generate a first output providing first data from which a decoder can produce a
reconstructed signal and a second output providing second, enhancement, data whereby a decoder receiving both the
first and second data can produce a higher quality reconstructed signal; and {(b) means operable to assemble packets
of data for transmission, each packet containing: primary data which includes the first data in respect of a temporal
portion of the signal and the second data in respect of the same portion of the signal; and secondary data which includes
the first data in respect of a different temporal! portion of the signal but lacks the second data in respect of that portion.
[0003] The said different temporal portion may be a portion later than that represented by the primary data, for
example the portion directly following the portion represented by the primary data, or can be a portion earlier than that
represented by the primary data. Preferably the assembly means is arranged to indude in each packet a sequence
code to indicate the temporal sequence of the primary data contained in the packets. In a preferred arrangement, the
coder is operable to produce a plurality of outputs providing enhancement data, successive sets of enhancement data
representing successive improvements to the reconstructed signal quality, the primary data includes all such outputs
and the secondary data includes first data in respect of a like plurality of different temporal portions of the signal and
progressively smaller numbers of sets of second data in respect of those portions.
[0004] The signals may be audio signals, the coder being an audio signal coder, for exampie a sub-band coder in
which the first data indude data in respect of lower frequency ones of the coder sub-bands, and the second, enhance-
ment data indude data in respect of higher frequency sub-bands.
[0005] Whether or not a sub-band coder is used, the first data may include binary representations of digital values
and the second data indude additionat bits representing a finer resolution of the said digital values.
[0006] A particularly preferred sub-band coder suitable for use in the transmission apparatus (though it also has
other uses) comprises:

LS

(a) filter means to receive a sampled audio signal and to divide the signal into a plurality of sub-band signais each
corresponding to a respective frequency sub-band;
(b) a quantiser for quantising the sub-band sign'als;
(c) bit allocation means for adaptively detemining the number of quantisation levels to be used by the quantiser
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in dependence on the signal characteristics;

and wherein the quantiser has a first output for providing said first data, said first data comprising quantised
values for one or more of said sub-bands, and a second output for providing said second data, said second data
comprising, for at least one of the sub-bands in respect of which quantised values are provided at the first output,
additional, enhancement, bits representing a less coarse quantisation of the values for that sub-band or sub-bands,
and that the bit allocation means is operable to perform a first aliocation operation in which a first predetermined quota
of bits for the first output is allocated among the sub-bands foillowed by a second allocation operation in which a second
predetermined quota of bits, for the additional bits at the second output, is allocated among the sub-bands.
[0007] If desired, the second output may also provide quantised values for at least one sub-band in respect of which
quantised values are not provided at the first output. In a preferred arrangement, the quantiser has at least one further
output, and the second and further output(s) in each case provide values for sub-bands not represented in any lower-
order output and/or provide additional bits for sub-bands which are represented in a lower order output, the bit allocation
means being operable to perform a number of allocation operations equal in number to the number of outputs, each
serving to allocate, for that output, a respective quota of bits among the sub-bands.
[0008] In a further aspect of the invention, there is provided an apparatus for reception of signals comprising:

(a) means for receiving packets of data, each packet containing primary data which includes first data in respect
of a temporal portion of the signal and second, enhancement, data in respect of the same portion of the signal;
and secondary data which includes the first data in respect of a different temporal portion of the signal;

(b) a buffer for storing the received packets;

(c) a decoder capable of producing a reconstructed signal from the first data alone and capable of a producing a
higher quality reconstructed signal from the first and second data together;

(d) control means operable to read from the buffer the primary data in respect of successive temporal portions of
the signal and to forward them to the decoder, and, in the event that the primary data in respect of a temporal
portion of speech be absent from the buffer, to read instead the secondary data in respect of that temporal portion
and forward it to the decoder.

[0009] Preferably the control means is operable, in said event that the secondary data in respect of a temporal portion
of speech be absent from the buffer, to read the second, enhancement, data in respect of a different temporal portion
of the speech signal and forward it to the decoder.

-[0010] If each packet contains a sequence code to indicate the temporal sequence of the primary data contained in
it, the control means can be arranged to determine the temporal sequence of the packets by reference to the sequence
code, irrespective of the actual order of receipt of the packets.

[0011] Inafurther aspect the invention provides a method of coding signals for transmission, the method comprising:

(a) coding a signal to generate a first output providing first data from which a decoder can produce a reconstructed
signal and a second output providing second data;

(b) assembling packets of data for transmission,: and

(b) transmitting the assembled packets;

characterised in that the second output comprises enhancement data, whereby a decoder receiving both the first and
second data can produce a higher quality reconstructed signal; and in that each packet contains:

primary data which includes the first data in respect of a temporal portion of the signal and the second data in
respect of the same portion of the signal; and

secondary data which includes the first data in respect of a different temporal portion of the signal but lacks the
second data in respect of that portion.

[0012] The invention also provides a method of transmitting signals coded using this method.
[0013] Inafurther aspect the invention provides a method of processing signals, the method comprising: (a) receiving
packets of data, each packet containing

primary data which includes first data in respect of a temporal portion of the signal and second, enhancement,
data in respect of the same portion of the signal; and secondary data which includes the first data in respect of a
different temporal portion of the signal; (b) storing the received packets in a buffer; (c) reading from the buffer the
primary data in respect of successive temporal portions of the signal and forwarding the primary data to a decoder,
which decoder is capable of producing a higher quality reconstructed signal from the first and second data together;
(d) In the event that the primary data in respect of a temporal portion of speech be absent from the buffer, reading
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instead the secondary data in respect of that temporal portion and forwarding it to the decoder; and (e) decoding the
primary data read out in step (c) to produce a reconstructed signal from the first data alone; or(f) decoding the secondary
data read out in step (d) to produce a reconstructed signal.

[0014] Some embodiments of the invention will now be described, by way of example, with reference to the accom-
panying drawings, in which:

Figure 1 is a block diagram of a sub-band speech coder used in a first embodiment of the invention;
Figure 2 is a block diagram of a sub-band speech decoder for use with the coder of Figure 1;

Figure 3 is a block diagram of a transmitter in accordance with the first embodiment of the invention;
Figure 4 is a block diagram of a receiver for use with the transmitter of Figure 3;

Figure 5 is a block diagram of a sub-band speech coder used in a second embodiment of the invention;
Figure 6 is a block diagram of a sub-band speech decoder for use with the coder of Figure 5; and
Figure 7 is a block diagram of a transmitter in accordance with the second embodiment of the invention.

[0015] Figure 1 shows a simple sub-band speech coder which is used in a first embodiment of the present invention.
An input audio signal is received, in the form of a sequence of digital samples, at an input 1. Typically this might be at
a sampling rate of 16 kHz, with 16 bits per sample. It is divided by a filter bank 2 into thirty-two sub-bands each of
bandwidth 250 Hz. Thus the lowest sub-band covers the range 0-250 Hz and the highest covers the range 7.75-8 kHz.
Each sub-band is then subsampled at 3 to a sampling rate of 500 Hz.

[0016] The rationale of sub-band coding is that the relative importance of the different sub-bands to the overall quality
of the decoded audio signal is different, and that therefore compression can be achieved by allocating to each sub-
band only as many bits per sampie as its perceptual significance justifies. In this coder, the allocation of bits to sub-
bands is fixed, so that for example the lowest sub-band is always allocated 8 bits per sample whereas perhaps the
15th sub-band is always allocated four bits per sample. This fixed allocation is made on the basis of the known char-
acteristics of speech signals. The bit allocation is illustrated in the drawing as box 4, but in fact it merely consists of
discarding the appropriate number of less significant bits from the samples. As described so far, this arrangement is
entirely conventional. Note that this coder was introduced above as a speech coder, because of the speech-specific
fixed bit allocation: as will be seen later, more sophisticated adaptive bit allocation strategies can be empioyedto obtain
improved compression of speech, as well as accommodating other types of audio signal. Also, the simplicity of this
coder is such that it does notinherently require a framing structure; however an incoming speech frame of 1152 samples
is assumed, which at a 16 kHz sampling rate implies a duration of 72 ms.

[0017] The samples output from the bit allocation 4 are grouped into two streams, the first consisting of the samples
from the lower sixteen sub-bands BO...B15 and the second of the upper sixteen, B16...B831. Ob\)iously the actual
number of bits per frame in each stream depends on the actual numbers of bits allocated.

[0018] Figure 2 shows a corresponding decoder (of conventional construction) in which the sub-bands B0 .. B31 are
upsampled at 5 back to 16 kHz and fed to a filter bank 6, the outputs of which are added together in an adder 7.
[0019] If both streams are fed to the decoder, then a speech signal of 0-8 kHz bandwidth can be recovered. It will
be apparent that the second stream contains information only about the part of the signal lying in the frequency range
4 to 8 kHz. If, therefore, the second stream is discarded, the first stream alone may still be decoded to produce a useful
speech signal, albeit band-limited to 0-4 kHz. Thus the coder may be regarded as /ayered, in that it receives an input
audio signal and has a first output which delivers a coded version of the signal, and a second output carrying enhance-
ment information which may be decoded along with the first output to produce a higher quality decoded signal. in this
description, the first stream alone will be referred to as the first layer, and the two streams together will be referred to
as the second layer.

[0020] Figure 3 shows an apparatus for transmission of speech signals. An input 10 receives analogue speech
signals which are converted into digital form, at a sampling rate of 16 kHz, by an analogue-to-digital converter 11 under
control of 16 kHz clock pulses ¢ from a clock generator 12, and fed to a sub-band coder 13 already described with
reference to Figure 1. The sub-band coder 13 has two outputs carrying the first stream of coded bits ("Stream 1") and
the second stream ("Stream 2") respectively. These are delayed by one frame period (72 ms) by delays 14, 15 and
loaded every 72 ms into a parallel-in, serial-out shift register 16 under control of a 13.89 Hz frame clock @ from a
"+1152" circuit 17, for assembly of a packet for transmission. At the same time the Stream 1 bits for the following frame
are conducted from the coder 13 without passing through the delay 15 and also loaded into the register 16. This means
that every transmitted packet (except, of course, the first) is preceded by a packet which also contains a duplicate of
the Stream1 information. If desired, by appropriate rearrangement of the delays, this duplicate could be carried in the
following packet, or indeed in an earlier or later packet spaced from the packet in question by two or more packets. A
frame counter 18 counts cyclically from O to 255, clocked by ¢, to produce a frame number fn which is also loaded
into the shift register. The contents of the shift register are clocked out serially under a line clock ¢, at any desired rate
to an output 19. Obviously the clock rate must be high enough that that the entire packet stored in the register is clocked
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outin 72 ms or less (there is of course no upper limit). In practice the transmitted packet must contain a framing code
and may need to contain addressing information, these however being conventional. The first and second streams of
frame n are referred to below as S1(n) and S2(n) respectively.

[0021] Figure 4 shows areceiver for receiving transmissions from the transmitter of Figure 3, where a received packet
is (after recovery of line clock and framing information, by means not shown) entered into a serial-in, parallel-out shift
register 30. To accommodate variations in transmission delay, the received streams are to be stored in a cyclic buffer
31 which has a "build-out" delay. A write control unit 32 receives the contents of the register 30 and serves to write the
packet into the buffer 31. The packets are arranged in the buffer in the order determined by the sequence number. If
an expected packet is not received then a gap is left so that it may be inserted in the correct sequence should it arrive
later but within the build-out period.

[0022] Readout of data from the buffer is performed with the aid of a frame counter 33 similar to the frame counter
18 at the transmitter, incremented every 72ms by a local clock 34. It lags the incoming frames by the build-out period
(typically from 1 to 10 frames, e.g. 6, depending on the connection characteristics and the extent to which delay is
tolerable) by virtue of being loaded, at the commencement of a period of reception, with the received frame number
fn, minus 6 {or other build-out value) . If, due to drift between the 72ms clock and the transmitter clock ©F, buffer overflow
or underflow occurs, then the system is reset by reloading the counter. Normally, a read control unit 35 accesses the
counter 33 to obtain the current count value fnrand reads out from the buffer the S1(n) and S2(n) data from the packet
having that frame number, and passes them to a speech decoder 36 as already described with reference to Figure 2.
If no packets are lost, and no packet is delayed relative to the previously transmitted packets by more than 6 x 72 =
432 ms, then this will ensure a continuous supply of data to the decoder 363.

[0023] If such loss or excessive delay occurs then the desired packet having a frame number fn equal to the counter
content far will not be present in the buffer. In this case the read control unit 34 reads from the buffer the S1(n) data
from the packet having frame number (fnr-1), that is to say, the duplicate Stream 1 information for frame farwhich was
carried in the immediately preceding packet, and forwards this to the decoder. In this way the decoder continues to
operate normally, except that it receives no Stream 2 data for that frame, so that there will be a temporary reduction
in bandwidth for one frame period. The read control unit 35 signals this fact to the decoder 36 via a connection 37, and
the decoder disables the upper sixteen subbands.

[0024] In a modified version, this reduction may be alleviated by repetition of the previous frame data for stream 2 -
i.e. the read control unit reads out S7(n) and S2(n-1) from packet (fnr-1).

[0025] Note that it is not essential that the coder 13 be a sub-band coder, or that its second stream represents
information about higher frequency components than does the first. in principle any other layered coder could be used,
for example a PCM (pulse code modulation) coder in which the first stream consist of coarsely quantised samples and
the second stream consists of additional, less significant, bits of the same samples, which of course would serve to
reduce the level of quantisation noise that would be produced by a decoder receiving only the first stream. Note also
however that the possibility of substitution from a previous frame for a missing upper stream exists only if the previous
frame data have a sufficient correlation with the lost second stream data; this is the case with the sub-band system
described above but not in the PCM example.

[0026] it should also be observed that, although in Figure 3 the duplicate Stream 1 for a particular frame is carried
in the packet preceding the packet which carries the full information for that frame, this is not essential, for example it
could be carried in the following one; i.e. packet n could carry S1(n), S2(n} and S1(n-1). This means that for, similar
performance, the receiver build-out delay should be one greater than previously. This increases the signal delay atthe
receiver by 72ms but on the other hand the signat delay at the transmitter is 72ms less. Moreover, the duplicate Stream
1 for a particular frame does not necessarily have to be carried in a packet which is consecutive with the packet which
carries the full information for that frame. The delay offset can be chose to suit the characteristics of a particular trans-
mission channel or network; for example a delay of two or more frames might be appropriate in a radio system which
is prone to burst errors.

[0027] Figure 5 shows a more sophisticated sub-band coder than that shown in Figure 1. This is based on, and
similar to, the coder defined in the Moving Pictures Expert Group (MPEG) standard ISO 13813-3. Only those aspects
of the coder which differ from the standard will be described in detail. The MPEG standard envisages operation at a
number of different input audio sampling rates; the following description assumes a sampling rate of 16 kbit/s but may
of course be scaled to other sampling rates if desired. A polyphase analysis filter 40 receives frames of 1152 input
samples, producing an analysis frame of 32 sub-bands of 36 samples each. These samples are quantised by a quantiser
41 using variable scale factors controlied by scale factor calculation 42. The scale factors are calculated as described
in the MPEG standard, and could be coded in the same way, though for simplicity we prefer to code the scale factors
at a constant 12 bits per sub-band (for each frame) rather than using the variable length scale factors representation
envisaged by the standard. (If a fixed length is used, then the connection from box 42 to box 45 in Figure 5 is unnec-
essary).

[0028] The samples are quantised according to bit allocations determined for each frame from an adaptive bit allo-
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cation procedure, to use the phenomenon of simultaneous masking to minimise the audible effects of sample quanti-
sation Simultaneous masking occurs when a low-level signal component is made inaudible by a simultaneously oc-
curring stronger component at some nearby frequency. A unit 43 applies a fast Fourier transform (FFT) to the signal,
and supplies the result to a masking unit 44, where the masking properties of each audio frame are estimated (as
described in the MPEG standard) using a psychoacoustic model and represented by a masking function maski(k) for
the k'th sub-band (k= 0 ... 31). This masking function gives an estimate of signal level for sub-band k below which
signals become inaudible or above which noise becomes audible. It is used to determine a signal-to-mask ratio smr
for each of the 32 sub-bands:

smr(k) = sig(k) - mask(k)

where sig(k) is the signal energy within sub-band k. All these quantities are expressed in dB.

[0029] The actual bit allocation is performed by a bit allocation unit 45 which receives the smr(k) values from the
masking unit 44. This performs the allocation by means of an iterative process in which available bit capacity is allocated
in steps, allocating further capacity to whichever sub-band has, on the basis of the allocation of bit capacity made to
it so far, the lowest mask-to-noise ratio mnr. Rather than expressing the allocation as a number of bits allocated,
however, the standard - and the apparatus of Figure 5 - uses an integer bit-allocation code which is translated by a
corresponding bit allocation table; aliocating further capacity involves simply incrementing the code.

[0030] The signal-to-noise ratio smr(k) (needed for the bit allocation calculation) can be estimated with reasonable
accuracy simply by multiplying the number of bits allocated by 6dB, or using an appropriate look-up table. Alternatively
the signal-to-noise ratio may be calculated taking into account the actual signai in sub-band k as weil as the number
of bits allocated for representing it.

[0031] Inthe standard, bit allocation needs to be performed oniy once per frame. In the coder of Figure 5, however,
the higher streams, in addition to contributing further sub-bands not present in the lower stream, also carry further bits
for the sub-bands already represented. Thus the bit allocation procedure must (for this example of four streams) be
performed four times, in the manner now to be described, so that (for example) the first sub-band might be guantised
to 20 levels for stream 1, so that stream 1 carries 4.3 bits for this sub-band, but quantised to 80 levels-for the next
layer, so that stream 2 carries two further bits for this sub-band. Note also that the resulit of this precedure is a set of
codes each of which defines, in accordance with a look-up table (the contents of which are shown in Table 1 below)
contained in the bit allocation unit 45, the sample quantisation for each sub-stream. It follows that the actual number
of bits carried by any stream is the difference between the number of bits shown for that stream and the number of
bits shown for the stream below.

Table 1
Bit allocation code AllocCodej(k) 0 1 2 3 4 5 6 7
Quantisation levels OLevte(k) 0 5 10 20 40 80 160 | 320
Bits/sample Bits;(k) 0 23 3.3 4.3 5.3 6.3 7.3 8.3
Bits (differential) B - 2.3 1 1 1 1 1 1

[0032] The following variables need to be defined:

K the number of sub-bands (32 in this example);

Bit Tot; the number of bits available for layer j (i.e. stream j and any lower streams, taken together) (values
for this example are given in Table 2);

BitsAvailable the number of bits currently available for allocation 1o the current stream;

SFlen the length (in bits) of the scale factors (12 in this example});

AllocBNumi(k)  the length (in bits) of the bit allocation code used in stream jfor sub-band k;

AllocMax;(k) (=24eMm ™ _ 1) the maximum allowed value of the allocation code for stream j in sub-band k;
AllocLimj the maximum number of sub-bands used in layer j, sub-band k;

AllocCode(k) the current value of the allocation code for sub-band k of a layer;.
AllocCodej(k) the allocation code result for layer j, sub-band k;

Qlevel(k) The number of quantisation levels to be used for stream j, subband k;
Bits(k) The number of bits require to code Qleveli(k) levels.
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[0033] The procedure is as follows: Calculate smr(k) for all k (k = 0..K-1) in the manner specified in the standard.

1. Set AllocCode(k) and snr(k) to zero for all k.
2. Initialise mnr(k) = snr(k) - smr(k) for all k.
3.8etj=1

4.If j=1 then set

K-i
BitsAvailable = BitTot ; - Z AllocBNum; (k) ;

k:o

otherwise set

K=

BitsAvailable = BitTot ; - BitTot _, — ?_“ AllocBNum (k)
; —

(i.e. the available capacity is reduced by the overhead required for transmission of the bit allocation codes them-
selves).

5. Initialise FullFlag(k) for ali k such that if AllocCode(k) < AllocMax;(k) then FullFlag(k) = 0 else FullFlag(k) = 1.
Setting FullFlag(k) = 0 will allow bits to be allocated to sub-band k for current stream j, and FullFlag(k) = 1 will
prevent such allocation.

6. If FullFiag(k) = 1 for all k then go to step 19

7. Identify the value km of k that corresponds to the smallest value of mnr (i.e. such that mnr(km) < mnr(k) for k=
km. (Note that values of k for which FullFlag(k) = 1 are ignored)

8. Look up the number of bits B corresponding to the proposed increment of the allocation code (AllocCode(km))
in Table 1.

9. Set BitsRemaining = BitsAvailable - B*36

10. If AllfocCode(km) = 0 then set BitsRemaining = BitsRemaining - SFLen (the first time an allocation is made for
a sub-band, allowance must be made for the fact that a quantiser scale factor needs to be transmitted).

11. If BitsRemaining < 0 then set 'Ful/FIag(km) = 1 and go to step 7 else continue (if there are insufficient bits
available to increment the allocation for subband km then FullFlag(km) is set to prevent further allocation to this
sub-band).

12. Increment AllocCode(km) by 1.

13. Set BitsAvailable = BitsRemaining.

14. Determine new snr(km) (by measurement or estimation).

15. Calculate mnr(km) for new allocation by mnr(km) = snr(km) - smr(km).

16. If AllocCode(km) = AI/ocMaxl(km) then set FullFlag(km) to 1 to prevent further allocation.

17. Goto step 7.

18. Set AllocCodej(k) = AllocCode(k) for all k (This is the set of bit allocations for stream j).

19. increment j for the next stream and repeat from step 5 until alt streams have been dealt with. Note particularly
that AllocCode(k) is not reset.

[0034] The sub-band samples are quantised by the quantiser 41, which outputs the requisite number of bits into
each stream. Thus, for stream 1, it produces Bits,(k) for the kth sub-band, whilst for the higher streams it produces
Bits{kJ - Bitsj_,(k) bits/sample. These bits are coded and multiplexed by a unit 46, along with the scale factors and bit
allocation codes. Where, as here for stream 1, non-integer numbers of bits/sample are used, the quantizer naturally
outputs an integer number of bits/frame. For an allocation code of 1 (5 levels) it outputs gcod (3 bits) representing a
number in the range 0 to 4; for aliocation code 2 (10 levels) it outputs gcod; plus an additional bit gbit,s whilst for
allocation code 3 (20 levels), it outputs these pius a further bit gbit,, and so on. The 36 values gcod; (n), (n=0 ... 35)
for a frame are combined in groups of 3 to give 12 values:

grps(i) = gcods(3* 1) + 5" gcods(3*i+1) + 26* qcody (3*i+2)

where (i = 0 ... 11) and the operator * indicates muitiplication.
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These values have a range of O to 124 and are coded using 7 bits. -

[0035] The 4-Iiayer sample quantization process starts by using the layer 4 bit allocation code to define the quantizer
resolution. The resulting quantized sample code is then encoded according to the series of four bit allocation codes.
First, the layer 4 and layer 3 allocation codes are compared. If the layer 3 allocation is 0 then the quantized samples
are encoded wholly for the layer 4 stream using the 5-level grouped pius n-bit enhancement scheme described above.
Ifthe layer 3 altocation is not 0, then the difference in allocation codes is used to determine the number of enhancement
bits to be encoded for the layer 4 stream. This process is then repeated for layers 3 and 2 to produce the corresponding
encoded streams. For layer 1, a non-zero allocation must start with a 5-level grouped encoding.

[0036] This process produces a set of four separate quantization streams. These can be built up in a coder to produce
the four required encoded sample sequences, where each encoded sample sequence decodes to give a specific layer
of subband samples.

[0037] The muitiplexer 46 constructs four output streams from the bit aliocation, scale factor and quantized sample
parameters. The resulting sub-stream allocations are shown in Table 3 with the figures for scale factors based on the
assumption that bits are allocated to all the available sub-bands. If the sub-band sample quantization cannot use all
the aIIocated bits, then the multiplexer performs packing with zero bit values.

Table 3
Sub-stream
1 2 3 4

Bit allocation (bits/frame) 10 24 50 71
Scalefactors (bits/frame) 60 60 120 120
Subband samples (bits/frame) | 506 | 492 | 982 2113
Total Bit/frame 576 | 576 | 1152 | 2304
Bit Rate (kbiv/s) 8 8 16 32

[0038] The unit 46 encodes a new set of bit allocation codes for each layer. Stream 1 contains all the layer 1 bit
allocation codes for subbands O to 4, and stream 2 contains the layer 2 bit allocation codes for sub-bands 010 9. In
decoding layer 2 from streams 1 and 2, no use is made of the layer 1 bit allocation codes, which can be considered
as a 10 bits/frame overhead (see figure 9). Similarly, bit allocations for layers 1, 2 and 3 totalling 84 bits/frame are an
overhead for layer 4 decoding. Inter-stream differential coding of the bit allocations could be used to reduce the over-
heads for layers 2, 3 and 4, and might, therefore, allow an extra 1 or 2 bits/frame to be applied for layer 4 subband
sample encoding.

[0039] A decoder for use with the encoder of Figure 5 is shown in Figure 6. A register 50 receives (after transmission
or recording) stream 1 from the encoder of Figure 5. It also has inputs for receiving streams 2, 3, 4 ifthese are available;
along with a layer code indicating how many streams are in fact being received. The layer code selects via a switch
51 the appropriate set of bit aliocation codes and this controls a sample dequantizer 52 to operate, for each subband,
in accordance with the number of quantisation levels indicated by the corresponding bit allocation code of the selected
set.

[0040] The samples output by the dequantizer 52 then pass through a synthesis filter 53 operating in a conventional
manner.

[0041] Figure 7 shows a transmitter, in many respects similar to that of Figure 3, but using the coder of Figure 5,
shown at 60 receiving digital audio input signals. The four output streams S1, S2, $3, S4 output from the coder have
576, 576, 1152 and 2304 bits per frame respectively. They are delayed in three 72 ms stages by delays 61, 62, 63. All
four streams from the output of the delay 63 are combined in a multiplexer 64 to produce a 4608-bit/frame Layer 4
signal Enc4(n) to be loaded into a shift register 65 analogous to the shift register 16 of Figure 3. Streams S1 to S3
from the output of the delay 62 are combined in a multiplexer 66 to produce a 2304-bit Layer 3 signal Enc3(n + 1) to
be loaded into the shift register 65; note the index n+1 since there is one less delay and therefore the data pertain to
the following frame. Similarly streams S1, S2 from the delay 61 are combined at 66 to give Enc2(n+2) of 1152 bits and
Stream 81, undelayed yields Enc1(n+3) of 576 bits. Ali these, along with an eight-bit frame number fn as described
above are assembled in the register 65 (totalling 4608 + 2304 + 1152 + 576 + 8 = 8648 bits, plus any desired supervisory
information), and clocked out at line rate as described earlier. For future reference, the fields of the packet assembled
in the shift register are labelled FO to F4. Although these arrangements are shown as being constructed in dedicated

- discrete hardware, they could of course be implemented by one or more suitably programmed digital signal processing

devices.
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[0042] The corresponding receiver has the same structure as that shown in Figure 4, and operated in the same
fashion as described previously, except that the contents of the register 30 now correspond to those of the register 50
of Figure 7, and the operation of the read control unit 34 is more complex. Normally the read control unit 34 reads from
the buffer 31 the Enc4(n) data from the packet carrying the frame number fnr. In the event of the frame fnrbeing absent
from the buffer, the read control unit 34 reads from the buffer the Enc3(n) data from the packet having frame number
(fnr-1). If however this packet is also missing then it reads from the buffer the Enc2(n) data from the packet having
frame number (fnr-2), whilst in the event of three packets missing for consecutive audio frames, then it reads out the
Enc1(n) data from the packet having frame number (fnr-3). As before, this results in a reduction in bandwidth of the
signal output from the decoder 35 which can be alleviated by substitution of a stream from a previous audio viz.:

Packet missing for Read From From packet carrying frame
frame field number
None Encd(n) F4 fnr

fnr Enc3(n) F3 fnr-1
S4 of Enc4(n-1) * F4 fnr-1
fnr and fnr-1 Enc2(n) F2 far-2
"1 83 of Enc3(n-1)* F3 fnr-2
S4 of Enc4(n-2) * F4 fnr-2
fnr and fnr-1 and Enci(n) F1 fnr-3
fnr-2 S2 of Enc2(n-1)* F2 fnr-3
83 of Enc3(n-2)* F3 fnr-3
S4 of Enc4(n-3)* F4 fnr-3

[0043] Note that the higher streams S2, S3, S4 each contain, compared with the next lower stream, (a) information

-about further sub-bands and (b) additional bits to reduce the quantisation error in the sub-bands for which data are

already present in the lower stream. The substitutions with data about earlier frames (marked "** in the above table)
are appropriate only for (a), the additional bits (b) not being useful as their values have little correlation with the missing
ones. The decoder as shown in Figure 6 will make such substitutions, and this will work, merely introducing a small
additional amount of noise. in order to avoid this, it can be arranged that the read control unit 35, when substituting
previous audio frame information for one or more of the upper streams, signal this fact to the decoder. The selector
51 must then be modified so that, for subbands carried only by substituted streams, it takes the bit allocation information
from stream 4, but, for subbands where information is contained in a non-substituted stream, it takes the bit allocation
information from the highest non-substituted stream.

Claims
1. An apparatus for transmission of signals comprising:

(a) coding means (13) operable to generate a first output (B0-B15) providing first data from which a decoder
(36) can produce a reconstructed signal and a second output (B16-B31) providing second data; and
(b) means operable to assemble packets of data for transmission,

characterised in that the coding means comprises a coder operable to generate both said first and said second
outputs, and in that the second output comprises enhancement data, whereby a decoder receiving both the first
and second data can produce a higher quality reconstructed signal, and in that each packet contains:

primary data which include the first data in respect of a temporal portion of the signal and the second data in
respect of the same temporal portion of the signal; and

secondary data which indude the first data in respect of a different temporal portion of the signal but lacks the
second data in respect of that portion.

2. An apparatus according to claim 1 in which said different temporal portion is a portion later than that represented
by the primary data.

3. Anapparatus according to claim 2 in which said different temporal portion is the portion directly following the portion

10



10

15

20

25

30

35

40

45

50

55

10.

11.

12.

13.

EP 1116 354 B1
represented by the primary data.

An apparatus according to claim 1 in which said different temporal portion is a portion earlier than that represented
by the primary data.

An apparatus according to any one of the preceding claims in which the assembly means is arranged to indude
in each packet a sequence code to indicate the temporal sequence of the primary data contained in the packets.

An apparatus according to any one of the preceding daims in which the coder is operable to produce a plurality
of outputs providing enhancement data, successive sets of enhancement data representing successive improve-
ments to the reconstructed signal quality, and in which the primary data indude all such outputs and the secondary
data indude first data in respect of a like plurality of different temporal portions of the signal and progressively
smaller numbers of sets of second data in respect of those portions.

An apparatus according to anyone of the preceding claims in which the signals are audio signals and the coder is
an audio signal coder.

An apparatus according to claim 7 in which the coder (13) is a sub-band coder, in which the first data indude data
in respect of lower frequency ones of the coder sub-bands, and the second, enhancement data include data in
respect of higher frequency sub-bands.

An apparatus according to any one of the preceding claims in which the first data include binary representations
of digital values and the second data indude additional bits representing a finer resolution of the said digital values.

An apparatus according to claim 8 in which the sub-band audio coder (13) comprises:

(a) filter means to receive a sampled audio signal and to divide the signal into a plurality of sub-band signals
each corresponding to a respective frequency sub-band;

(b) a quantiser for quantising the sub-band signals;

(c) bitallocation means for adaptively determining the number of quantisation levels to be used by the quantiser
in dependence on the signal characteristics;

and wherein the quantiser has a first output for providing said first data, said first data comprising quantised values
for one or more of said sub-bands, and a second output for providing said second data, said second data com-
prising, for at least one of the sub-bands in respect of which quantised values are provided at the first output,
additional, enhancement, bits representing a less coarse quantisation of the values for that sub-band or sub-bands,
and wherein the bit allocation means is operable to perform a first allocation operation in which a first predetermined
quota of bits for the first output is allocated among the sub-bands followed by a second allocation operation in
which a second predetermined quota of bits, for the additional bits at the second output, is allocated among the
sub-bands.

An apparatus according to Claim 10 in which the second output also provides quantised values for at least one
sub-band in respect of which quantised values are not provided at the first output.

An apparatus according to Claim 10 or 11 in which the quantiser has at least one further output, in which the second
and further output(s) in each case provide values for sub-bands not represented in any lower-order output and/or
provide additional bits for sub-bands which are represented in a lower order output, and in which the bit allocation
means is operable to perform a number of allocation operations equal in number to the number of outputs, each
serving to allocate, for that output, a respective quota of bits among the sub-bands.

An apparatus for reception of signals comprising:
(a) means for receiving packets of data;
(b) a buffer (31) for storing the received packets;
(c) a decoder (36); and

(d) control means (35),

characterised in that each received packet contains:
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primary data which include first data in respect of a temporal portion of the signal and second, enhancement, data
in respect of the same portion of the signal; and secondary data which indude the first data in respect of a different
temporal portion of the signal,

and in that the decoder is capable of producing a reconstructed signal from the first data alone and capable of a
producing a higher quality reconstructed signal from the first and second data together,

and in that the control means is operable to read from the buffer the primary data in respect of successive temporal
portions of the signal and to forward them to the decoder, and, in the event that the primary data in respect of a
temporal portion of speech be absent from the buffer, to read instead the secondary data in respect of that temporal
portion and forward it to the decoder.

An apparatus according to claim 13 in which the control means is operable, In said event that the secondary data
in respect of a temporal portion of speech be absent from the buffer, to read the second, enhancement, data in
respect of a different temporal portion of the speech signal and forward it to the decoder.

An apparatus according to daim 13 or 14 in which each packet contains a sequence code to indicate the temporal
sequence of the primary data contained in it, and the control means is operable to determine the temporal sequence
of the packets by reference to the sequence code, irrespective of the actual order of receipt of the packets.

An apparatus according to any one of Claims 13 to 15 in which the signals are audio signals and the decoder is
an audio signal decoder.

A method of coding signals for transmission, the method comprising:

(a) coding a signal to generate a first output providing first data from which a decoder can produce a recon-
structed signal and a second output providing second data; and
(b) assembling packets of data for transmission;

characterised in that the second output comprises enhancement data, whereby a decoder receiving both the
first and second data can produce a higher quality reconstructed signal; and in that each packet contains:
primary data which includes the first data in respect of a temporal portion of the signal and the second data in
respect of the same portion of the signal; and

secondary data which includes the first data in respect of a different temporal portion of the signal but lacks the
second data in respect of that portion.

A method as claimed in claim 17 in which said different temporal portion is a portion later than that represented
by the primary data.

A method as claimed in claim 18 in which said different temporal portion is the portion directly following the portion
represented by the primary data.

A method as claimed in claim 17 in which said different temporal portion is a portion earlier than that represented
by the primary data.

A method according to any one of claims 17 to 20 in which during the assembly step there is induded in each
packet a sequence code to indicate the temporal sequence of the primary data contained in the packets.

A method according to any one of claims 17 to 21 in which in the coding step a plurality of outputs providing
enhancement data are produced, successive sets of enhancement data representing successive improvements
to the reconstructed signal quality, and in which the primary data include all such outputs and the secondary data
include first data in respect of a like plurality of different temporal portions of the signal and progressively smaliler
numbers of sets of second data in respect of those portions.

A method according to any one of claims 17 to 22 in which the signals are audio signals and the coding step is
performed by an audio signal coder.

A method according to daim 23 in which the coding step is performed by a sub-band coder, in which the first data

indude data in respect of lower frequency ones of the coder sub-bands, and the second, enhancement data include
data in respect of higher frequency sub-bands.
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25. A method according to any one of the preceding claims in which the first data indude binary representations of

digital values and the second data indude additional bits representing a finer resolution of the said digital values.

26. A method according to daim 24 in which the sub-band audio coder comprises:

27.

28.

29.

30.

31.

32.

(a) using fitter means of the sub-band coder to receive a sampled audio signal and to divide the signal into a
plurality of sub-band signals each corresponding to a respective frequency sub-band;

(c) quantising the sub-band signals using a quantiser of the sub-band coder;

(d) adaptively determining, using bit allocation means of the sub-band coder, the number of quantisation levels
to be used by the quantiser in dependence on the signal

characteristics;

(e) providing at a first output of the quantiser, said first data, said first data comprising quantised values for
one or more of said sub-bands;

{f) providing, at second output, said second data, said second data comprising, for at least one of the sub-
bands in respect of which quantised values are provided at the first output, additional, enhancement, bits
representing a less coarse quantisation of the values for that sub-band or sub-bands; and

(9) performing a first ailocation operation in which a first predetermined quota of bits for the first output is
allocated among the sub-bands followed by a second allocation operation in which a second predetermined
quota of bits, for the additional bits at the second output, is allocated among the sub-bands.

A method according to Claim 26 in which the second output also provides quantised values for at least one sub-
band in respect of which quantised values are not provided at the first output.

A methed of transmitting signals coded according to the method of any one of claims 17 to 27.
A method of processing signals, the method comprising:

(a) receiving packets of data, each packet containing primary data which includes first data in respect of a
temporal portion of the signal and second, enhancement, data in respect of the same portion of the signal;
and secondary data which includes the first data in respect of a different temporal portion of the signal;

(b) storing the received packets in a buffer;

(c) reading from the buffer the primary data in respect of successive temporal portions of the signal and for-
warding the primary data to a decoder, which decoder is capable of producing a higher quality reconstructed
signal from the first and second data together,;

(d) In the event that the primary data in respect of a temporal portion of speech be absent from the buffer,
reading instead the secondary data in respect of that temporal portion and forwarding it to the decoder; and
(e) decoding the primary data read out in step (c) to produce a reconstructed signal from the first data alone; or
(f) decoding the secondary data read out in step (d) to produce a reconstructed signal.

A method as claimed in claim 29 in which, in said event that the secondary data in respect of a temporal portion
of speech be absent from the buffer reading the second, enhancement, data in respect of a different temporal
portion of the speech signal and forwarding it to the decoder.

A methed according to claim 29 or 30 in which each packet contains a sequence code to indicate the temporal
sequence of the primary data contained in it, and the method including the step of determining the temporal se-
quence of the packets by reference to the sequence code, irrespective of the actual order of receipt of the packets.

A method according to any one of Claims 29 to 31 in which the signals are audio signals arid the decoder is an
audio signal decoder.

Patentanspriiche

1.

Vorrichtung zum Senden von Signalen, die umfasst:
(a) Codierungsmittel (13), die so betreibbar sind, dass sie einen ersten Ausgang (B0-B15), der erste Daten

bereitstellt, aus denen ein Decodierer (36) ein rekonstruiertes Signal erzeugen kann, und einen zweiten Aus-
gang (B16-B31), der zweite Daten bereitstellt, erzeugen; und
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(b) Mittel, die so betreibbar sind, dass sie Datenpakete fiir die Ubertragung zusammensetzen,

dadurch gekennzeichnet, dass die Codierungsmittel einen Codierer umfassen, der so betreibbar ist, dass
er sowohl den ersten als auch den zweiten Ausgang erzeugt, und dass der zweite Ausgang Verbesserungsdaten
enthiélt, wodurch ein Decodierer, der sowohl die ersten als auch die zweiten Daten empfangt, ein rekonstruiertes
Signal mit héherer Qualitat erzeugen kann, und
dass jedes Paket enthalt:

primédre Daten, die die ersten Daten in Bezug auf einen zeitlichen Abschnitt des Signals und die zweiten Daten
in Bezug auf denselben zeitlichen Abschnitt des Signals enthalten; und
sekundare Daten, die die ersten Daten in Bezug auf einen anderen zeitlichen Abschnitt des Signals enthalten,
jedoch die zweiten Daten in Bezug auf jenen Abschnitt nicht enthaiten.

Vorrichtung nach Anspruch 1, in der der andere zeitliche Abschnitt ein Abschnitt ist, der zeitlich hinter jenem liegt,
der durch die priméaren Daten représentiert wird.

Vorrichtung nach Anspruch 2, in der der andere zeitliche Abschnitt der Abschnitt ist, der dem durch die primaren
Daten reprasentierten Abschnitt direkt folgt.

Vorrichtung nach Anspruch 1, in der der andere zeitliche Abschnitt ein Abschnitt ist, der zeitlich vor jenem liegt,
der durch die primaren Daten repréasentiert wird.

Vorrichtung nach einem der vorhergehenden Anspriiche, in der die Zusammensetzungsmittel so beschaffen sind,
dass sie in jedes Paket einen Reihenfolgencode einbauen, der die zeitliche Reihenfolge der in den Paketen ent-
haltenen primdren Daten angibt.

Vorrichtung nach einem der vorhergehenden Anspriche, in der der Codierer so betreibbar ist, dass er mehrere.
Ausgénge erzeugt, die Verbesserungsdaten schaffen, wobei aufeinander folgende Mengen von Verbesserungs-
daten aufeinander folgende Verbesserungen fiir die Qualitat des rekonstruierten Signals reprasentieren, und in
der die primédren Daten alle solchen Ausgdnge enthalten und die sekundéren Daten die ersten Daten in Bezug
auf eine gleiche Mehrzah! anderer zeitlicher Abschnitte des Signais und eine zunehmend kieinere Anzahl von
Mengen zweiter Daten in Bezug auf jene Abschnitte enthalten.

Vorrichtung nach einem der vorhergehenden Anspriiche, in der die Signale Audiosignale sind und der Codierer
ein Audiosignalcodierer ist.

Vorrichtung nach Anspruch 7, in der der Codierer {13) ein Teilbandcodierer ist, in der die ersten Daten Daten in
Bezug auf Codiererteilbénder mit niedrigerer Frequenz enthalten und die zweiten Verbesserungsdaten Daten in
Bezug auf Teilbander mit hdherer Frequenz enthalten.

Vorrichtung nach einem der vorhergehenden Anspriiche, in der die ersten Daten bindre Darstellungen digitaler
Werte enthalten und die zweiten Daten zusétzliche Bits, die eine feinere Auflésung der digitalen Werte reprasen-
tieren, enthaiten.

Vorrichtung nach Anspruch 8, in der der Teilband-Audiocodierer (13) umfasst:

(a) Filtermittel, die ein abgetastetes Audiosignal empfangen und das Signal in mehrere Teilbandsignale un-
terteilen, wovon jedes einem entsprechenden Frequenzteilband entspricht;

{b) einen Quantisierer zum Quantisieren der Teilbandsignaie;

{c) Bitzuweisungsmittel, die die Anzahl von Quantisierungspegeln, die von dem Quantisierer verwendet wer-
den sollen, in Abhangigkeit von den Signalcharakteristiken adaptiv bestimmen;

wobei der Quantisierer einen ersten Ausgang, um die ersten Daten bereitzustellen, die quantisierte Werte
fur ein oder mehrere der Unterbédnder enthalten, und einen zweiten Ausgang, um die zweiten Daten bereitzusteiien,
die fur wenigstens eines der Teilbander, in Bezug auf das quantisierte Werte an dem ersten Ausgang bereitgestelit
werden, zusétzliche verbessernde Bits, die eine weniger grobe Quantisierung der Werte fiir das oder die Teilb&nder
reprasentieren, aufweist und wobei die Bitzuweisungsmittel so betreibbar sind, dass sie eine erste Zuweisungs-
operation ausfihren, in der den Teilbédndern eine erste vorgegebene Bit-Quote flir den ersten Ausgang zugeordnet
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wird, gefolgt von einer zweiten Zuweisungsoperation, in der den Teilbdndern eine zweite vorgegebéne Bit-Quote
fur die zusdtzlichen Bits am zweiten Ausgang zugewiesen wird.

Vorrichtung nach Anspruch 10, in der der zweite Ausgang auBerdem quantisierte Werte flir wenigstens ein Teilband
bereitstellt, in Bezug auf das quantisierte Werte nicht am ersten Ausgang bereitgestelit werden.

Vorrichtung nach Anspruch 10 oder 11, in der der Quantisierer wenigstens einen weiteren Ausgang besitzt, in der
der zweite und der wenigstens eine weitere Ausgang in jedem Fall Werte fiir Teilbander bereitstellen, die nicht in
irgendeinem Ausgang mit niedrigerer Ordnung repréasentiert werden, und/oder weitere Bits fiir Teilb&nder bereit-
stellen, die in einem Ausgang mit niedrigerer Ordnung reprasentiert werden, und in der die Bitzuweisungsmittel
80 betreibbar sind, dass sie Zuweisungsoperationen in einer Anzahl ausfiihren, die gleich der Anzahl der Ausgénge
ist, wovon jede dazu dient, den TeilbAndern fiir diesen Ausgang eine entsprechende Bit-Quote zuzuweisen.

Vorrichtung zum Empfangen von Signalen, die umfasst:

(a) Mittel zum Empfangen von Datenpaketen;

(b) einen Puffer (31) zum Speichern der empfangenen Pakete;
(c) einen Decodierer (36); und

(d) Steuermittel (35),

dadurch gekennzeichnet, dass jedes empfangene Paket enthilt:

primére Daten, die erste Daten in Bezug auf einen zeitlichen Abschnitt des Signals und zweite Verbesserungs-
daten in Bezug auf denselben Abschnitt des Signals enthalten; und
sekundére Daten, die die ersten Daten in Bezug auf einen anderen zeitlichen Abschnitt des Signals enthalten,
dass der Decodierer allein aus den ersten Daten ein rekonstruiertes Signal erzeugen kann und aus den ersten
und den zweiten Daten zusammen ein rekonstruiertes Signal mit héherer Qualitat erzeugen kann,

und dass die Steuermittel so betreibbar sind, dass sie aus dem Puffer die primaren Daten in Bezug auf
aufeinander folgende zeitliche Abschnitte des Signals lesen und diese zum Decodierer weiterleiten; und in
dem Fall, in dem die priméren Daten in Bezug auf einen zeitlichen Abschnitt von Sprache in dem Puffer fehlen,
statidessen die sekundéaren Daten in Bezug auf diesen zeitlichen Abschnitt lesen und sie zum Decodierer
weiterleiten.

Vorrichtung nach Anspruch 13, in der die Steuermittel so betreibbar sind, dass sie in dem Fall, in dem die sekun-
daren Daten in Bezug auf einen zeitlichen Abschnitt von Sprache in dem Puffer fehlen, die zweiten Verbesse-
rungsdaten in Bezug auf einen anderen zeitlichen Abschnitt des Sprachsignals lesen und sie zum Decodierer
weiterteiten.

Vorrichtung nach Anspruch 13 oder 14, in der jedes Paket einen Reihenfolgencode enthélt, um die zeitliche Rei-
henfolge der in ihm enthaltenen priméaren Daten anzugeben, und die Steuermittel so betreibbar sind, dass sie die
zeitliche Reihenfolge der Pakete unabh&ngig von der tatsdchlichen Empfangsreihenfolge der Pakete durch Be-
zugnahme auf den Reihenfolgencode bestimmen.

Vorrichtung nach einem der Anspriiche 13 bis 15, in der die Signale Audiosignale sind und der Decodierer ein
Audiosignaldecodierer ist. ‘

Verfahren zum Codieren von zu sendenden Signalen, wobei das Verfahren umfasst:
(a) Codieren eines Signals, um einen ersten Ausgang, der erste Daten bereitstellt, aus denen ein Decodierer
ein rekonstruiertes Signal erzeugen kann, und einen zweiten Ausgang, der zweite Daten bereitstellt, zu er-
zeugen; und
(b) Zusammensetzen von zu sendenden Datenpaketen;
dadurch gekennzeichnet, dass der zweite Ausgang Verbesserungsdaten enthélt, wodurch ein Decodierer,
der sowoh! die ersten als auch die zweiten Daten empféangt, ein rekonstruiertes Signail mit héherer Qualitét erzeu-

gen kann; und dass jedes Paket enthélt:

priméare Daten, die die ersten Daten in Bezug auf einen zeitlichen Abschnitt des Signals und die zweiten Daten
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in Bezug auf denselben Abschnitt des Signals enthalten; und
sekundére Daten, die die ersten Daten in Bezug auf einen anderen zeitlichen Abschnitt des Signals enthalten,
jedoch die zweiten Daten in Bezug auf diesen Abschnitt nicht enthalten.

Verfahren nach Anspruch 17, bei dem der andere zeitliche Abschnitt ein Abschnitt ist, der zeitlich hinter jenem
liegt, der durch die primaren Daten reprasentiert wird.

Verfahren nach Anspruch 18, bei dem der andere zeitliche Abschnitt der Abschnitt ist, der dem durch die priméaren
Daten reprasentierten Abschnitt direkt foigt.

Verfahren nach Anspruch 17, bei dem der andere zeitliche Abschnitt ein Abschnitt ist, der zeitlich vor jenem liegt,
der durch die primaren Daten reprasentiert wird.

Verfahren nach einem der Anspriiche 17 bis 20, bei dem in dem Zusammensetzungsschritt in jedes Paket ein
Reihenfolgencode eingebaut wird, um die zeitliche Reihenfolge der in den Paketen enthaltenen priméren Daten
anzugeben.

Verfahren nach einem der Anspriiche 17 bis 21, bei dem in dem Codierungsschritt mehrere Ausgénge, die Ver-
besserungsdaten bereitstellen, erzeugt werden, wobei aufeinander folgende Mengen von Verbesserungsdaten
aufeinander folgende Verbesserungen der Qualitdt des rekonstruierten Signals reprasentieren, und bei dem die
priméren Daten alle solchen Ausgénge enthalten und die sekundaren Daten erste Daten in Bezug auf eine gleiche
Mehrzahl anderer zeitlicher Abschnitte des Signals und eine zunehmend kieinere Anzahi von Mengen zweiter
Daten in Bezug auf jene Abschnitte enthalten.

Verfahren nach einem der Ansprlche 17 bis 22, bei dem die Signale Audiosignale sind und der Codierungsschritt
durch einen Audiosignalcodierer ausgefuhrt wird.

Verfahren nach Anspruch 23, bei dem der Codierungsschritt durch einen Teilbandcodierer ausgefiihrt wird und
bei dem die ersten Daten Daten in Bezug auf die Codiererteilb&nder mit niedrigerer Frequenz enthalten und die
zweiten Verbesserungsdaten Daten in Bezug auf Teilbdnder mit hdherer Frequenz enthalten,

Verfahren nach einem der vorhergehenden Anspriiche, bei dem die ersten Daten bindre Darsteliungen digitaler
Werte enthalten und die zweiten Daten zusétzliche Bits enthalten, die eine feinere Auflésung der digitalen Werte
reprasentieren. .

Verfahren nach Anspruch 24, bei dem der Teilband-Audiocodierer umfasst:

(a) Verwenden von Filtermitteln des Teilbandcodierers, um ein abgetastetes Audiosignal zu empfangen und
um das Signat in mehrere Teilbandsignale zu unterteilen, wovon jedes einem entsprechenden Frequenzteil-
band entspricht;

(c) Quantisieren der Teilbandsignale unter Verwendung eines Quantisierers des Teilbandcodierers;

(d) adaptives Bestimmen der Anzahl von Quantisierungspegein, die von dem Quantisierer verwendet werden,
in Abhéngigkeit von den Signalcharakteristiken unter Verwendung von Bitzuweisungsmitteln des Teilbandco-
dierers;

(e) Bereitstellen der ersten Daten an einem ersten Ausgang des Quantisierers, wobei die ersten Daten quan-
tisierte Werte fiir ein oder mehrere Teilbander enthalten;

() Bereitstellen der zweiten Daten an dem zweiten Ausgang, wobei die zweiten Daten fiir wenigstens eines
der Teilbdnder, in Bezug auf das quantisierte Werte an dem ersten Ausgang bereitgestellt werden, zuséatzliche
Verbesserungsbits enthalten, die eine weniger grobe Quantisierung der Werte fir dieses wenigstens eine
Teilband reprasentieren; und

(9) Austiihren einer ersten Zuweisungsoperation, in der den Teilbdndern eine erste vorgegebene Bit-Quote
fir den ersten Ausgang zugewiesen wird, gefolgt von einer zweiten Zuweisungsoperation, in der den Teilban-
dern eine zweite vorgegebene Bit-Quote fiir die zusétzlichen Bits an dem zweiten Ausgang zugewiesen wird.

Verfahren nach Anspruch 26, bei dem der zweite Ausgang auBerdem quantisierte Werte fiir wenigstens ein Teil-
band bereitstellt, in Bezug auf das quantisierte Werte am ersten Ausgang nicht bereitgestellt werden.

Verfahren zum Senden von Signalen, die gemaB dem Verfahren nach einem der Anspriiche 17 bis 27 codiert sind.
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Verfahren zum Verarbeiten von Signalen, wobei das Verfahren umfasst:
(a) Empfangen von Datenpaketen, wobei jedes Paket enthait:

primére Daten, die erste Daten in Bezug auf einen zeitlichen Abschnitt des Signals und zweite Verbes-
serungsdaten in Bezug auf denselben Abschnitt des Signals enthalten; und

sekundére Daten, die die ersten Daten in Bezug auf einen anderen zeitlichen Abschnitt des Signals ent-
halten;

(b) Speichern der empfangenen Pakete in einem Puffer;

(c) Lesen der primédren Daten in Bezug auf aufeinander folgende zeitliche Abschnitte des Signals aus dem
Puffer und Weiterieiten der primaren Daten zu einem Decodierer, wobei der Decodierer aus den ersten und
zweiten Daten zusammen ein rekonstruiertes Signal mit héherer Qualitat erzeugen kann;

(d) falls die priméren Daten in Bezug auf einen zeitlichen Abschnitt von Sprache in dem Puffer fehlen, statt-
dessen Lesen der sekundéren Daten in Bezug auf diesen zeitlichen Abschnitt und Weiterleiten dieser sekun-
dédren Daten zum Decodierer; und

{e) Decodieren der primédren Daten, die im Schritt (c) ausgelesen worden sind, um allein aus den ersten Daten
ein rekonstruiertes Signal zu erzeugen; oder

(f) Decodieren der sekundéren Daten, die im Schritt (d) ausgelesen worden sind, um ein rekonstruiertes Signal
zu erzeugen.

Verfahren nach Anspruch 29, bei dem in dem Fall, in dem die sekundéren Daten in Bezug auf einen zeitlichen
Abschnitt von Sprache in dem Puffer fehlen, stattdessen die zweiten Verbesserungsdaten in Bezug auf einen
anderen zeitlichen Abschnitt des Sprachsignals gelesen und zum Decodierer weitergeleitet werden.

Verfahren nach Anspruch 29 oder 30, bei dem jedes Paket einen Reihenfolgencode enthlt, um die zeitliche Rei-
henfolge der in ihm enthaltenen primaren Daten anzugeben, und das Verfahren den Schritt umfasst, bei dem die
zeitliche Reihenfolge der Pakete durch Bezugnahme auf den Reihenfolgencode unabhéangig von der tatsachlichen
Reihenfolge des Empfangs der Pakete bestimmt wird.

Verfahren nach einem der Anspriiche 29 bis 31, bei dem die Signale Audiosignale sind und der Decodierer ein
Audiosignaldecodierer ist.

Revendications

1.

Dispositif de transmission de signaux comprenant :

(a) un moyen de codage (13) pouvant étre mis en oeuvre pour engendrer une premiére sortie (B0 & B15)
fournissant des premiéres données a partir desquelles un décodeur (36) peut produire un signal reconstruit
et une seconde sortie (B16 a B31) fournissant des secondes données, et

(b) un moyen pouvant étre mis en oeuvre pour assembler des paquets de données en vue d'une transmission,

caractérisé en ce que le moyen de codage comprend un codeur pouvant &tre mis en ceuvre pour engendrer
alafoisiesdites premiére et seconde sorties, et en ce que la seconde sortie comprend des données d'amélioration,
grace auxquelles un décodeur recevant a la fois les premiéres et secondes données peut produire un signal
reconstruit de qualité supérieure, et

en ce que chaque paquet contient :

des données principales qui comprennent les premiéres données relatives & une partie de temps du signal
et les secondes données relatives a la méme partie de temps du signal, et

des données secondaires qui comprennent les premiéres données relatives & une partie de temps différente
du signal mais auxquelles il manque les secondes données relatives a cette partie.

Dispositif selon la revendication 1, dans lequel ladite partie de temps différente est une partie ultérieure a celle
représentée par les données principales.

Dispositif selon |a revendication 2, dans lequel ladite partie de temps différente est la partie qui suit directement
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la partie représentée par les données principales.

Dispositif selon la revendication 1, dans lequel ladite partie de temps différente est une partie antérieure a celle
représentée par les données principales.

Dispositif selon I'une quelconque des revendications précédentes, dans lequel le moyen d'assemblage est agencé
pour inclure dans chaque paquet un code de séquence afin d'indiquer la séquence dans le temps des données
principales contenues dans les paquets.

Dispositif selon I'une quelconque des revendications précédentes, dans lequel le codeur peut &tre mis en oeuvre
pour produire une pluralité de sorties fournissant des données d'amélioration, des ensembles successifs de don-
nées d'amélioration représentant des améliorations successives de la qualité du signal reconstruit, et dans lequel
les données principales comprennent toutes ces sorties et les données secondaires comprennent des premiéres
données relatives 8 une méme pluralité de parties de temps différentes du signal et des nombres de plus en plus
petits d'ensembles de secondes données relatives & ces parties.

Dispositif selon I'une quelconque des revendications précédentes, dans iequel les signaux sont des signaux audio
et le codeur est un codeur de signal audio.

Dispositif selon la revendication 7, dans lequel le codeur (13) est un codeur en sous-bandes dans lequel les
premigres données comprennent des données relatives aux sous-bandes de fréquences plus basses parmi les
sous-bandes du codeur et les secondes données d'amélioration comprennent des données relatives aux sous-
bandes de fréquences plus hautes.

Dispositif selon I'une quelconque des revendications précédentes, dans lequel les premieres données compren-
nent des représentations binaires de valeurs numériques et les secondes données comprennent des bits supplé-
mentaires représentant une définition plus précise desdites valeurs numériques.

Dispositif selon ia revendication 8, dans lequel le codeur audio en sous-bandes (13) comprend :

(a) un moyen'de filtre destiné a recevoir un signal audio échantillonné et a diviser le signal en une pluralité
de signaux de sous-bandes dont chacun correspond a une sous-bande de fréquences respectives,
(b) un quantificateur destiné a quantifier les signaux de sous-bandes,
(c) un moyen d'allocation de bits destiné a déterminer de fagcon adaptative le nombre des niveaux de quanti-
fication a utiliser par le quantificateur selon les caractéristiques du signal,

et ou le quantificateur comporte une premiére sortie destinée & fournir lesdites premiéres données, "
lesdites premiéres données comprenant des valeurs quantifiées pour une ou piusieurs desdites sous-bandes
et une seconde sortie destinée a fournir lesdites secondes données, lesdites secondes données comprenant,
pour au moins 'une des sous-bandes par rapport auxquelles des valeurs quantifiées sontfournies a la premiére
sortie, des bits supplémentaires d'amélioration qui représentent une quantification moins grossiére des valeurs
pour cette sous-bande ou ces sous-bandes, et ou le moyen d'allocation de bits peut éire mis en oeuvre pour
exécuter une premiére opération d'allocation dans laquelle un premier nombre prédéterminé de bits de quan-
tification pour la premiére sortie est alloué parmi les sous-bandes, suivie par une seconde opération d'alloca-
tion dans laquelle un second nombre prédéterminé de bits de quantification, pour les bits supplémentaires a
ia seconde sortie, est alloué pami les sous-bandes. :

Dispositif selon ia revendication 10, dans lequel la seconde sortie fournit également des valeurs quantifiées pour
au moins une sous-bande par rapport a laquelle les valeurs quantifiées ne sont pas fournies a la premiére sortie.

Dispositif selon la revendication 10 ou 11, dans lequel le quantificateur comporte au moins une autre sortie, ol la
seconde sortie et les sorties suivantes fournissent dans chaque cas des valeurs pour les sous-bandes qui ne sont
représentées au niveau d'aucune sortie d'ordre plus bas et/ou fournissent des bits supplémentaires pour les sous-
bandes qui sont représentées au niveau d'une sortie d'ordre plus bas, et dans lequel le moyen d'allocation de bits
peut étre mis en oeuvre pour exécuter un certain nombre d'opérations d'aliocation égales en nombre au nombre
de sorties, dont chacune sert a allouer, pour cette sortie, un nombre de bits de quantification respectif parmi les
sous-bandes.

Dispositif récepteur de signaux comprenant :
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(a) un moyen de réception de paquets de données,

(b) une mémoire tampon (31) destinée a mémoriser les paquets regus,
(c) un décodeur (36), et

(d) un moyen de commande (35),

caractérisé en ce que chaque paquet regu contient :

des données principales qui comprennent des premiéres données relatives a une partie de temps du signal
et des secondes données d'amélioration relatives a ta méme partie du signal, et

des données secondaires qui comprennent les premiéres données relatives a une partie de temps différente
du signal,

et en ce que le décodeur est apte & produire un signal reconstruit & partir des seules premiéres données et
apte a produire un signal reconstruit de qualité supérieure & partir des premigres et secondes données en-
semble,

et en ce que le moyen de commande peut étre mis en oeuvre pour lire, & partir de la mémoire tampon, les
données principales relatives & des parties de temps successives du signal et les retransmettre au décodeur,
et dans le cas ol les données principales relatives a une partie de temps du signal vocal sont absentes de la
mémoire tampon, pour lire & la place les données secondaires relatives a cette partie de temps et les retrans-
mettre au décodeur.

14. Dispositif selon la revendication 13, dans lequel le moyen de commande peut étre mis en oeuvre pour lire, dans

15
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17.

18.

19.
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ledit cas ol les données secondaires relatives a une partie de temps du signal vocal sont absentes de la mémoire
tampon, les secondes données d'amélioration relatives a une partie de temps différente du signal vocal et les
retransmettre au décodeur.

Dispositif selon la revendication 13 ou 14, dans lequel chaque paquet contient un code de séquence afin d'indiquer
la séquence dans le temps des données principales qu'il contient, et le moyen de commande peut étre mis en
oeuvre pour déteminer la séquence dans le temps des paquets en faisant référence au code de séquence, indé-
pendamment de l'ordre de réception réel des paquets.

Dispositif seion 'une queiconque des revendications 13 a 15, dans lequel les signaux sont des signaux audio et
le décodeur est un décodeur de signal audio. .

Procédé de codage de signaux en vue d'une transmission, le procédé comprenant :

(a) le codage d'un signal pour engendrer une premiére sortie fournissant des premiéres données a partir
desquelles un décodeur peut produire un signal reconstruit et une seconde sortie fournissant des secondes
données, et

(b) 'assemblage de paquets de données en vue d'une transmission,

caractérisé en ce que la seconde sortie comprend des données d'amglioration, grace auxquelles un déco-
deurrecevant a lafois les premiéres et secondes données peut produire un signal reconstruit de qualité supérieure,
et en ce que chaque paquet contient :

des données principales qui comprennent les premiéres données relatives & une partie de temps du signal
et les secondes données relatives a la méme partie du signal, et

des données secondaires qui comprennent les premiéres ' données relatives a une partie de temps différente
du signal mais auxquelles il manque les secondes données relatives a cette partie.

Procédé selon la revendication 17, dans lequel ladite partie de temps différente est une partie ultérieure a celle
représentée par les données principales.

Procédé selon la revendication 18, dans lequel ladite partie de temps différente est la partie qui suit directement
la partie représentée par les données principales.

Procédé selon la revendication 17, dans lequel ladite partie de temps différente est une partie antérieure i celle
représentée par les données principales.
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Procédé selon I'une quelconque des revendications 17 a 20, dans lequel, au cours de I'étape d'assemblage, un
code de séquence est inclus dans chaque paquet afin d'indiquer la séquence dans le temps des données princi-
pales contenues dans les paquets.

Procédé selon 'une quelconque des revendications 17 a 21, dans lequel, au cours de I'étape de codage, une
pluralité de sorties fournissant des données d'amélioration sont produites, des ensembles successifs de données
d'amélioration représentant des améliorations successives de la qualité du signal reconstruit, et dans lequel les
données principales comprennent toutes ces sorties et les données secondaires comprennent des premieres
données relatives a une méme pluralité de parties de temps différentes du signal et des nombres de plus en plus
petits d'ensembles de secondes données relatives & ces parties.

Procédé selon I'une quelconque des revendications 17 a 22, dans lequel les signaux sont des signaux audio et
I'étape de codage est exécutée par un codeur de signal audio.

Procédé selon la revendication 23, dans lequel ['étape de codage est exécutée par un codeur en sous-bandes,
dans lequel les premiéres données comprennent des données relatives aux sous-bandes de fréquences pius
basses pami les sous-bandes du codeur, et les secondes données, d'amélioration, comprennent des données
relatives aux sous-bandes de fréquences plus hautes.

Procédé selon I'une quelconque des revendications précédentes, dans lequel les premiéres données comprennent
des représentations binaires de valeurs numériques et les secondes données comprennent des bits supplémen-
taires représentant une définition plus précise desdites valeurs numériques.

Procédé selon la revendication 24, dans lequel le codeur audio en sous-bandes comprend :

(a) l'utilisation d'un moyen de filtre du codeur en sous-bandes afin de recevoir un signal audio échantillonné
et de diviser le signal en une pluralité de signaux de sous-bandes dont chacun correspond a une sous-bande
de fréquences respective, '

(c) la quantification des signaux de sous-bandes en utilisant un quantificateur du codeur en sous-bandes,
(d) la détemmination, de fagon adaptative, en utilisant un moyen d'allocation de bits du codeur en sous-bandes,
du nombre des niveaux de quantification a utiliser par le quantificateur selon les caractéristiques du signal,
(e) la fourniture, & une premiére sortie du quantificateur, desdites premiéres données, lesdites premiéres don-
nées comprenant des valeurs quantifiées pour une ou plusieurs desdites sous-bandes,

(f) la fourniture, & une seconde sortie desdites secondes données, lesdites secondes données comprenant,
pour au moins l'une des sous-bandes pour laquelle des valeurs quantifiées sont fournies a la premiére sortie,
des bits supplémentaires d'amélioration représentant une quantification moins grossiere des valeurs pour
cette sous-bande ou ces sous-bandes, et

(g) l'exécution d'une premiére opération d'allocation dans laguelle un premier nombre prédéterminé de bits
de quantification pour la premiére sortie est alloué parmi les sous-bandes, suivie par une seconde opération
d'allocation dans laquelle un second nombre prédéterminé de bits de quantification, pour les bits suppiémen-
taires a la seconde sortie, est alloué parmi les sous-bandes.

Procédé selon la revendication 26, dans lequel la seconde sortie fournit également des valeurs quantifiées pour
au moins une sous-bande par rapport a laquelle les valeurs quantifiées ne sont pas fournies a la premiére sortie.

Procédé de transmission de signaux codés conformément au procédé selon l'une quelconque des revendications
17 4 27. :

Procédé de traitement de signaux, le procédé comprenant :

(a) la réception de paquets de données, chaque paquet contenant

des données principales qui comprennent des premiéres données relatives a une partie de temps du
signal et des secondes données, d'amélioration, relatives & la méme partie du signal, et

des données secondaires qui comprennent ies premiéres données relatives & une partie de temps dif-
férente du signal,
(b) la mémorisation des paquets recus dans une mémoire tampon,
(c) la lecture, a partir de la mémoire tampon, des données principales relatives a des parties de temps suc-
cessives du signal et la retransmission des données principales a un décodeur, lequel décodeur est apte a
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produire un signal reconstruit de qualité supérieure a partir des premieres et secondes données ensemble,
(d) dans le cas ol les données principales relatives & une partie de temps du signal vocal sont absentes de
la mémoire tampon, la lecture, & la place, des données secondaires relatives a cette partie de temps et leur
retransmission au décodeur, et

(e) le décodage des données principales lues a I'étape (c) afin de produire un signal reconstruit & partir des
seules premieres données, ou ,

(f) le décodage des données secondaires lues & |'étape (d) afin de produire un signal reconstruit.

Procédé selon la revendication 29, dans lequel, 'dans ledit cas oU les données secondaires relatives a une partie
de temps du signal vocal sont absentes de la mémoire tampon, le procédé comprend la lecture des secondes
données, d'amélioration, relatives a une partie de temps. différente du signal vocal et leur retransmission au dé-
codeur.

Procédé selon la revendication 29 ou 30, dans lequel chague paquet contient un code de séquence afin d'indiquer
la séquence dans le temps des données principales qu'il contient et le procédé comprend I'étape consistant a
déterminer la séquence dans le temps des paquets en faisant référence au code de séquence, indépendamment
de l'ordre de réception réel des paquets.

Procédé selon I'une quelconque des revendications 29 a 31, dans lequel les signaux sont des signaux audio et le
décodeur est un décodeur de signal audio. ’
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