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APPARATUS

FIELD OF THE INVENTION

[0001] The present invention relates to apparatus for coding
of'audio and speech signals. The invention further relates to,
but is not limited to, apparatus for coding of audio and speech
signals in mobile devices.

BACKGROUND OF THE INVENTION

[0002] Spatial audio processing is an effect of an audio
signal emanating from an audio source arriving at the left and
right ears of a listener via different propagation paths. As a
consequence of this effect the signal at the left ear will typi-
cally have a different arrival time and signal level to that of the
corresponding signal arriving at the right ear. The difference
between the times and signal levels are functions of the dif-
ferences in the paths by which the audio signal travelled in
order to reach the left and right ears respectively. The listen-
er’s brain then interprets these differences to give the percep-
tion that the received audio signal is being generated by an
audio source located at a particular distance and direction
relative to the listener.

[0003] An auditory scene therefore may be viewed as the
net effect of simultaneously hearing audio signals generated
by one or more audio sources located at various positions
relative to the listener.

[0004] As the human brain can process a binaural input
signal (such as provided by a pair of headphones) in order to
ascertain the position and direction of a sound source may be
used to code and synthesise auditory scenes. A typical method
of spatial auditory coding attempts to model the salient fea-
tures of an audio scene. This normally entails purposefully
modifying audio signals from one or more different sources in
order to generate left and right audio signals. In the art these
signals may be collectively known as binaural signals. The
resultant binaural signals may then be generated such that
they give the perception of varying audio sources located at
different positions relative to the listener.

[0005] Recently, spatial audio techniques have been used in
connection with multi-channel audio reproduction. Multi-
channel audio reproduction provides efficient coding of multi
channel audio signals typically two or more (a plurality) of
separate audio channels or sound sources. Recent approaches
to the coding of multichannel audio signals have centred on
parametric stereo (PS) and Binaural Cue Coding (BCC)
methods.

[0006] BCC methods typically encode the multi-channel
audio signal by down mixing the various input audio signals
into either a single (“sum”) channel or a smaller number of
channels conveying the “sum” signal. The BCC methods then
typically employ a low bit rate audio coding scheme to
encode the sum signal or signals.

[0007] In parallel, the most salient inter channel cues, oth-
erwise known as spatial cues, describing the multi-channel
sound image or audio scene are extracted from the input
channels and coded as side information.

[0008] Both the sum signal and side information form the
encoded parameter set can then either be transmitted as part of
a communication link or stored in a store and forward type
device.

[0009] The BCC decoder then is capable of generating a
multi-channel output signal from the received or stored sum
signal and spatial cue information.
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[0010] Further information regarding typical BCC tech-
niques can be found in the following IEEE publication Bin-
aural Cue Coding—Part II Schemes and Applications in
IEEE Transactions on Speech and Audio Processing, Vol. 11,
No 6, November 2003 by Baumgarte, F. and Faller, C.
[0011] As described above the down mix signals employed
in spatial audio coding systems are typically encoded using
low bit rate perceptual audio coding techniques such as the
ISO/IEC Moving Pictures Expert Group Advanced Audio
Coding standard to attempt to reduce the required bit rate.
[0012] In typical implementations of spatial audio multi-
channel coding the set of spatial cues may include an inter
channel level difference parameter (ICLD) which models the
relative difference in audio levels between two channels, and
an inter channel time delay value (ICTD) which represents
the time difference or phase shift of the signal between the
two channels. The audio level and time differences are usually
determined for each channel with respect to a reference chan-
nel. Alternatively some systems may generate the spatial
audio cues with the aide of head related transfer function
(HRTF). Further information on such techniques may be
found in The Psychoacoustics of Human Sound Localization
by J. Blaubert and published in 1983 by the MIT Press.
[0013] Another approach for representing inter channel
audio cues uses a technique known as Uniform Domain
Transformation (UDT). This approach attempts to model the
multichannel audio signal as a set of vectors emanating from
a number of audio sources, or audio channels. Each audio
signal vector is then transformed from a physical or perceived
auditory space to a mathematical defined space known as the
unified domain. This transformation is typically performed in
the form of a matrix operation, whereby the coefficients of the
matrix are formed by considering the relative phase and pan-
ning coefficient for each audio vector. The effect in the audi-
tory space of this transformation or mapping process is to
rotate and project each vector such that it is aligned to a single
principal component vector.

[0014] The UDT technique is akin to the signal processing
technique known as Principal Component Analysis (PCA). In
a UDT audio encoder the inter channel audio cues are repre-
sented by the parameters of the transformation matrix, and the
down mixed sum signal is represented as the principal com-
ponent vector. In fact the audio signal phase and panning
components used to form the coefficients of the UDT trans-
formation matrix are related respectively to the ICTD and
ICLD parameters used within a conventional BCC coder. A
more thorough treatment of unified domain audio processing
may be found in the Audio Engineering Society journal
article “Multichannel Audio Processing Using a Unified
Domain Representation” by K. Short R. Garcia and M.
Daniels, Vol. 55, No 3 Mar. 2007.

[0015] Although ICLD and ICTD parameters represent the
most important spatial audio cues, spatial representations
using these parameters may be further enhanced with the
incorporation of an inter channel coherence (ICC) parameter.
By incorporating such a parameter into the set of spatial audio
cues the perceived spatial “diffuseness” or conversely the
spatial “compactness” may be represented in the recon-
structed signal.

[0016] Prior art methods of calculating ICTD values
between each channel of a multichannel audio signal have
been primarily focussed on calculating an optimum delay
value between two separate audio signals. For instance the
PCT patent application publication number WO 2006/
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060280 teaches a method based upon the calculation of the
normalised cross correlation between two audio signals. The
normalised cross correlation function is a function of the time
difference or delay between the two audio signals. The prior
art proposes calculating the normalised cross correlation
function for a range of different time delay values. The ICTD
value is then determined to be the delay value associated with
the maximum normalised cross correlation.

[0017] Furthermore the PCT application teaches that the
two audio signals are partitioned into audio processing
frames in the time domain and then further partitioned into
sub bands in the frequency domain. The spatial audio param-
eters, for example the ICTD values are calculated for each of
the sub bands within each audio processing frame.

[0018] Prior art methods for determining ICTD values are
typically memoryless, in other words calculated within the
time frame of an audio processing frame without considering
ICTD values from previous audio processing frames. It has
been identified in a co-pending application (PWF Ref Num-
ber 318450 Nokia Ret NC 63129) PCT app No in relation to
complexity reduction techniques for ICTD calculations that
ICTD values may be determined by considering values from
previous frames for each sub band.

[0019] However as with any coding parameter there is a
need to calculate such parameters from the consideration of
both reduced complexity and improved coding efficiency.

SUMMARY OF THE INVENTION

[0020] This invention proceeds from the consideration that
whilst the co pending application has addressed the problem
of complexity reduction for the calculation of ICTD param-
eters, there is still additionally need to improve the coding
efficiency and perceptual audio quality resulting from the
coding process.

[0021] Embodiments of the present invention aim to
address the above problem.

[0022] There is provided according to a first aspect of the
invention a method comprising: determining at least one cur-
rent phase difference between a first channel audio signal and
a second channel audio signal for a current audio frame;
calculating at least one phase difference estimate dependent
on the at least one phase difference; determining a reliability
value for each phase difference estimate; and determining at
least one time delay value dependent on the reliability value
for each phase difference estimate.

[0023] According to an embodiment determining the reli-
ability value for each phase difference estimate comprises:
determining a phase difference removed first channel audio
signal; determining a phase difference removed second chan-
nel audio signal; and calculating a normalised correlation
coefficient between the phase difference removed first chan-
nel audio signal and the phase difference removed second
audio channel audio signal.

[0024] Determining the phase difference removed first
channel audio signal may comprise: adapting the phase of the
first channel audio signal by an amount corresponding to a
first portion of the at least one phase difference estimate; and
determining a phase difference removed second channel
audio signal may comprise: adapting the phase of the second
channel audio signal by an amount corresponding to a second
portion of the at least one phase difference estimate.

[0025] Determining the at least one time delay value may
comprise: determining a maximum reliability value from the
reliability value for each of the at least one phase difference
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estimate; determining at least one further phase difference
estimate from the at least one phase difference estimate asso-
ciated with the maximum reliability value; and calculating the
atleast one time delay value by applying a scaling factor to the
at least one further phase difference estimate.

[0026] Calculating the at least one phase difference esti-
mate may comprise at least one of the following: calculating
a first of the at least one phase difference estimate dependent
on the at least one phase difference; and calculating a second
of'the at least one phase difference estimate dependent on the
at least one phase difference.

[0027] Determining the at least one time delay value may
comprise: determining whether the reliability value associ-
ated with the first of the at least one phase difference estimate
is equal or above a predetermined value; assigning at least one
further phase difference estimate to be the value of the first of
the at least one phase difference estimate, wherein the assign-
ment is dependent on the determination of the reliability value
associated with the first of the at least one phase difference
estimate; and calculating the at least one time delay value by
applying a scaling factor to the at least one further phase
difference estimate.

[0028] Determining the at least one time delay value may
comprise: determining whether the reliability value associ-
ated with the first of the at least one phase difference estimate
is below a predetermined value; assigning at least one further
phase difference estimate to be the value of the first of the at
least one phase difference estimate, wherein the assignment is
dependent on the determination of the reliability value asso-
ciated with the first of the at least one phase difference esti-
mate; and calculating the at least one time delay value by
applying a scaling factor to the at least one further phase
difference estimate.

[0029] The scaling factor is preferably a phase to time
scaling factor.
[0030] Calculating the first of the at least one phase differ-

ence estimate may comprise: providing a target phase value
dependent on at least one preceding phase difference; calcu-
lating at least one distance value wherein each distance value
is associated with one of the at least one current phase difter-
ence and the target phase value; determining a minimum
distance value from the at least one distance measure value;
and assigning the first of the at least one phase difference to be
the at least one current phase difference associated with the
minimum distance value.

[0031] Providing the target phase value may comprise at
least one of the following: determining the target phase value
from a median value of the at least one preceding phase
difference value; and determining the target phase value from
a moving average value of the at least one preceding phase
difference value.

[0032] Calculating each of the at least one distance value
may comprise determining the difference between the target
value and the associated at least one current phase difference.
[0033] The at least one preceding phase diftference prefer-
ably corresponds to at least one further phase estimate asso-
ciated with a previous audio frame.

[0034] The at least one preceding phase difference is pref-
erably updated with the further phase estimate for the current
frame.

[0035] The updating of the at least one preceding phase
difference with the further phase estimate for the current
frame is preferably dependent on whether the maximum reli-
ability value is greater than a predetermined value.
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[0036] Determining the at least one current phase differ-
ence between a first channel audio signal and a second chan-
nel audio signal for a current audio frame may comprise;
transforming the first channel audio signal into a first fre-
quency domain audio signal comprising at least one fre-
quency domain coefficient; transforming the second channel
audio signal into a second frequency domain audio signal
comprising at least one frequency domain coefficient; and
determining the difference between the at least one frequency
domain coefficient from the first frequency domain audio
signal and the at least one frequency domain coefficient from
the second frequency domain audio signal.

[0037] Calculating the second of the at least one phase
difference estimate dependent on the at least one phase dif-
ference may comprise: determining the at least one current
phase difference is preferably associated with at least one of
the following; a maximum magnitude frequency domain
coefficient from the first frequency domain audio signal; and
a maximum magnitude frequency domain coefficient from
the second frequency domain audio signal.

[0038] The atleast one frequency coefficient is preferably a
complex frequency domain coefficient comprising a real
component and an imaginary component.

[0039] Determining the phase from the frequency domain
coefficient may comprise: calculating the argument of the
complex frequency domain coefficient. The argument is pref-
erably determined as the arc tangent of the ratio of the real
component to the imaginary component.

[0040] The complex frequency domain coefficient is pref-
erably a discrete fourier transform coefficient.

[0041] The audio frame is preferably partitioned into a
plurality of sub bands, and the method is applied to each sub
band.

[0042] The phase to time scaling factor is preferably a
normalised discrete angular frequency of a sub band signal
associated with a corresponding sub band of the plurality of
sub bands.

[0043] The at least one time delay value is preferably an
inter channel time delay as part of a binaural cue coder.
[0044] According to a second aspect of the present inven-
tion there is provided an apparatus comprising a processor
configured to: determine at least one current phase difference
between a first channel audio signal and a second channel
audio signal for a current audio frame; calculate at least one
phase difference estimate dependent on the at least one phase
difference; determine a reliability value for each phase dif-
ference estimate; and determine at least one time delay value
dependent on the reliability value for each phase difference
estimate.

[0045] According to an embodiment of the invention the
apparatus configured to determine the reliability value for
each phase difference estimate is may be further configured
to: determine a phase difference removed first channel audio
signal; determine a phase difference removed second channel
audio signal; and calculate a normalised correlation coeffi-
cient between the phase difference removed first channel
audio signal and the phase difference removed second audio
channel audio signal.

[0046] The apparatus comprising a processor configured to
determine the phase difference removed first channel audio
signal may be further configured to: adapt the phase of the
first channel audio signal by an amount corresponding to a
first portion of the at least one phase difference estimate;
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[0047] The apparatus comprising a processor configured to
determine a phase difference removed second channel audio
signal may be further configured to: adapt the phase of the
second channel audio signal by an amount corresponding to a
second portion of the at least one phase difference estimate.
[0048] The apparatus comprising a processor configured to
determine the at least one time delay value may be further
configured to: determine a maximum reliability value from
the reliability value for each of the at least one phase differ-
ence estimate; determine at least one further phase difference
estimate from the at least one phase difference estimate asso-
ciated with the maximum reliability value; and calculate the
atleast one time delay value by applying a scaling factor to the
at least one further phase difference estimate.

[0049] The apparatus configured to determine the at least
one time delay value dependent on the reliability value for
each of the at least one phase difference estimate may be
further configured to: determine a maximum reliability value
from the reliability value for each of the at least one phase
difference estimate; determine at least one further phase dif-
ference estimate from the at least one phase difference esti-
mate associated with the maximum reliability value; and
calculate the at least one time delay value by applying a
scaling factor to the at least one further phase difference
estimate.

[0050] The apparatus configured to calculate the at least
one phase difference estimate dependent on the at least one
phase difference may be further configured to calculate at
least one of the following: a first of the at least one phase
difference estimate dependent on the at least one phase dif-
ference; and a second of the at least one phase difference
estimate dependent on the at least one phase difference.
[0051] The apparatus configured to determine the at least
one time delay value may be further configured to: determine
whether the reliability value associated with the first of the at
least one phase difference estimate is equal or above a pre
determined value; assign at least one further phase difference
estimate to be the value of the first of the at least one phase
difference estimate, wherein the assignment is dependent on
the determination of the reliability value associated with the
first of the at least one phase difference estimate; and calcu-
late the at least one time delay value by applying a scaling
factor to the at least one further phase difference estimate.
[0052] The apparatus configured to determine the at least
one time delay value may be further configured to: determine
whether the reliability value associated with the first of the at
least one phase difference estimate is below a predetermined
value; assign at least one further phase ditference estimate to
be the value of the first of the at least one phase difference
estimate, wherein the assignment is dependent on the deter-
mination of the reliability value associated with the first of the
at least one phase difference estimate; and calculate the at
least one time delay value by applying a scaling factor to the
at least one further phase difference estimate.

[0053] The scaling factor is preferably phase to time scal-
ing factor.
[0054] The apparatus configured to calculate the first of the

at least one phase difference estimate may be further config-
ured to: provide a target phase value dependent on at least one
preceding phase difference; calculate at least one distance
value wherein each distance value is associated with one of
the at least one current phase difference and the target phase
value; determine a minimum distance value from the at least
one distance measure value; and assign the first of the at least
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one phase difference to be the at least one current phase
difference associated with the minimum distance value.
[0055] Theapparatus configured to provide the target phase
value may be further configured to determine at least one of
the following: the target phase value from a median value of
the at least one preceding phase difference value; and the
target phase value from a moving average value of the at least
one preceding phase difference value.

[0056] The apparatus configured to calculate each of the at
least one distance value may be further configured to deter-
mine the difference between the target value and the associ-
ated at least one current phase difference.

[0057] The at least one preceding phase difference prefer-
ably corresponds to at least one further phase estimate asso-
ciated with a previous audio frame.

[0058] The at least one preceding phase difference is pref-
erably updated with the further phase estimate for the current
frame.

[0059] The updating of the at least one preceding phase
difference with the further phase estimate for the current
frame is preferably dependent on whether the maximum reli-
ability value is greater than a predetermined value.

[0060] The apparatus configured to determine the at least
one current phase difference between a first channel audio
signal and a second channel audio signal for a current audio
frame may be further configured to; transform the first chan-
nel audio signal into a first frequency domain audio signal
comprising at least one frequency domain coefficient; trans-
form the second channel audio signal into a second frequency
domain audio signal comprising at least one frequency
domain coefficient; and determine the difference between the
at least one frequency domain coefficient from the first fre-
quency domain audio signal and the at least one frequency
domain coefficient from the second frequency domain audio
signal.

[0061] the apparatus configured to calculate the second of
the at least one phase difference estimate dependent on the at
least one phase difference may be further configured to: deter-
mine the at least one current phase difference associated with
at least one of the following; a maximum magnitude fre-
quency domain coefficient from the first frequency domain
audio signal; and a maximum magnitude frequency domain
coefficient from the second frequency domain audio signal.
[0062] The atleast one frequency coefficient is preferably a
complex frequency domain coefficient comprising a real
component and an imaginary component, and the apparatus
configured to determine the phase from the frequency domain
coefficient may be further configured to calculate the argu-
ment of the complex frequency domain coefficient, wherein
the argument is determined as the arc tangent of the ratio of
the real component to the imaginary component.

[0063] The complex frequency domain coefficient is pref-
erably a discrete fourier transform coefficient.

[0064] The audio frame is preferably partitioned into a
plurality of sub bands, and the apparatus is configured to
process each sub band.

[0065] The phase to time scaling factor is preferably a
normalised discrete angular frequency of a sub band signal
associated with a corresponding sub band of the plurality of
sub bands.

[0066] The at least one time delay value is preferably an
inter channel time delay as part of a binaural cue coder.
[0067] An audio encoder may comprise an apparatus com-
prising a processor as claimed above.
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[0068] An clectronic device may comprise an apparatus
comprising a processor as claimed above.

[0069] A chipset may comprise an apparatus as described
above.
[0070] According to a third aspect of the present invention

there is provided a computer program product configured to
perform a method comprising: determining at least one cur-
rent phase difference between a first channel audio signal and
a second channel audio signal for a current audio frame;
calculating at least one phase difference estimate dependent
on the at least one phase difference; determining a reliability
value for each phase difference estimate; and determining at
least one time delay value dependent on the reliability value
for each phase difference estimate.

BRIEF DESCRIPTION OF DRAWINGS

[0071] For better understanding of the present invention,
reference will now be made by way of example to the accom-
panying drawings in which:

[0072] FIG. 1 shows schematically an electronic device
employing embodiments of the invention;

[0073] FIG. 2 shows schematically an audio encoder sys-
tem employing embodiments of the present invention;
[0074] FIG. 3 shows schematically an audio encoder
deploying a first embodiment of the invention;

[0075] FIG. 4 shows a flow diagram illustrating the opera-
tion of the encoder according to embodiments of the inven-
tion;

[0076] FIG. 5 shows schematically a down mixer according
to embodiments of the invention;

[0077] FIG. 6 shows schematically a spatial audio cue
analyser according to embodiments of the invention;

[0078] FIG. 7 shows an illustration depicting the distribu-
tion of ICTD and ICLD values for each channel of a multi-
channel audio signal system comprising M input channels;
[0079] FIG. 8 shows a flow diagram illustrating in further
detail the operation of the invention according to embodi-
ments of the invention;

[0080] FIGS. 9 and 10 shows a flow diagram illustrating in
yet further detail the operation of the invention according to
embodiments of the invention; and

[0081] FIG. 11 shows a flow diagram illustrating still yet
further detail the operation of the invention according to
embodiments of the invention.

DESCRIPTION OF PREFERRED
EMBODIMENTS OF THE INVENTION

[0082] The following describes apparatus and methods for
the provision of enhancing spatial audio cues for an audio
codec. In this regard reference is first made to FIG. 1 sche-
matic block diagram of an exemplary electronic device 10 or
apparatus, which may incorporate a codec according to an
embodiment of the invention.

[0083] The electronic device 10 may for example be a
mobile terminal or user equipment of a wireless communica-
tion system.

[0084] The electronic device 10 comprises a microphone
11, which is linked via an analogue-to-digital converter 14 to
aprocessor 21. The processor 21 is further linked via a digital-
to-analogue converter 32 to loudspeakers 33. The processor
21 is further linked to a transceiver (TX/RX) 13, to a user
interface (UI) 15 and to a memory 22.
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[0085] The processor21 may be configured to execute vari-
ous program codes. The implemented program codes com-
prise an audio encoding code for encoding a lower frequency
band of an audio signal and a higher frequency band of an
audio signal. The implemented program codes 23 further
comprise an audio decoding code. The implemented program
codes 23 may be stored for example in the memory 22 for
retrieval by the processor 21 whenever needed. The memory
22 could further provide a section 24 for storing data, for
example data that has been encoded in accordance with the
invention.

[0086] The encoding and decoding code may in embodi-
ments of the invention be implemented in hardware or firm-
ware.

[0087] The user interface 15 enables a user to input com-
mands to the electronic device 10, for example via a keypad,
and/or to obtain information from the electronic device 10,
for example via a display. The transceiver 13 enables a com-
munication with other electronic devices, for example via a
wireless communication network.

[0088] It is to be understood again that the structure of the
electronic device 10 could be supplemented and varied in
many ways.

[0089] A user of the electronic device 10 may use the
microphone 11 for inputting speech that is to be transmitted to
some other electronic device or that is to be stored in the data
section 24 of the memory 22. A corresponding application has
been activated to this end by the user via the user interface 15.
This application, which may be run by the processor 21,
causes the processor 21 to execute the encoding code stored in
the memory 22.

[0090] The analogue-to-digital converter 14 converts the
input analogue audio signal into a digital audio signal and
provides the digital audio signal to the processor 21.

[0091] The processor 21 may then process the digital audio
signal in the same way as described with reference to FIGS. 2
and 3.

[0092] The resulting bit stream is provided to the trans-
ceiver 13 for transmission to another electronic device. Alter-
natively, the coded data could be stored in the data section 24
of the memory 22, for instance for a later transmission or for
a later presentation by the same electronic device 10.

[0093] The electronic device 10 could also receive a bit
stream with correspondingly encoded data from another elec-
tronic device via its transceiver 13. In this case, the processor
21 may execute the decoding program code stored in the
memory 22. The processor 21 decodes the received data, and
provides the decoded data to the digital-to-analogue con-
verter 32. The digital-to-analogue converter 32 converts the
digital decoded data into analogue audio data and outputs
them via the loudspeakers 33. Execution of the decoding
program code could be triggered as well by an application that
has been called by the user via the user interface 15.

[0094] The received encoded data could also be stored
instead of an immediate presentation via the loudspeakers 33
in the data section 24 of the memory 22, for instance for
enabling a later presentation or a forwarding to still another
electronic device.

[0095] Itwould be appreciated that the schematic structures
described in FIGS. 2, 3, 5 and 6 and the method steps in FIGS.
4,9, 10 and 11 represent only a part of the operation of a
complete audio codec comprising an embodiments of the
invention as exemplarily shown implemented in the elec-
tronic device shown in FIG. 1.
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[0096] The general operation of audio encoders as
employed by embodiments of the invention is shown in FIG.
2. General audio coding systems consist of an encoder, as
illustrated schematically in FIG. 2. Illustrated is a system 102
with an encoder 104 and a storage or media channel 106.
[0097] The encoder 104 compresses an input audio signal
110 producing a bit stream 112, which is either stored or
transmitted through a media channel 106. The bit rate of the
bit stream 112 and the quality of any resulting output audio
signal in relation to the input signal 110 are the main features
which define the performance of the coding system 102.
[0098] FIG. 3 shows schematically an encoder 104 accord-
ing to a first embodiment of the invention. The encoder 104 is
depicted as comprising an input 302 divided into M channels.
It is to be understood that the input 302 may be arranged to
receive either an audio signal of M channels, or alternatively
M audio signals from M individual audio sources. Each of the
M channels of the input 302 may be connected to both a down
mixer 303 and a spatial audio cue analyser 305. It would be
understood that M could be any number greater than 2.
[0099] The down mixer 303 may be arranged to combine
each of the M channels into a sum signal 304 comprising a
representation of the sum of the individual audio input sig-
nals. In some embodiments of the invention the sum signal
304 may comprise a single channel. In other embodiments of
the invention the sum signal 304 may comprise a plurality of
channels, which in FIG. 3 is represented by E channels where
E is less than M.

[0100] The sum signal output 304 from the down mixer 303
may be connected to the input of an audio encoder 307. The
audio decoder 307 may be configured to encode the audio
sum signal 304 and output a parameterised encoded audio
stream 306.

[0101] The spatial audio cue analyser 305 may be config-
ured to accept the M channel audio input signal from the input
302 and generate as output a spatial audio cue signal 308. The
output signal from the spatial cue analyser 305 may be
arranged to be connected to the input of a bit stream formatter
309 (which in some embodiments of the invention may also
known as the bitstream multiplexer).

[0102] Insomeembodiments ofthe invention there may be
an additional output connection from the spatial audio cue
analyser 305 to the down mixer 303, whereby spatial audio
cues such as the ICTD spatial audio cues may be fed back to
the down mixer on order to remove the time difference
between channels.

[0103] In addition to receiving the spatial cue information
from the spatial cue analyser 305, the bitstream formatter 309
may be further arranged to receive as an additional input the
output from the audio encoder 307. The bitstream formatter
309 may then configured to output the output bitstream 112
via the output 310.

[0104] The operation of these components is described in
more detail with reference to the flow chart in FIG. 4 showing
the operation of the encoder.

[0105] The multichannel audio signal is received by the
encoder 104 via the input 302. In a first embodiment of the
invention the audio signal from each channel is a digitally
sampled signal. In other embodiments of the present inven-
tion the audio input may comprise a plurality of analogue
audio signal sources, for example from a plurality of micro-
phones distributed within the audio space, which are ana-
logue to digitally (A/D) converted. In further embodiments of

Meta Platforms, Inc.

Exhibit 1010
Page 014



US 2011/0206209 Al

the invention the multichannel audio input may be converted
from a pulse code modulation digital signal to an amplitude
modulation digital signal.

[0106] The receiving of the audio signal is shown in FIG. 4
by processing step 401.

[0107] The down mixer 303 receives the multichannel
audio signal and combines the M input channels into a
reduced number of channels E conveying the sum of the
multichannel input signal. It is to be understood that the
number of channels E to which the M input channels may be
down mixed may comprise either a single channel or a plu-
rality of channels.

[0108] In embodiments of the invention the down mixing
may take the form of adding all the M input signals into a
single channel comprising of the sum signal. In this example
of' an embodiment of the invention E may be equal to one.
[0109] In further embodiments of the invention the sum
signal may be computed in the frequency domain, by first
transforming each input channel into the frequency domain
using a suitable timeto frequency transform such as a discrete
fourier transform (DFT).

[0110] FIG.5 shows ablock diagram depicting a generic M
to E down mixer which may be used for the purposes of down
mixing the multichannel input audio signal according to
embodiments of the invention. The down mixer 303 in FIG. 5
is shown as having a filter bank 502 for each time domain
input channel x,(n) where 1 is the input channel number for a
time instance n. In addition the down mixer 303 is depicted as
having a down mixing block 504, and finally an inverse filter
bank 506 which may be used to generate the time domain
signal for each output down mixed channel y,(n).

[0111] In embodiments of the invention each filter bank
502 may convert the time domain input for a specific channel
x,(n) into a set of K sub bands. The set of sub bands for a
particular channel i may be denoted as X,=[X,(0), X,(1), .. .,
%K) . .., %,(K-1)] where X,(k) represents the individual sub
band k. In total there may be M sets of K sub bands, one for
each input channel. The M sets of K sub bands may be
represented as [Xq, X, . . . Xps ;]

[0112] In embodiments of the invention the down mixing
block 504 may then down mix a particular sub band with the
same index from each of the M sets of frequency coefficients
in order to reduce the number of sets of sub bands from M to
E. This may be accomplished by multiplying the particular k”
sub band from each of the M sets of sub bands bearing the
same index by a down mixing matrix in order to generate the
k” sub band for the E output channels of the down mixed
signal. In other words the reduction in the number of channels
may be achieved by subjecting each sub band from a channel
by a matrix reduction operation. The mechanics of this opera-
tion may be represented by the following mathematical
operation

¥ k) X1(k)

Falk) Xa(k)
. =Dgu| .

ek X (k)

where Dy, ,may be a real valued E by M matrix, [¥X, (k), X,(k),
... %,4k)] denotes the k” sub band for each input sub band
channel, and [¥,(k), ¥,(k), . . . (k)] represents the k” sub
band for each of the E output channels.
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[0113] Inother embodiments ofthe invention the Dy, , may
be a complex valued E by M matrix. In embodiments such as
these the matrix operation may additionally modify the phase
of the domain transform domain coefficients in order to
remove any inter channel time difference.

[0114] The output from the down mixing matrix D,,, may
therefore comprise of E channels, where each channel may
consist of a sub band signal comprising of K sub bands, in
other words if Y, represents the output from the down mixer
for a channel i at an input frame instance, then the sub bands
which comprise the sub band signal for channel i may be
represented as the set [¥,(0), ¥,(1), . .. ¥,(k=1)].

[0115] Once the down mixer has down mixed the number of
channels from M to E, the K frequency coefficients associated
with each of the E channels ¥ =[¥,(0), ¥,(1), .. . ¥,k . ..,
¥,(K-1)] may be converted back to a time domain output
channel signal y,(n) using an inverse filter bank as depicted by
the inverse filter bank block 506 in FIG. 5, thereby enabling
the use of any subsequent audio coding processing stages.
[0116] Inyet further embodiments of the invention the fre-
quency domain approach may be further enhanced by divid-
ing the spectrum for each channel into a number of partitions.
For each partition a weighting factor may be calculated com-
prising the ratio of the sum of the powers of the frequency
components within each partition for each channel to the total
power of the frequency components across all channels
within each partition. The weighting factor calculated for
each partition may then be applied to the frequency coeffi-
cients within the same partition across all M channels. Once
the frequency coefficients for each channel have been suitably
weighted by their respective partition weighting factors the
weighted frequency components from each channel may be
added together in order to generate the sum signal. The appli-
cation of this approach may be implemented as a set of
weighting factors for each channel and may be depicted as the
optional scaling block placed in between the down mixing
stage 504 and the inverse filter bank 506.

[0117] By using this approach for combining and summing
the various channels allowance is made for any attenuation
and amplification effects that may be present when combin-
ing groups of inter related channels. Further details of this
approach may be found in the IEEE publication Transactions
on Speech and Audio Processing, Vol. 11, No 6 Nov. 2003
entitled, Binaural Cue Coding—Part II: Schemes and Appli-
cations, by Christof Faller and Frank Baumgate.

[0118] The down mixing and summing of the input audio
channels into a sum signal is depicted as processing step 402
in FIG. 4.

[0119] The spatial cue analyser 305 may receive as an input
the multichannel audio signal. The spatial cue analyser may
then use these inputs in order to generate the set of spatial
audio cues which in embodiments of the invention may con-
sist of the Inter channel time difference (ICTD), inter channel
level difference (ICLD) and the inter channel coherence
(ICC) cues.

[0120] In embodiments of the invention stereo and multi-
channel audio signals usually contain a complex mix of con-
currently active source signals superimposed by reflected
signal components from recording in enclosed spaces. Dif-
ferent source signals and their reflections occupy different
regions in the time-frequency plane. This complex mix of
concurrently active source signals may be reflected by ICTD,
ICLD and ICC values, which may vary as functions of fre-
quency and time. In order to exploit these variations it may be
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advantageous to analyse the relation between the various
auditory cues in a sub band domain.

[0121] To further assist the understanding of the invention
the process of determining the spatial audio cues by the spa-
tial audio cue analyser 305 is described in more detail with
reference to the flow chart in FIG. 8.

[0122] The step of receiving the multichannel audio signal
at the spatial audio cue analyser, the processing step 401 from
FIG. 4, is depicted as processing step 901 in FIG. 8.

[0123] In embodiments of the invention the frequency
dependence of the spatial audio cues ICTD, ICLD and ICC
present in a multichannel audio signal may be estimated in a
sub band domain and at regular instances in time.

[0124] The estimation of the spatial audio cues may be
realised in the spatial cue analyser 305 by using a fourier
transform based filter bank analysis technique such as a Dis-
crete Fourier Transform (DFT). In this embodiment a decom-
position of the audio signal for each channel may be achieved
by using a block-wise short time discrete fourier transform
with a 50% overlapping analysis window structure.

[0125] Itis to be understood in embodiments of the inven-
tion that the fourier transform based filter bank analysis may
be performed independently for each channel of the input
multichannel audio signal.

[0126] The frequency spectrum for each input channel i, as
derived from the fourier transform based filter bank analysis
may then be divided by the spatial audio cue analyser 305 into
a number of non overlapping sub bands.

[0127] Inotherembodiments ofthe invention the frequency
bands for each channel may be grouped in accordance with a
linear scale, whereby the number of frequency coefficients for
each channel may be apportioned equally to each sub band.

[0128] In further embodiments of the invention decompo-
sition of the audio signal for each channel may be achieved
using a quadrature mirror filter (QMF) with sub bands pro-
portional to the critical bandwidth of the human auditory
system.

[0129] The spatial cue analyser 305 may then calculate an
estimate of the power of the frequency components within a
sub band for each channel. In embodiments of the invention
this estimate may be achieved for complex fourier coeffi-
cients by calculating the modulus of each coefficient and then
summing the square of the modulus for all coefficients within
the sub band. These power estimates may be used partly as the
basis by which the spatial cue analyser 305 calculates the
audio spatial cues.

[0130] FIG. 6 depicts a structure which may be used to
generate the spatial audio cues from the multichannel input
signal 302. In FIG. 6 a time domain input channel may be
represented as x,(n) where i is the input channel number and
n is an instance in time. The sub band output from the filter
bank (FB) 602 for each channel may be depicted as the set [
%,(0),%.(1),...X(k) ..., X,(K-1)] where X,(k) represents the
individual sub band k for a channel i.

[0131] Inembodiments of the invention the filter bank 602
may be implemented as a discrete fourier transform filter
(DFT) bank whereby the output from the bank for a channel
i may comprise the set of frequency coefficients associated
with the DFT. In such embodiments the set [%,(0), X.(1), . ..
x,(k) ..., X,(K-1)] may represent the frequency coefficients
of the DFT.
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[0132] The DFT may be determined according to the fol-
lowing equation

xi(mye N

LN

where i is the input channel number for a time instance n, and
N is the number of time samples over which the DFT is
calculated. In embodiments of the invention the frequency
coefficients X,(q) may also be referred to as frequency bins.
[0133] Inembodiments of the invention the filter bank 602
may be referred to as a critically sampled DFT filter bank,
whereby the number of filter coefficients is equal to the num-
ber of time samples used as input to the filter bank on a frame
by frame basis.

[0134] It is to be understood in the art that a single DFT or
frequency coefficient from a critically sampled filter bank
may be referred to as an individual sub band of the filter bank.
In this instance each DFT coefficient x,(q) may therefore be
equivalent to the individual sub band X,(k).

[0135] However, it is to be further understood that in
embodiments of the invention the term sub band may also be
used denote a group of closely associated frequency coeffi-
cients, where each coefficient within the group is derived
from the filter bank 602 (or DFT transform).

[0136] In embodiments of the invention the fourier trans-
form based filter bank analysis may be performed indepen-
dently for each channel of the input multichannel audio sig-
nal.

[0137] In further embodiments of the invention the DFT
filter bank may be implemented in an efficient form as a fast
fourier transform (FFT).

[0138] The process of transforming each channel of the
multichannel audio signal into a frequency domain coeffi-
cient representation by the filter bank (FB) 602 is depicted as
processing step 903 in FIG. 8.

[0139] The frequency coefficient spectrum for each input
channel 1, as derived from the filter bank analysis, may be
partitioned by the spectral analyser 305 into a number of non
overlapping sub bands, whereby each sub band may comprise
a plurality of OFT coefficients.

[0140] Inembodiments oftheinventionthe frequency coef-
ficients for each input channel may be distributed to each sub
band according to a psychoacoustic critical band structure,
whereby sub bands associated with a lower frequency region
may be allocated fewer frequency coefficients than sub bands
associated with a higher frequency region. In these embodi-
ments of the invention the frequency coefficients x,(q) for
each input channel i may be distributed according to an
equivalent rectangular bandwidth (ERB) scale. In such
embodiments a sub band k may be represented by the set of
frequency components whose indices lie within the range

k:{qsb(k) ----- Dsby+1™ 1}

where q,;, represents the index of the first frequency coef-
ficient in sub band k and q,,,,, represents the index of the
first coefficient for the following sub band k+1. Therefore the
sub band k may comprise the frequency coefficients whose
indices lie it the range from g, 1 Q.1 —1. The number of
frequency coefficients apportioned to the sub band k may be
determined according to the ERB scale.
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[0141] Itis to be understood that all subsequent processing
steps are performed on the input audio signal on a per sub
band basis.

[0142] The process of partitioning each frequency domain
channel of the multichannel audio signal into a plurality of
sub bands comprising one or more frequency coefficients is
depicted as processing step 905 in FIG. 8.

[0143] Once each audio signal channel has been trans-
formed into a frequency domain sub band representation the
spatial audio cues may then be estimated between the chan-
nels of the multichannel audio signal on a per sub band basis.
[0144] Initially, the inter channel level difference (ICLD)
between each channel of the multichannel audio signal may
be calculated for a particular sub band within the frequency
spectrum. This calculation may be repeated for each sub band
within the multichannel audio signal’s frequency spectrum.
[0145] In embodiments of the invention which deploy a
stereo or two channel input to the encoder 104, the ICLD
between the left and right channel for each sub band k may be
given by the ratio of the respective powers estimates of the
frequency coefficients within the sub band. For example, the
ICLD between the first and second channel AL ,(k) for the
corresponding DFT coefficient signals X, (q) and X,(q) may be
determined in decibels to be

[P;Z (k)]
AL, (k) = 10logyy

Pz (k)

where the audio signal channels are denoted by indices 1 and
2, and the value k is the sub band index. The sub band index
k may be used to signify the set of frequency indices assigned
to the sub band in question. In other words the sub band k may
comprise the frequency coefficients whose indices lie in the
range from g, t0 Qg1 =1-

[0146] The variables p, (k) and p, (k) are short time esti-
mates of the power of the signals x,(q) and X,(q) over the sub
band k, and may be determined respectively according to

Gshikyr1~!
ppl= Y @k

T=4sb(k)
and

Gshikyr1~!
pat= > k@h@

T=4sb(k)

[0147] In other words, the short time power estimates may
be determined to be the sum of the square of the frequency
coefficients assigned to the particular sub band k.

[0148] Processing of the frequency coefficients for each
sub band in order to determine the inter channel level differ-
ences between two channels is depicted as processing step
907 in FIG. 8.

[0149] The spatial analyser 305 may also use the frequency
coefficients from the DFT filter bank analysis stage to deter-
mine the ICTD value for each sub band between a pair of
audio signals.

[0150] To further assist the understanding of the invention
the process of determining the ICTD for each sub band
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between a pair of audio signals by the spatial audio cue
analyser 305 is described in more detail with reference to the
flow chart in FIGS. 9 and 10.

[0151] The ICTD value for each sub band between a pair of
audio signals may be found by observing that the DFT coet-
ficients produced by the filter bank 602 are complex in nature
and therefore the argument of the complex DFT coefficient
may be used to represent the phase of the sinusoid associated
with the coefficient. The difference in phase between a fre-
quency component from an audio signal emanating from a
first channel and an audio signal emanating from a second
channel may be used to indicate the time difference between
the two channels at a particular frequency. The same principle
may be applied to the sub bands between two audio signals
where each sub band may comprise one or more frequency
components. In other words, if a phase value is determined for
a sub band within an audio signal from a first channel and a
phase value is determined for the same sub band value within
an audio signal from a second channel then the difference
between the two phase values may be used to indicate the time
difference between the audio signals from two channels for a
particular sub band.

[0152] Ingeneral, the phase ¢,(q) of a frequency coefficient
q of a real audio channel signal x,(n) may be formulated
according to the argument of the following complex expres-
sion:

$i(q) = arg(Xi(g)

N-1 Mol
= arg[z x;(n)(cos(2ngn/N) + jZ x;(n)(sin(2mgn / N)).

oy n=0

[0153] Using this formulation, the phase ¢,(q) for a channel
i and frequency coefficient q may be expressed as:

Pilg) = arg(X + jY),

where
N-1

X = Zx;(n)(cos(Zﬂqn/N) and
7=0

N-1

Y= Zx;(n)(sin(Zﬂqn/N).

n=

[0154] By adopting the above terminology and noting that
the argument of a complex number is an arc tangent function,
the phase ¢,(q) for a channel i and frequency coefficientk may
be further formulated according to the following expression:

arctan(;) X >0

Y
7r+arctan(?) Y=0,X<0
$i(g) = arg(X + jY) =

—7r+arctan(;) Y<0,X<0

Y>0,X=0

TR

Y <0,X =0.

TR
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[0155] In embodiments of the invention the phase differ-
ence o ,(q) between a first channel and a second channel of a
multichannel audio signal for a frequency coefficient q may
be determined as:

a(@)=0, (@)-92(a)

It is to be understood that o, ,(q) may lie within the range
{-2m, ..., 2x}.

[0156] Inembodiments ofthe invention the time difference
between the two audio signals for the frequency coefficient q
may be determined by normalising the difference in phase
a,,(q) of the two audio signals by a factor which represents
the discrete angular frequency for the frequency coefficient g.
In other words the inter channel time difference (ICTD) in
unit samples between two audio signals for a single frequency
component q may be expressed according to the following
equation:

N
T12(9) = a12(9)- s

where T,,(q) is the ICTD value between audio signals from
two channels, and the factor

2ng
N

is the discrete angular frequency for the frequency component

q.
[0157] The above expression may also be viewed as the
ICTD value between an audio signal from a first channel and
an audio signal from a second channel for a sub band com-
prising of a single frequency coefficient.

[0158] Itis to be understood in embodiments of the inven-
tion that the ICTD and the phase difference between chan-
nels, otherwise known as inter channel phase difference
(ICPD), are terms which effectively represent the same physi-
cal quantity. The only difference between the ICTD and ICPD
is a conversion factor which takes into account the discrete
angular frequency of the sinusoid to which these two terms
refer.

[0159] The process of receiving the frequency coefficients
from the DFT analysis filter bank stage to be used to deter-
mine the ICTD value for each sub band between a pair of
audio signals is depicted as processing step 1001 in FIG. 9.
[0160] As stated above some embodiments of the invention
may partition the frequency spectrum for each channel into a
number of non overlapping sub bands, where each sub band
may be apportioned a plurality of frequency coefficients. For
such embodiments it may be preferable to determine a single
phase difference value for each sub band across multiple
audio channels rather than allocating a phase difference value
for every frequency coefficient within the sub band.

[0161] In embodiments of the invention this may be
achieved by firstly determining for each frequency coefficient
within a sub band a value for the phase difference between a
frequency coefficient from a first audio channel and the cor-
responding frequency coefficient from a second audio chan-
nel. This may be performed for all frequency coefficients such
that each sub band of the multichannel audio signal comprises
a set of phase difference values.
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[0162] The processing step of calculating the difference in
phase for each frequency component within a sub band
between a pair of audio signals is depicted as processing step
1003 in FIG. 9.

[0163] A first estimate of the phase difference may then be
determined by selecting a particular phase difference from the
set of phase differences for each sub band.

[0164] To further assist the understanding of the invention
the process of determining the first estimate of the phase
difference for each sub band by the spatial cue analyser 305 is
described in more detail with reference to the flow chart in
FIG. 11.

[0165] The step of receiving the set of phase difference
values for a particular sub band from which the first estimate
of the phase difference may be obtained is depicted as pro-
cessing step 1101 in FIG. 11.

[0166] Inembodiments of the invention the first estimate of
the phase difference for each sub band may be determined by
considering past phase differences which have been selected
for previous processing frames. This may be deployed by
adopting a filtering mechanism whereby past selected phase
differences for each sub band may be filtered on an audio
processing frame by audio processing frame basis. The filter-
ing functionality may comprise filtering past selected phase
difference values within a particular sub band in order to
generate a target estimate of the phase difference for each sub
band.

[0167] The processing step of filtering past selected phase
difference values in order to generate a target estimate of the
phase difference for each sub band is depicted as processing
step 1103 in FIG. 11.

[0168] The target estimate of the phase difference value
may then be used as a reference whereby a phase difference
value may be selected for the current processing frame from
the set of phase differences within the sub band. This may be
accomplished by calculating a distance measure between a
phase difference within the sub band and the target estimate
phase difference for the sub band. The calculation of the
distance measure may be done in turn for each phase difter-
ence value within the sub band.

[0169] The step of determining the distance measure
between each phase difference value in the sub band and the
target estimate phase difference is depicted as processing step
1105 in FIG. 11.

[0170] The first estimate of the phase difference for the sub
band may then be determined to be the phase difference value
which is associated with the smallest distance.

[0171] The step of selecting the first estimate phase differ-
ence value for the sub band is depicted as processing step
1107 in FIG. 11.

[0172] In embodiments of the invention the phase differ-
ence filtering mechanism may be arranged in the form of a
first-in-first-out (FIFO) bufter. In the FIFO buffer arrange-
ment each FIFO buffer memory store contains a number of
past selected phase difference values for the particular sub
band in question, with the most recent values at the start of the
buffer and the oldest values at the end of the buffer. The past
selected phase difference values stored within the buffer may
then be filtered in order to generate the target estimate phase
difference value.

[0173] In embodiments of the invention filtering the past
selected phase difference values for a particular sub band may
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take the form of finding the median of the past selected phase
difference values in order to generate the target estimate
phase difference value.

[0174] In other embodiments of the invention filtering the
past selected phase difference values for a particular sub band
may take the form of performing a moving average (MA)
estimation of the past selected phase difference values in
order to generate the target estimated phase difference value.
In such embodiments the MA estimation may be imple-
mented by calculating the mean of the past selected phase
difference values contained within the buffer memory for the
current audio processing frame.

[0175] Insomeembodiments of the invention the MA esti-
mation may be calculated over the entire length of the
memory buffer.

[0176] In other embodiments of the invention the MA esti-
mation may be calculated over part of the length of the
memory buffer. For example, the MA estimation may be
calculated over the most recent past selected phase difference
values.

[0177] The effect of filtering past selected phase difference
values for each sub band is to maintain a continuity of tran-
sition for phase difference values from audio processing
frame to the next. In other words by selecting the phase
difference according to the first estimate will result in a
selected value being biased in favour of maintaining a phase
difference track which evolves smoothly from one processing
frame to the next.

[0178] The process of determining the first estimate of the
phase difference for each sub band by the spatial cue analyser
305 is shown as processing step 1005 in FIG. 9.

[0179] Embodiments of the invention may determine an
additional or second estimate of the phase difference for each
sub band. The second estimate may be determined using a
different technique to that deployed for the primary estimate.
For example, in embodiments of the invention the second
estimate of the phase difference for each sub band may be
determined to be the phase difference associated with the
largest magnitude frequency coefficient within the sub band.
[0180] It is to be understood that further embodiments of
the invention may calculate a number of phase difference
estimation schemes over each sub band, and that each phase
difference estimation scheme may differ from each other. The
process of determining a second estimate or additional esti-
mates of the phase difference for each sub band by the spatial
cue analyser 305 is shown as processing step 1007 in FIG. 9.
[0181] Once one or more phase difference estimates have
been determined for each sub band across the multichannel
audio signal. The phase differences may then be used to
generate a corresponding number of phase difference
removed signals for each sub band.

[0182] As stated before in embodiments of the invention
the spectrum of each channel of a multichannel audio signal
may be divided into a number of non overlapping sub bands,
whereby each sub band comprises a number of frequency
coefficients. Further, it is to be understood that that each sub
band may be viewed as a frequency bin within the spectrum of
the multichannel audio signal. In other words the spectrum
for each channel of the multichannel audio signal may be
represented as a discrete fourier transform (DFT) with a reso-
Iution equivalent to the width of the sub band. Consequently,
a sub band (or frequency bin) may be represented as a single
sinusoid with a specific magnitude and phase, in other words
a DFT coefficient.
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[0183] For embodiments of the invention which deploy a
two channel multichannel audio signal, the phase difference
removed signal for each sub band k for a pair channels,
channel 1 and channel 2, may be expressed in the DFT
domain as:

~1 1
Sy = S,fe’falz(k); and

.2 il
S = Stete2®),

where S,' and S, represent the equivalent DFT coefficients
of a sub band k for the first channel and second channel
respectively. The term a,,(k) represents the estimate of the
phase difference as described above between a first channel
and second channel for a sub band k. Finally, the terms S, and
ékz denote the phase difference removed equivalent DFT
coefficients of a sub band k for a first channel and second
channel respectively.

[0184] In a vector space, this has the effect of rotating the
channel DFT coefficient within each sub band such that they
become aligned in the same direction. This procedure is simi-
lar to the principal component analysis approach adopted by
the UDT methodology for coding multichannel audio cues.

[0185] It is to be understood that in embodiments of the
invention there may be a number of phase difference removed
signals for each sub band k and channel n, whereby each
phase difference removed signal is derived using a different
estimate of the phase difference. For example, in embodi-
ments of the invention which determine a first estimate and
second estimate of the phase difference there may be two
separate phase difference removed signals per sub band per
channel, and consequently each channel may have two sets of
phase difference removed equivalent DFT coefficients per
sub band k.

[0186] The processing steps of determining the sub band
phase difference removed signals for each estimate of the
phase difference may be depicted as processing steps 1009
and 1011 in FIG. 9.

[0187] Once all the phase difference removed DFT coeffi-
cients for each sub band and each channel have been calcu-
lated a reliability measure may be calculated corresponding
to each estimate of the phase difference within the sub band.
This may be performed in order to select which of the number
of phase difference removed DFT coefficients is going to
represent the sub band.

[0188] Inembodiments of the invention the reliability of a
particular estimate of the phase difference may be calculated
by considering the correlations between the phase difference
removed signals for the first and second channels. It is to be
understood that this is performed for each sub band within the
multichannel audio signal.

[0189] In embodiments of the invention the correlation
based reliability measure may be determined using the same
calculation as that used to find the inter channel coherence
cue. In other words the reliability measure may be determined
as the normalised correlation coefficient between the phase
difference removed signals for the first and second channels.
For example the normalised, correlation coefficient between
the phase difference removed signals for the first and second
channels may be determined in an embodiment of the inven-
tion by using the following expression,
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where ®@,, (k) is the normalised correlation coefficient
between the phase difference removed signals for the firstand
second channels for each sub band k.

[0190] It is to be understood that for each sub band k a
number of reliability measures may be calculated, where each
reliability measure corresponds to a separate estimate of the
phase difference.

[0191] The process of generating a reliability measure for
each estimate within each sub band is depicted for the case of
a first and second estimate as processing steps 1013 and 1015
in FIG. 9.

[0192] Each reliability measure may then be evaluated on a
per sub band basis in order to determine the most appropriate
phase difference estimate for the sub band. The selected esti-
mate may then be used as the phase difference cue for the
particular sub band.

[0193] Inembodiments ofthe invention the reliability mea-
sures for each sub band may be evaluated by noting the value
of the normalised cross correlation coefficients obtained for
each measure and simply selecting the particular estimate of
the phase difference to be used as the selected phase differ-
ence cue for the sub band with the highest normalised corre-
lation coefficient value.

[0194] In a first embodiment of the invention which calcu-
lates a first and second estimate for the phase difference for
each sub band, and where the first estimate of the phase
difference is formed by filtering past selected phase difter-
ences and the second estimate is determined by the magnitude
of the frequency coefficients in the sub band. Then if the
normalised cross correlation coefficient value associated with
the first estimate for the phase difference is above a predeter-
mined threshold it may be considered as reliable and the first
estimate may accordingly be selected as the phase difference
cue for the sub band.

[0195] It is to be understood in a first embodiment of the
invention the second estimate of the phase difference may
only be determined when the first estimate is deemed unreli-
able on producing a reliability measure which is below the
predetermined threshold. In this instance the second estimate
of'the phase difference will be selected as the phase difference
cue for the sub band.

[0196] In the first embodiment of the invention the second
estimate of the phase difference has the effect of ensuring that
the parameter track produced by the first estimate filtering
mechanism does not drift to a sub optimal value. This may be
especially prevalent when the filter memories are initialised.
Inthis scenario the choice of the second estimate for the phase
difference behaves as a filter reset by pulling the memory path
of the filter onto a different parameter track.

[0197] The process of evaluating the reliability measures
for each estimate of the phase difference and then selecting a
particular estimate of the phase difference depending on the
evaluation is shown as processing steps 1017 and 1019 in
FIG. 10.

[0198] Inembodiments of the invention the past, previous,
or preceding selected phase difference filtering mechanism
may be arranged in the form of a first-in-first-out (FIFO)

11
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buffer. In this case each FIFO buffer memory store contains a
number of past selected phase differences for a particular sub
band, whereby the most recent values are at the start of the
buffer and the oldest values at the end of the buffer. The past
selected values stored within the buffer may then be filtered in
order to generate the target phase difference value for the
subframe.

[0199] Itis to be understood that each buffer memory store
for a particular sub band may correspond to a selected phase
difference for a previous audio processing analysis frame.
[0200] Once the selected phase difference value for a par-
ticular sub band has been determined for a current audio
analysis frame the memory of the filter may be updated. The
updating process may take the form of removing the oldest
selected phase difference from the end of the buffer and
adding the newly selected phase difference corresponding to
the current audio analysis frame to the beginning of the buffer.
[0201] Insome embodiments of the invention updating the
FIFO buffer memory with the newly selected phase differ-
ence for a particular sub band may take place for every audio
analysis frame.

[0202] In further embodiments of the invention the FIFO
buffer memory updating process for each sub band may be
conditional upon certain criteria being met.

[0203] In a first embodiment of the invention the FIFO
buffer memory store may be only updated when the norma-
lised cross correlation value corresponding to the best phase
difference estimate has achieved a predetermined threshold.
For example in the first embodiment of the invention a pre-
determined threshold value of 0.6 has been determined
experimentally to produce an advantageous result.

[0204] The step of updating the memory of the filter is
shown as processing step 1021 in FIG. 10.

[0205] Finally, the selected phase difference for each sub
band may be converted to the corresponding ICTD by the
application of the appropriate discrete angular frequency
value associated with the sub band in question.

[0206] In embodiments of the invention the conversion
from a phase difference value to the ICTD for each sub band
k may take the form of normalising the selected phase differ-
ence by the corresponding discrete angular frequency asso-
ciated with the sub band.

[0207] In embodiments of the invention the discrete angu-
lar frequency associated with the sub band k may be
expressed as:

where the ratio k/K represents the fraction of the total spectral
width of the multichannel audio signal within which the cen-
tre of the sub band k lies. In other words the ICTD between a
channel pair for a sub band k with a selected estimate of phase
difference &,,(k) may be determined to be:

R K
Tia(k) = 2(k) - ok

[0208] The process of calculating the time delay for each
sub band between an audio signal from a first channel audio
signal and a second channel audio signal by scaling the
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selected estimated value of the phase difference is depicted as
processing step 1023 in FIG. 10.

[0209] It is to be understood in those embodiments of the
invention which deploy two audio signal channels that the
first audio channel and second audio channel may form a
channel pair. For example they may comprise a left and a right
channel of a stereo pair.

[0210] The process of determining the ICTD on a per sub
band basis for a pair of audio channels from a multi channel
audio signal is depicted as processing step 909 in FIG. 9.
[0211] The ICC between the two signals may also be deter-
mined by considering the normalised cross correlation func-
tion @, ,. For example the ICC ¢, , between the two sub band
signals %, (k) and X,(k) may be determined to be the value of
the normalised correlation function according to the follow-
ing expression:

c12 = max|®ya (k, @)l
1)

[0212] In other words the ICC for a sub band k may be
determined to be the absolute maximum of the normalised
correlation between the two phase removed signals for dif-
ferent values of estimated phase difference ¢, ,(k).

[0213] In embodiments of the invention the ICC data may
correspond to the coherence of the binaural signal. In other
words the ICC may be related to the perceived width of the
audio source, so thatif an audio source is perceived to be wide
then the corresponding coherence between the left and right
channels may be lower when compared to an audio source
which is perceived to be narrow. For example, the coherence
of a binaural signal corresponding to an orchestra may be
typically lower than the coherence of a binaural signal corre-
sponding to a single violin. Therefore in general an audio
signal with a lower coherence may be perceived to be more
spread out in the auditory space.

[0214] The process of determining the ICC on a per sub
band basis for a pair of audio channels from a multi channel
audio signal is depicted as processing step 911 in FIG. 9.
[0215] Further embodiments of the invention may deploy
multiple input audio signals comprising more than two chan-
nels into the encoder 104. In these embodiments it may be
sufficient to define the ICTD and ICLD values between a
reference channel, for example channel 1, and each other
channel in turn.

[0216] FIG. 7 illustrates an example of a multichannel
audio signal system comprising M input channels for a time
instance n and for a sub band k. In this example the distribu-
tion of ICTD and ICLD values for each channel are relative to
channel 1 whereby for a particular sub band k, t,,(k) and
AL (k) denotes the ICTD and ICLD values between the
reference channel 1 and the channel] i.

[0217] In the embodiments of the invention which deploy
an audio signal comprising of more than two input channels a
single ICC parameter per sub band k may be used in order to
represent the overall coherence between all the audio chan-
nels for a sub band k. This may be achieved by estimating the
ICC cuebetween the two channels with the greatest energy on
a per each sub band basis.

[0218] The process of estimating the spatial audio cues is
depicted as processing step 404 in FIG. 4.

[0219] Upon completion of determining the spatial audio
cues for the multi channel audio signal the spatial cue analy-

Aug. 25,2011

ser 305 may then be arranged to quantile and code the audi-
tory cue information in order to form the side information in
preparation for either storage in a store and forward type
device or for transmission to the corresponding decoding
system.

[0220] In embodiments of the invention the ICLD and
ICTD for each sub band may be naturally limited according to
the dynamics of the audio signal. For example, the ICLD may
be limited to a range of +AL,, where AL, , may be 18 dB,
and the ICTD may be limited to a range of *<,,,, where~T,, .
may correspond to 800 ps. Further the ICC may not require
any limiting since the parameter may be formed of norma-
lised correlation which has a range between 0 and 1.

[0221] After limiting the spatial auditory cues the spatial
analyser 305 may be further arranged to quantize the esti-
mated inter channel cues using uniform quantizers. The quan-
tized values of the estimated inter channel cues may then be
represented as a quantization index in order to facilitate the
transmission and storage of the inter channel cue information.
[0222] In some embodiments of the invention the quanti-
sation indices representing the inter channel cue side infor-
mation may be further encoded using run length encoding
techniques such as Huffman encoding in order to improve the
overall coding efficiency.

[0223] The process of quantising and encoding the spatial
audio cues is depicted as processing step 406 in FIG. 4.
[0224] The spatial cue analyser 305 may then pass the
quantization indices representing the inter channel cue as side
information to the bit stream formatter 309. This is depicted
as processing step 408 in FIG. 4.

[0225] In embodiments of the invention the sum signal
output from the down mixer 303 may be connected to, the
input of an audio encoder 307. The audio encoder 307 may be
configured to code the sum signal in the frequency domain by
transforming the signal using a suitably deployed orthogonal
based time to frequency transform, such as a modified dis-
crete cosine transform (MDCT) or a discrete fourier trans-
form (DFT). The resulting frequency domain transformed
signal may then be divided into a number or sub bands,
whereby the allocation of frequency coefficients to each sub
band may be apportioned according to psychoacoustic prin-
ciples. The frequency coefficients may then be quantised on a
per sub band basis. In some embodiments of the invention the
frequency coefficients per sub band may be quantised using a
psychoacoustic noise related quantisation levels in order to
determine the optimum number of bits to allocate to the
frequency coefficient in question. These techniques generally
entail calculating a psychoacoustic noise threshold for each
sub band, and then allocating sufficient bits for each fre-
quency coefficient within the sub band in order ensure that the
quantisation noise remains below the pre calculated psychoa-
coustic noise threshold. In order to obtain further compres-
sion of the audio signal, audio encoders such as those repre-
sented by 307 may deploy run length encoding on the
resulting bit stream. Examples of audio encoders represented
by 307 known within the art may include the Moving Pictures
Expert Group Advanced Audio Coding (AAC) orthe MPEG1
Layer III (MP3) coder.

[0226] The process of audio encoding of the sum signal is
depicted as processing step 403 in FIG. 4.

[0227] The audio encoder 307 may then pass the quantiza-
tion indices associated with the coded sum signal to the bit
stream formatter 309. This is depicted as processing step 405
in FIG. 4.
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[0228] The bitstream formatter 309 may be arranged to
receive the coded sum signal output from the audio encoder
307 and the coded inter channel cue side information from the
spatial cue analyser 305. The bitstream formatter 309 may
then be further arranged to format the received bitstreams to
produce the bitstream output 112.

[0229] Insomeembodiments of the invention the bitstream
formatter 234 may interleave the received inputs and may
generate error detecting and error correcting codes to be
inserted into the bitstream output 112.

[0230] The process of multiplexing and formatting the bit-
streams for either transmission or storage is shown as pro-
cessing step 410 in FIG. 4.

[0231] Itis to be understood in embodiments of the inven-
tion that the multichannel audio signal may be transformed
into a plurality of sub band multichannel signals for the appli-
cation of the spatial audio cue analysis process, in which each
sub band may comprise a granularity of at least one frequency
coefficient.

[0232] It is to be further understood that in other embodi-
ments of the invention the multichannel audio signal may be
transformed into two or more sub band multichannel signals
for the application of the spatial audio cue analysis process, in
which each sub band may comprise a plurality of frequency
coefficients.

[0233] Although the above examples describe embodi-
ments of the invention operating within a codec within an
electronic device 10 or apparatus, it would be appreciated that
the invention as described below may be implemented as part
of any variable rate/adaptive rate audio (or speech) codec.
Thus, for example, embodiments of the invention may be
implemented in an audio codec which may implement audio
coding over fixed or wired communication paths.

[0234] Thus user equipment may comprise an audio codec
such as those described in embodiments of the invention
above.

[0235] It shall be appreciated that the term user equipment
is intended to cover any suitable type of wireless user equip-
ment, such as mobile telephones, portable data processing
devices or portable web browsers.

[0236] Furthermore elements of a public land mobile net-
work (PLMN) may also comprise audio codecs as described
above.

[0237] In general, the various embodiments of the inven-
tion may be implemented in hardware or special purpose
circuits, software, logic or any combination thercof. For
example, some aspects may be implemented in hardware,
while other aspects may be implemented in firmware or soft-
ware which may be executed by a controller, microprocessor
or other computing device, although the invention is not lim-
ited thereto. While various aspects of the invention may be
illustrated and described as block diagrams, flow charts, or
using some other pictorial representation, it is well under-
stood that these blocks, apparatus, systems, techniques or
methods described herein may be implemented in, as non-
limiting examples, hardware, software, firmware, special pur-
pose circuits or logic, general purpose hardware or controller
or other computing devices, or some combination thereof.
[0238] The embodiments of this invention may be imple-
mented by computer software executable by a data processor
of the mobile device, such as in the processor entity, or by
hardware, or by a combination of software and hardware.
Further in this regard it should be noted that any blocks of the
logic flow as in the Figures may represent program steps, or
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interconnected logic circuits, blocks and functions, or a com-
bination of program steps and logic circuits, blocks and func-
tions. The software may be stored on such physical media as
memory chips, or memory blocks implemented within the
processor, magnetic media such as hard disk or floppy disks,
and optical media such as for example DVD and the data
variants thereof, CD.

[0239] The memory may be of any type suitable to the local
technical environment and may be implemented using any
suitable data storage technology, such as semiconductor-
based memory devices, magnetic memory devices and sys-
tems, optical memory devices and systems, fixed memory and
removable memory. The data processors may be of any type
suitable to the local technical environment, and may include
one or more of general purpose computers, special purpose
computers, microprocessors, digital signal processors
(DSPs) and processors based on multi-core processor archi-
tecture, as non-limiting examples.

[0240] Embodiments of the inventions may be practiced in
various components such as integrated circuit modules. The
design of integrated circuits is by and large a highly auto-
mated process. Complex and powerful software tools are
available for converting a logic level design into a semicon-
ductor circuit design ready to be etched and formed on a
semiconductor substrate.

[0241] Programs, such as those provided by Synopsys, Inc.
of Mountain View, Calif. and Cadence Design, of San Jose,
Calif. automatically route conductors and locate components
on a semiconductor chip using well established rules of
design as well as libraries of pre-stored design modules. Once
the design for a semiconductor circuit has been completed,
the resultant design, in a standardized electronic format (e.g.,
Opus, GDSII, or the like) may be transmitted to a semicon-
ductor fabrication facility or “fab” for fabrication.

[0242] The foregoing description has provided by way of
exemplary and non-limiting examples a full and informative
description of the exemplary embodiment of this invention.
However, various modifications and adaptations may become
apparent to those skilled in the relevant arts in view of the
foregoing description, when read in conjunction with the
accompanying drawings and the appended claims. However,
all such and similar modifications of the teachings of this
invention will still fall within the scope of this invention as
defined in the appended claims.

1. A method comprising:

determining at least one current phase difference between
a first channel audio signal and a second channel audio
signal for a current audio frame;

calculating at least one phase difference estimate depen-
dent on the at least one phase difference;

determining a reliability value for each phase difference
estimate by:

determining a phase difference removed first channel audio
signal by adapting the phase of the first channel audio
signal by an amount corresponding to a first portion of
the at least one phase difference estimate;

determining a phase difference removed second channel
audio signal by adapting the phase of the second channel
audio signal by an amount corresponding to a second
portion of the at least one phase difference estimate; and

calculating a normalised correlation coefficient between
the phase difference removed first channel audio signal
and the phase difference removed second audio channel
audio signal; and wherein the method further comprises
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determining at least one time delay value dependent on
the reliability value for each phase difference estimate.

2. (canceled)

3. (canceled)

4. The method as claimed in claim 1, wherein determining
the at least one time delay value comprises:

determining a maximum reliability value from the reliabil-

ity value for each of the at least one phase difference
estimate;

determining at least one further phase difference estimate

from the at least one phase difference estimate associ-
ated with the maximum reliability value; and

calculating the at least one time delay value by applying a

scaling factor to the at least one further phase difference
estimate.

5. The method as claimed in claim 1, wherein calculating
the at least one phase difference estimate comprises at least
one of the following:

calculating a first of the at least one phase difference esti-

mate dependent on the at least one phase difference; and
calculating a second of the at least one phase difference
estimate dependent on the at least one phase difference.

6. The method as claimed in claim 1, wherein determining
the at least one time delay value comprises:

determining whether the reliability value associated with

the first of the at least one phase difference estimate is
equal or above a predetermined value;

assigning at least one further phase difference estimate to

be the value of the first of the at least one phase differ-
ence estimate, wherein the assignment is dependent on
the determination of the reliability value associated with
the first of the at least one phase difference estimate; and
calculating the at least one time delay value by applying a
scaling factor to the at least one further phase difference
estimate.

7. The method as claimed in claim 1, wherein determining
the at least one time delay value comprises:

determining whether the reliability value associated with

the first of the at least one phase difference estimate is
below a predetermined value;

assigning at least one further phase difference estimate to

be the value of the first of the at least one phase differ-
ence estimate, wherein the assignment is dependent on
the determination of the reliability value associated with
the first of the at least one phase difference estimate; and
calculating the at least one time delay value by applying a
scaling factor to the at least one further phase difference
estimate.

8. The method as claimed in claim 6, wherein the scaling
factor is a phase to time scaling factor.

9. The method as claimed in claim 5, wherein calculating
the first of the at least one phase difference estimate com-
prises:

providing a target phase value dependent on at least one

preceding phase difference;
calculating at least one distance value wherein each dis-
tance value is associated with one of the at least one
current phase difference and the target phase value;

determining a minimum distance value from the at least
one distance measure value; and

assigning the first of the at least one phase difference to be

the at least one current phase difference associated with
the minimum distance value.
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10. The method as claimed in claim 9, wherein providing
the target phase value comprises at least one of the following:
determining the target phase value from a median value of
the at least one preceding phase difference value; and

determining the target phase value from a moving average
value of the at least one preceding phase difference
value.

11. The method as claimed in claim 9, wherein calculating
each of the at least one distance value comprises:

determining the difference between the target value and the

associated at least one current phase difference.

12. The method as claimed in claim 9, wherein the at least
one preceding phase difference corresponds to at least one
further phase estimate associated with a previous audio frame
wherein the at least one preceding phase difference is updated
with the further phase estimate for the current frame, and
wherein the updating of the at least one preceding phase
difference with the further phase estimate for the current
frame is dependent on whether the maximum reliability value
is greater than a predetermined value.

13. (canceled)

14. (canceled)

15. The method as claimed in claim 1, wherein determining
the at least one current phase difference between a first chan-
nel audio signal and a second channel audio signal for a
current audio frame comprises;

transforming the first channel audio signal into a first fre-

quency domain audio signal comprising at least one
frequency domain coefficient;

transforming the second channel audio signal into a second

frequency domain audio signal comprising at least one
frequency domain coefficient; and

determining the difference between the at least one fre-

quency domain coefficient from the first frequency
domain audio signal and the at least one frequency
domain coefficient from the second frequency domain
audio signal.

16. The method as claimed in claim 15, wherein calculating
the second of the at least one phase difference estimate depen-
dent on the at least one phase difference comprises:

determining the at least one current phase difference asso-

ciated with at least one of the following;

a maximum magnitude frequency domain coefficient from

the first frequency domain audio signal; and

a maximum magnitude frequency domain coefficient from

the second frequency domain audio signal.

17. The method as claimed in claim 15, wherein the at least
one frequency coefficient is a complex frequency domain
coefficient comprising a real component and an imaginary
component, and wherein determining the phase from the
frequency domain coefficient comprises:

calculating the argument of the complex frequency domain

coefficient, wherein the argument is determined as the
arc tangent of the ratio of the real component to the
imaginary component.

18. The method as claimed in claim 17, wherein the com-
plex frequency domain coefficient is a discrete fourier trans-
form coefficient.

19. The method as claimed in claim 1, wherein the audio
frame is partitioned into a plurality of sub bands, and the
method is applied to each sub band and wherein the phase to
time scaling factor is a normalised discrete angular frequency
of'a sub band signal associated with a corresponding sub band
of the plurality of sub bands.
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20. (canceled)

21. The method as claimed in claim 1, wherein the at least
one time delay value is an inter channel time delay as part of
a binaural cue coder.

22. An apparatus comprising a processor configured to:

determine at least one current phase difference between a

first channel audio signal and a second channel audio
signal for a current audio frame;

calculate at least one phase difference estimate dependent

on the at least one phase difference;

determine a reliability value for each phase difference esti-

mate by;

determining a phase difference removed first channel audio

signal by adapting the phase of the first channel audio
signal by an amount corresponding to a first portion of
the at least one phase difference estimate;
determining a phase difference removed second channel
audio signal by adapting the phase of the second channel
audio signal by an amount corresponding to a second
portion of the at least one phase difference estimate; and

calculating a normalised correlation coefficient between
the phase difference removed first channel audio signal
and the phase difference removed second audio channel
audio signal and wherein the apparatus is further con-
figured to

determine at least one time delay value dependent on the

reliability value for each phase difference estimate.

23. (canceled)

24. (canceled)

25. The apparatus as claimed in claim 22, wherein the
apparatus configured to determine the at least one time delay
value is further configured to:

determine a maximum reliability value from the reliability

value for each of the at least one phase difference esti-
mate;

determine at least one further phase difference estimate

from the at least one phase difference estimate associ-
ated with the maximum reliability value; and

calculate the at least one time delay value by applying a

scaling factor to the at least one further phase difference
estimate.

26. The apparatus as claimed in claim 22, wherein the
apparatus configured to calculate the at least one phase dif-
ference estimate dependent on the at least one phase difter-
ence is further configured to calculate at least one of the
following:

a first of the at least one phase difference estimate depen-

dent on the at least one phase difference; and

a second of the at least one phase difference estimate

dependent on the at least one phase difference.

27. The apparatus as claimed in claim 22, wherein the
apparatus configured to determine the at least one time delay
value is further configured to:

determine whether the reliability value associated with the

first of the at least one phase difference estimate is equal
or above a predetermined value;

assign at least one further phase difference estimate to be

the value of the first of the at least one phase difference
estimate, wherein the assignment is dependent on the
determination of the reliability value associated with the
first of the at least one phase difference estimate; and

calculate the at least one time delay value by applying a

scaling factor to the at least one further phase difference
estimate.

Aug. 25,2011

28. The apparatus as claimed in claim 22, wherein the
apparatus configured to determine the at least one time delay
value is further configured to:
determine whether the reliability value associated with the
first of the at least one phase difference estimate is below
a predetermined value;

assign at least one further phase difference estimate to be
the value of the first of the at least one phase difference
estimate, wherein the assignment is dependent on the
determination of the reliability value associated with the
first of the at least one phase difference estimate; and

calculate the at least one time delay value by applying a

scaling factor to the at least one further phase difference
estimate.

29. The apparatus as claimed in claim 27, wherein the
scaling factor is a phase to time scaling factor.

30. The apparatus as claimed in claim 26, wherein the
apparatus configured to calculate the first of the at least one
phase difference estimate is further configured to:

provide a target phase value dependent on at least one

preceding phase difference;

calculate at least one distance value wherein each distance

value is associated with one of the at least one current
phase difference and the target phase value;

determine a minimum distance value from the at least one

distance measure value; and

assign the first of the at least one phase difference to be the

at least one current phase difference associated with the
minimum distance value.

31. The apparatus as claimed in claim 30, wherein the
apparatus configured to provide the target phase value is
further configured to determine at least one of the following:

the target phase value from a median value of the at least

one preceding phase difference value; and

the target phase value from a moving average value of the

at least one preceding phase difference value.

32. The apparatus as claimed in claim 30, wherein the
apparatus configured to calculate each of the at least one
distance value is further configured to:

determine the difference between the target value and the

associated at least one current phase difference.

33. The apparatus as claimed in claim 30, wherein the at
least one preceding phase difference corresponds to at least
one further phase estimate associated with a previous audio
frame wherein the at least one preceding phase difference is
updated with the further phase estimate for the current frame,
and wherein the updating of the at least one preceding phase
difference with the further phase estimate for the current
frame is dependent on whether the maximum reliability value
is greater than a predetermined value.

34. (canceled)

35. (canceled)

36. The apparatus as claimed in claim 22, wherein the
apparatus configured to determine the at least one current
phase difference between a first channel audio signal and a
second channel audio signal for a current audio frame is
further configured to;

transform the first channel audio signal into a first fre-

quency domain audio signal comprising at least one
frequency domain coefficient;

transform the second channel audio signal into a second

frequency domain audio signal comprising at least one
frequency domain coefficient; and
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determine the difference between the at least one frequency
domain coefficient from the first frequency domain
audio signal and the at least one frequency domain coef-
ficient from the second frequency domain audio signal.

37. The apparatus as claimed in claim 36, wherein the
apparatus configured to calculate the second of the at least one
phase difference estimate dependent on the at least one phase
difference is further configured to:

determine the at least one current phase difference associ-

ated with at least one of the following;

amaximum magnitude frequency domain coefficient from

the first frequency domain audio signal; and
amaximum magnitude frequency domain coefficient from
the second frequency domain audio signal.

38. The apparatus as claimed in claim 36, wherein the at
least one frequency coefficient is a complex frequency
domain coefficient comprising a real component and an
imaginary component, and wherein the apparatus configured
to determine the phase from the frequency domain coefficient
is further configured to:

calculate the argument of the complex frequency domain

coefficient, wherein the argument is determined as the
arc tangent of the ratio of the real component to the
imaginary component.

39. The apparatus as claimed in claim 38, wherein the
complex frequency domain coefficient is a discrete fourier
transform coefficient.

40. The apparatus as claimed in claim 22, wherein the
audio frame is partitioned into a plurality of sub bands, and
the apparatus is configured to process each sub band, and
wherein the phase to time scaling factor is a normalised
discrete angular frequency of a sub band signal associated
with a corresponding sub band of the plurality of sub bands.

41. (canceled)

Aug. 25,2011

42. The apparatus as claimed in claim 22, wherein the at
least one time delay value is an inter channel time delay as
part of a binaural cue coder.

43. (canceled)

44. (canceled)

45. (canceled)

46. (canceled)

47. A computer-readable storage medium carrying one or
more sequences of one or more instructions which, when
executed by one or more processors, cause an apparatus to:

determine at least one current phase difference between a

first channel audio signal and a second channel audio
signal for a current audio frame;

calculate at least one phase difference estimate dependent

on the at least one phase difference;

determine a reliability value for each phase difference esti-

mate by:

determining a phase difference removed first channel audio

signal by adapting the phase of the first channel audio
signal by an amount corresponding to a first portion of
the at least one phase difference estimate;

determining a phase difference removed second channel

audio signal by adapting the phase of the second channel
audio signal by an amount corresponding to a second
portion of the at least one phase difference estimate; and
calculating a normalised correlation coefficient between
the phase difference removed first channel audio signal
and the phase difference removed second audio channel
audio signal and wherein the one or more sequences of
one or more instructions further cause the apparatus to
determine at least one time delay value dependent on the
reliability value for each phase difference estimate.

sk sk sk sk sk
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