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(57) A method for coding a stereo audio signal, com-
posed of its two components comprising afirstinput audio
signal (1) and asecond input audio signal (2), into asingle
composite audio signal (3), comprising the steps of:

- averaging said first input audio signal (1) and said sec-
ond input audio signal (2) into an averaged audio signal
4.9),

- determining a first coding information (7) by comparing
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Method and apparatus for coding/decoding a stereo audio signal into a mono audio signal

said averaged audio signal (4, 9) to said first input audio
signal (1),

- determining a second coding information (8) by com-
paring said averaged audio signal (4, 9) to said second
input audio signal (2),

- embedding said first and second coding information (7,
8) into said averaged audio signal (4, 9) to obtain the
composite audio signal (3).
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Description

[0001] The technical domain of the invention is the do-
main of transmission of audio signal, and particularly ster-
eo audio signal.

[0002] More particularly, the invention concerns a
method to code and decode a stereo audio signal, com-
prising two separate audio signals into a single composite
audio signal, in order to transmit it over a single link de-
signed to transmit a mono audio signal.

[0003] During a communication through a communi-
cation system e.g. phone communication, be it RTC,
TDM or IP, an audio signal, such as voice, music or any
other sound, is generally transmitted in mono, over a sin-
gle audio link between users. This leads to a loss of a
real spatial dimension in which each user is moving and
can be a source of involuntary weariness. Furthermore,
a stereo audio signal can be a really interesting feature
to enhance user hearing and for services such as e.g.
vocal message, voice guide, music on hold, conferencing
system and so on.

[0004] However, a stereo audio signal comprises two
audio signals, and would then need twice the amount of
capacities to be transmitted. Moreover, most of the ex-
isting systems are designed to manage and to transmit
only single mono signals.

[0005] The idea of the invention is then to use an ex-
isting mono audio link to transmit a stereo audio signal.
This needs a special coding of the stereo audio signal,
composed of a first input audio signal and a second input
audio signal, into a single composite audio signal.
[0006] The invention thus concerns a method for cod-
ing a stereo audio signal, composed of its two compo-
nents comprising a first input audio signal and a second
input audio signal, into a single composite audio signal,
comprising the steps of:

- averaging said first input audio signal and said sec-
ond input audio signal into an averaged audio signal,

- determining a first coding information by comparing
said averaged audio signal to said first input audio
signal,

- determining a second coding information by com-
paring said averaged audio signal to said second
input audio signal,

- embedding said first and second coding information
into said averaged audio signal to obtain a composite
audio signal.

[0007] According to another feature of the invention,
an adaptative filter may be used to determine said first
and second coding information.

[0008] According to another feature of the invention,
the signal may be digitalised applying G.711 codec and
arranged into bytes using HDLC protocol, and the first
and second coding information may be embedded by
replacing the less significant bit of some of said bytes.
[0009] The invention also concerns a corresponding
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method for decoding a stereo audio signal, from a single
composite audio signal, into its two components com-
prising a first output audio signal and a second output
audio signal, comprising the steps of:

- separating first and second coding information em-
bedded into said composite audio signal out of said
composite audio signal, to extract said first and sec-
ond coding information and a central audio signal,

- synthesising said first output audio signal out of said
first coding information and said central audio signal,

- synthesising said second output audio signal out of
said second coding information and said central au-
dio signal.

[0010] The invention also concerns a transmitter able
to code and transmit such a stereo audio signal.

[0011] The invention also concerns a receiver able to
receive and decode such a stereo audio signal.

[0012] The invention also concerns a transmitting sys-
tem comprising said transmitter and said receiver.
[0013] The proposed solution advantageously offers
the capability to transmit a stereo signal over a mono
audio transmitting link.

[0014] Another advantage of the proposed solution is
to offer transparency in that a classical mono receiver
can receive said stereo signal coded as a composite au-
dio signal and still proceed to retrieve an audio signal.
[0015] Others features, details and advantages of the
invention will become more apparent from the detailed
illustrating description given hereafter with respect to the
drawings on which:

- figure 1 is a synoptic of the coding/emitting stage,

- figure 2is a synoptic of the receiving/decoding stage,

- figure 3 is a synoptic detailing a particular embodi-
ment of a part of the coding/emitting stage,

- figure 4 is a synoptic detailing a particular embodi-
ment of a part of the receiving/decoding stage.

[0016] According to figure 1, presenting a synoptic of
the coding stage, a stereo audio signal, initially com-
posed of its two components comprising afirstinput audio
signal 1 and a second input audio signal 2, is coded into
a single composite audio signal 3. Said composite audio
signal 3 is tailored to be transmitted over an audio link or
channel able to transmit a mono audio signal. Said coding
can be made by following several steps.

[0017] In a first step, the two input audio signals 1, 2
are averaged into an averaged audio signal 4. The av-
eraged audio signal 4 is preferably an audio signal of the
samekind asthe twoinputaudio signals 1, 2. Forinstance
it is preferably an analogical signal if the input signals 1,
2 are analogical signals, anditis preferably a digital signal
iftheinput signals 1, 2 are digital signals. It also preferably
shares with the input signals 1, 2, the same bandwidth
or coding scheme. Said averaged audio signal 4 may be
obtained by adding the two signals 1, 2, and dividing the
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result by two. Said averaging operation realised by av-
eraging module 20 can be done analogically or digitally.
[0018] In asecond step, each initial input audio signal
1, 2, is compared to said averaged audio signal 4. A first
comparator/analyser 21 compares said averaged audio
signal 4 to said first input audio signal 1. From that com-
parison it determines a first coding information 7, repre-
sentative of the first input audio signal 1 or of the differ-
ence signal 5 obtained by subtracting the averaged signal
4 out of the first input audio signal 1. A second compa-
rator/analyser 22 similarly, compares said averaged au-
dio signal 4 to said second input audio signal 2. From
that comparison it determines a second coding informa-
tion 8, representative of the second input audio signal 2
or of the difference signal 6 obtained by subtracting the
averaged signal 4 out of the second input audio signal 2.
[0019] Eachofsaidfirstand second coding information
7, 8, may be either analogical or digital. However it is
advantageously in a form that takes less occupancy/
bandwidth/size, than the initial input audio signal 1, 2, in
order to ease the following embedding step, but none-
theless containing the essential features of each respec-
tive original input audio signal 1, 2, so as to be able to
synthesise said original signals out of said coding infor-
mation 7, 8, during a further decoding stage. The com-
paring/analysing operations can be done either analog-
ically or digitally.

[0020] In a third step, the now reduced coding infor-
mation 7, 8, respectively representative of the input audio
signals 1, 2, or of the two difference signals 5, 6, are
embedded into the averaged audio signal 4. Said oper-
ation is done by an embedding module 25. The resulting
signal 3 is the composite audio signal 3. Said composite
audio signal 3 is preferably an audio signal of the same
kind as the difference signals 5, 6 or the averaged audio
signal 4. It can be either an analogical signal or a digital
signal. Depending on the ingress signals 4, 7, 8, the em-
bedding operation can be done either analogically or dig-
itally.

[0021] Many ways can be used to analyse said input
audio signals 1, 2, or said difference signals 5, 6, into
first and second coding information 7, 8.

[0022] One preferred embodiment advantageously
uses adaptative filtering and will be described with refer-
ence to figure 3, showing a zoomed view of the compa-
rator/analyser modules 21 and 22 of figure 1. An upper
first comparator/analyser 21 determines a first coding in-
formation 7 as output. It receives as input the first input
audio signal 1 and the averaged audio signal 4. A first
comparator 40 determines a first difference signal 5 by
subtracting said first input audio signal 1 out of said av-
eraged audio signal 4. Said first difference signal 5 is
feedback into a first adaptative filter 42 to adapt its filter-
ing. Said first adaptative filter 42 is used to filter the av-
eraged audio signal 4. Said first filter 42 is self adapted
to reach its optimum value to get its output signal very
close to the first input audio signal 1, in order to get the
first difference signal 5 very close to zero. The signal 7
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obtained at output of the first comparator 40 is used as
the first coding information 7.

[0023] Similarly, a lower second comparator/analyser
22 determines a second coding information 8 as output.
It receives as input the second input audio signal 2 and
the averaged audio signal 4. A second comparator de-
termines a second difference signal 6 by subtracting said
second input audio signal 2 out of said averaged audio
signal 4. Said second difference signal 6 is feedback into
a second similar adaptative filter 43 to adapt its filtering.
Said second adaptative filter 43 is used to filter the av-
eraged audio signal 4. Said second filter 43 is self adapt-
ed to reach its optimum value to get its output signal very
close to the second input audio signal 2, in order to get
the second difference signal 6 very close to zero. The
signal 8 obtained at output of the second comparator is
used as the second coding information 8. In a digital em-
bodiment, said adaptative filters 42, 43, are advanta-
geously initialised to zero at start-up. Said adaptative fil-
ters 42, 43, may be based either on least mean square,
LMS, family or on recursive least square, RLS, family
kind of adaptative filters.

[0024] Said first comparator/analyser module 21, re-
spectively second comparator/analyser module 22, may
also comprises, between the output of said comparator
40 and the branching of a feedback line 44, an additional
quantifier 41. The aim of said quantifier 41 is to drastically
reduce the occupancy of its output signal with respect to
its input signal, by compressing the first difference signal
5, respectively the second difference signal 6, into the
first coding information 7, respectively the second coding
information 8. This may be done by analogically or dig-
itally compressing and/or digitalising said signal.

[0025] In a digital embodiment, said quantifier 41 is
used to reduce the number of bits used to code the coding
signal 7, 8. This is possible because the signal should
be close to zero. The coding signal 7, 8, may be coded
using very few bits. The convergence time of the adap-
tative filters 42, 43, depends on the number of bits used
to code the coding signal 7, 8. 2x40 bits can then be
enough to code the coding signals 7, 8, of two channels
of a stereo audio signal, as shown in a later described
digital embodiment.

[0026] Another possible embodiment of the determin-
ing/analysing step comprises spectral analysis of the dif-
ference signal 5, 6, thus producing a decomposition over
a given set of frequencies. Since said frequencies are
given or predefined in accordance with the decoding
stage, the coefficients of said decomposition may be suf-
ficient to wholly define the difference signal 5, 6. Said
coefficients may be retained as the coding information
7, 8.

[0027] The first and second coding information 7, 8,
whatever their shape or kind, are then embedded into
the averaged audio signal 4, by replacing a removed part
of said averaged audio signal 4. Said removed or re-
placed part of the averaged audio signal 4 is advanta-
geously chosen among a least significant part of said
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averaged audio signal 4.

[0028] Due to that feature, the removed, and modified
by the insertion of coding information 7, 8, part of the
averaged signal 4, thus lacking at the decoding stage,
would not impact to much the signal when decoded and
rendered.

[0029] Another important advantage of said feature is
that the eventual decoding of a so coded signal by a
classical, e.g. existing prior art mono, receiver remains
possible without too much distorting the audio signal.
This provides a transparency of the method which allows
a progressive deployment of the invention, where the old
existing mono receivers can remain in service.

[0030] The embedding step can be done analogically
by including a signal coding said first and second coding
information 7, 8, into the averaged signal 4. In the ana-
logical case, the least significant part of the signal may
be e.g. a frequency not used by the signal, such as a non
audible frequency, however contained in the bandwidth
of the transmitting/receiving link.

[0031] It is important to notice that the invention may
be carried over either analogically or digitally. When re-
ferring to figure 1, digitalisation of signal can be done as
early as at input stage, applying to input audio signals 1,
2, or as late as at output stage, applying to composite
audio signal 3, or at any stage in between. For instance,
on figure 1, the digitalisation is applied by a digitalisation
module 26 on an averaged audio signal 4 to produce a
digitalised averaged audio signal 9.

[0032] The embedding step can also be done digitally
by including some bits coding the first and second coding
information 7, 8, into the bits coding the averaged signal
9. Inthe digital case, the least significant part of the signal
9 is some of the least significant bits.

[0033] According to a preferred embodiment of the in-
vention, the digitalisation is made using G.711 codec,
and before the transmission the digitalised signal 9 is
arranged according to HDLC protocol into bytes. Since
the G.711 codec uses a rather large bandwidth, the least
significant bit of each of said bytes is quite not relevant
to the so coded audio signal. In a HDLC frame, said least
significantbits, may then be considered a least significant
part of the signal and may be used to code the first and
second coding information 7, 8. The resulting composite
audio signal 3 comprising the averaged audio signal 9
and so embedded first and second coding information 7,
8, is thus not modified in its size/type and can be trans-
mitted as it previously used to be over one single mono
transmitting link. Moreover, it is quite unaffected audio-
phonically when decoded and rendered.

[0034] For instance, a 20 ms G.711 frame comprises
a payload of 160 bytes. This could provide at most 160
least significant bits that could be used to embed first and
second coding information 7, 8. When using HDLC pro-
tocol, this number decreases to 126 due to protocol bytes.
This is rather enough to embed first and second coding
information 7, 8, comprising 8 coefficients with 5 bits of
precision each for two difference signals 5, 6, that is:
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8*5*2 = 80 bits.

[0035] Said preferred embodiment is particularly ad-
vantageous since the G.711 codec is used for public
switched telephone network, PSTN, for integrated serv-
ices data network, ISDN and also for voice transport over
IP networks with little compression. The invention may
then directly be applied to these applications.

[0036] Said coding scheme may obviously be imple-
mented in a transmitter for transmitting said stereo audio
signal, before a transmitting module that only needs to
be able to transmit a single mono audio signal, since the
composite audio signal 3 presents all the characteristics
of a mono audio signal.

[0037] Said coding stage may be advantageously
used in conjunction with a corresponding decoding stage
described now with reference to figure 2.

[0038] When receiving a so coded composite audio
signal 3, the aim is to retrieve the two components of the
initial stereo audio signal. This can be done applying the
following steps.

[0039] In afirst step, the first and second coding infor-
mation 7, 8, embedded into the composite audio signal
3 are separated out of said composite audio signal 3.
Said separation step, which may be realised by a sepa-
rating module 30, extracts first and second coding infor-
mation 7, 8, on one side, and a central audio signal 10,
11, on the other side. The method used here to separate
depends on the corresponding method used to embed,
and is its corresponding reverse method. Said central
audio signal 10, 11, generally compares to the averaged
audio signal 4, 9, of the coding stage.

[0040] In a second step, e.g. respectively realized by
afirst synthesising module 34 and a second synthesising
module 35, a first output audio signal 14 and a second
output audio signal 15 are synthesised respectively out
of first and second coding information 7, 8. Said synthe-
sising step is made applying a process reverse from the
one uses in the comparing/analysing step of the coding
stage.

[0041] The thus obtained first output audio signal 14
and second output audio signal 15, normally compare
respectively to the first input audio signal 1 and to the
second input audio signal 2 inputted in the coding stage.
[0042] As noted for the coding stage, all steps of the
decoding stage may indifferently apply to either analog-
ical signals of digital signals, and may be done either
analogically or digitally.

[0043] Forinstance, figure 2 illustrates a digital to an-
alogical converter 31 for converting a digital central audio
signal 10 into an analogical central audio signal 11.
[0044] Obviously, the steps of the decoding stage must
correspond to those of the coding stage. If first and sec-
ond coding information 7, 8, embedded into the compos-
ite audio signal 3, were coefficients coded from adapta-
tive filtering, said coefficients are retrieved during the
separating step of the decoding stage, and are then used
accordingly, in synthesise step, to synthesise the two out-
put audio signals 14, 15, out of said coefficients 7, 8. The
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synthesising step corresponding to the analysing step of
the coding process described with reference to figure 3,
will now be described with reference to figure 4.

[0045] Figure 4 shows in detail the synthesising mod-
ules 34 and 35 of figure 2, in an embodiment adapted to
decode the first and second coding information 7, 8, when
said first and second coding information 7, 8, were ob-
tained, at coding stage, through adaptative filtering, as
previously described.

[0046] An upper first synthesiser 34 determines a first
output audio signal 14 as output. It receives as input the
first coding information 7 and the central audio signal 10,
11. A first adaptative filter 45 filters said central audio
signal 10, 11, the first adaptative filter 45 being adapted
by said first coding information 7. Since the coding proc-
ess produced said first coding information 7 as previously
described, said filtering adapted by said first coding in-
formation 7, synthesises at its output a first output audio
signal 14. At start-up the adaptative filter 45 is initialised
to zero. Since it uses the same central audio signal 10,
11 as input and the same signal 7 for adaptation, the
resulting output signal 14 compares to the firstinput audio
signal 1, when convergence of filters are good.

[0047] Similarly, a lower second synthesiser 35 deter-
mines a second output audio signal 15 as output. It re-
ceives as input the second coding information 8 and the
central audio signal 10, 11. A second adaptative filter 46
filters said central audio signal 10, 11, the second adap-
tative filter 46 being adapted by said second coding in-
formation 8. Since the coding process produced said sec-
ond coding information 8 as previously described, said
filtering adapted by said second coding information 8,
synthesises at its output a second output audio signal
15. At start-up the adaptative filter 46 is initialised to zero.
Since it uses the same signal 10, 11 as input and the
same signal 8 for adaptation, the resulting output signal
15 compares to second input audio signal 2, when con-
vergence of filters are good.

[0048] Said adaptative filters 45, 46, may be based
either on LMS family or on RLS family kind of adaptative
filters.

[0049] It will be apparent to those skilled in the art, that
the process would benefit of said first adaptative filter 45
used for decoding being identical to the first adaptative
filter 42 used to code the first input audio signal 1 into
said composite audio signal 3, and of said second adap-
tative filter 46 used for decoding being identical to the
second adaptative filter 43 used to code the second input
audio signal 2 into said composite audio signal 3.
[0050] AIll of said previously described decoding
schemes may obviously be implemented in a receiver of
said stereo audio signal, after a receiving module, able
to receive the composite audio signal 3, as a single mono
audio signal, decoding it so as to provide the first output
audio signal 14 and the second output audio signal 15,
components of said stereo audio signal.

[0051] Said two output audio signals 14, 15, may then
be audiophonically rendered by any known stereo player
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such as a pair of loudspeakers or a stereo headset gen-
erally reproducing the initial stereo signal composed of
the two input audio signals 1, 2. In fact, the only differ-
ences are only caused by the process losses.

Claims

1.  Amethod for coding a stereo audio signal, composed
of its two components comprising a first input audio
signal (1) and a second input audio signal (2), into a
single composite audio signal (3), characterised in
that it comprises the steps of:

- averaging said first input audio signal (1) and
said second input audio signal (2) into an aver-
aged audio signal (4, 9),

- determining a first coding information (7) by
comparing said averaged audio signal (4, 9) to
said first input audio signal (1),

- determining a second coding information (8)
by comparing said averaged audio signal (4, 9)
to said second input audio signal (2),

- embedding said first and second coding infor-
mation (7, 8) into said averaged audio signal (4,
9) to obtain the composite audio signal (3).

2. The method of claim 1, wherein said determining a
first coding information (7) step adaptatively filters
said averaged audio signal (4, 9) through a first ad-
aptative filter (42) in order to zeroing afirst difference
signal (5), obtained by subtracting said first input au-
dio signal (1) out of said averaged audio signal (4,
9), the first coding information (7) being said first dif-
ference signal (5), and wherein said determining a
second coding information (8) step adaptatively fil-
ters said averaged audio signal (4, 9) through a sec-
ond adaptative filter (43) in order to zeroing a second
difference signal (5), obtained by subtracting said
second input audio signal (2) out of said averaged
audio signal (4, 9), the second coding information
(8) being said second difference signal (8).

3. The method of claim 2, wherein each determining
step respectively further comprises:

- quantifying said first (5), respectively second
(6), difference signal in order to compress said
difference signal (5, 6), the first (7), respectively
second, coding information (8), being said first
(5), respectively second, difference signal (6)
compressed.

4. The method of any one of claims 1 to 3, wherein said
embedding step comprises replacing into said aver-
aged audio signal (4, 9) a least significant part of the
signal by said first and second coding information
(7, 8).
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The method of claim 4, wherein the averaged audio
signal (4) is digitalised, and wherein said least sig-
nificant part of the signal comprises some less sig-
nificant bits of said digitalised signal (9).

The method of claim 5, wherein said digitalisation
applies G.711 codec and arranges the digitalised
signal (9) into bytes using HDLC protocol, and
wherein said least significant part of the signal com-
prises the less significant bit of some of said bytes.

A composite audio signal (3) characterised in that
it is produced by the method for coding according to
any one of claims 1 to 6.

A method for decoding a stereo audio signal, from a
single composite audio signal (3), into its two com-
ponents comprising a first output audio signal (14)
and a second output audio signal (15), character-
ised in that it comprises the steps of:

- separating first and second coding information
(7, 8) embedded into said composite audio sig-
nal (3) out of said composite audio signal (3), to
extract said first and second coding information
(7, 8) and a central audio signal (10, 11),

- synthesising said first output audio signal (14)
out of said first coding information (7) and said
central audio signal (10, 11),

- synthesising said second output audio signal
(15) out of said second coding information (8)
and said central audio signal (10, 11).

The method of claim 8, wherein synthesizing said
first output audio signal (14) step adaptatively filters
said central audio signal (10, 11) through a first ad-
aptative filter (45) adapted by said first coding infor-
mation (7), and wherein synthesizing said second
output audio signal (15) step adaptatively filters said
central audio signal (10, 11) through a second ad-
aptative filter (46) adapted by said second coding
information (8).

The method of claim 9, wherein said first adaptative
filter (45) is identical to a first adaptative filter (42)
used to code a first input audio signal (1) into said
composite audio signal (3), and wherein said second
adaptative filter (46) is identical to a second adapta-
tive filter (43) used to code a second input audio sig-
nal (2) into said composite audio signal (3).

A transmitter able to transmit a stereo audio signal,
composed of a first input audio signal (1) and a sec-
ond input audio signal (2), as a single composite au-
dio signal (3), characterised in that it comprises
means for implementing the steps of the coding
method of any one of claims 1 to 6 and transmitting
means for transmitting said composite audio signal
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12.

13.

(3).

A receiver able to receive a stereo audio signal,
transmitted as a single composite audio signal (3),
and to deliver its components comprising a first out-
put audio signal (14) and a second output audio sig-
nal (15), characterised in that it comprises receiv-
ing means for receiving said composite audio signal
(3) and means for implementing the steps of the de-
coding method of any one of claims 8 to 10.

A communication system able to transmit a stereo
audio signal, composed of a first input audio signal
(1) and a second input audio signal (2), as a single
composite audio signal (3), and to deliver its com-
ponents comprising a first output audio signal (14)
and a second output audio signal (15), a transmitter
according to claim 11 and a receiver according to
claim 12.
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