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(54) DISTRIBUTED AUDIO MIXING

(57) An apparatus comprises at least one processor
and at least one memory including computer program
code, the at least one memory and the computer program
code configured with the processor to cause the appa-
ratus to perform the following steps. In one step, the ap-
paratus receives a plurality of audio signals representing
captured audio from respective audio sources in a space.
In another step, the apparatus processes the received

audio signals to generate a spatial audio signal for play-
back. The processing comprises identifying a subset of
the audio sources, and responsive to a detected change
in spatial position of one or more of said subset of audio
sources, generating the spatial audio signal so that said
change in spatial position in the generated signal is dif-
ferent from the detected change in spatial position for the
respective audio sources.
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Description

Field

[0001] This relates to distributed audio mixing. The fur-
ther relates to, but it not limited to, methods and appara-
tus for distributed audio capture, mixing and rendering
of spatial audio signals to enable spatial reproduction of
audio signals.

Background

[0002] Spatial audio refers to playable audio data that
exploits sound localisation. In a real world space, for ex-
ample in a concert hall, there will be multiple audio sourc-
es, for example the different members of an orchestra or
band, located at different locations on the stage. The lo-
cation and movement of the sound sources is a param-
eter of the captured audio. In rendering the audio as spa-
tial audio for playback such parameters are incorporated
in the data using processing algorithms so that the lis-
tener is provided with an immersive and spatially oriented
experience.
[0003] Nokia’s Spatial Audio Capture (SPAC) is an ex-
ample technology for processing audio captured via a
microphone array into spatial audio; that is audio with a
spatial percept. The intention is to capture audio so that
when it is rendered to a user the user will experience the
sound field as if they are present at the location of the
capture device.
[0004] An example application of spatial audio is in vir-
tual reality (VR) whereby both video and audio data is
captured within a real world space. In the rendered ver-
sion of the space, i.e. the virtual space, the user, through
a VR headset, can view and listen to the captured video
and audio which has a spatial percept.
[0005] Rendering of captured audio can be complex
and the quality of spatial audio produced in terms of lis-
tener experience can be degraded in current systems,
for example in situations where one or more audio sourc-
es change position or move during capture.

Summary

[0006] According to one aspect, a method comprises:
receiving a plurality of audio signals representing cap-
tured audio from respective audio sources in a space;
processing the received audio signals to generate a spa-
tial audio signal, in which the processing comprises: de-
tecting spatial positions of the audio sources; and respon-
sive to a detected change in spatial position of one or
more of said audio sources, generating the spatial audio
signal so that said change in spatial position in the gen-
erated signal is different from the detected change in spa-
tial position for the respective audio sources.
[0007] The method may further comprise: defining a
group of audio sources from the plurality of audio signals;
and wherein the change in the spatial position in the gen-

erated spatial audio signal depends on the position of
one or more of the other audio sources in said group of
audio sources.
[0008] The method may further comprise receiving a
spatial audio signal associated with a microphone array
configured to provide spatial audio capture, and wherein
the processing comprises generating an updated version
of the spatial audio signal associated with the micro-
phone array.
[0009] The processing may further comprise identify-
ing a subset of the audio sources, and the detecting and
generating steps are performed only in relation to the
subset. The method may further comprise identifying the
subset manually through a user interface. Identifying the
subset may be performed automatically based on at-
tributes of the audio sources. Identifying the subset may
be based on the position of one or more sources in the
space. Identifying the subset may be based on the posi-
tion of the one or more sources relative to a primary
source whose position is permitted to change in the sig-
nal. Identifying the subset may be based on the position
of the one or more sources relative to the position of the
microphone array. The method may further comprise re-
ceiving for each audio source positional data received
from, or derived from, a positioning tag carried by the
audio source. Identifying the subset may be determined
based on the type of audio source. The type of audio
source may be determined by signal analysis of the audio
signals from each audio source. Analysis of the audio
signals may identify a type of vocal performance.
[0010] Analysis of the audio signals may identify a type
of instrument.
[0011] Determination of the audio source type may be
performed by receiving identification data from a tag as-
sociated with the audio source.
[0012] Generating the spatial audio signal may com-
prise controlling the change in spatial position in accord-
ance with one or more position modification rules. Selec-
tion of a position modification rule may be received from
a user through a user interface. The user interface may
display a spatial representation of each audio source to-
gether with the one or more selectable position modifi-
cation rules for each. The, or one of said position modi-
fication rules may prevent a change in spatial position.
The, or one of said position modification rules may com-
prise calculating an average detected change in spatial
position over a predetermined time interval and wherein
the change in spatial position in the signal may be based
on the calculated average.
[0013] Identifying the subset may be determined by
first identifying a group of associated audio sources
based on spatial position, identifying a substantially com-
mon or average change in position for members of the
group, and responsive to detecting a deviation of one or
more members of the group from the average change in
position, generating the spatial audio signal such that
said deviation is not present therein. Generating the spa-
tial audio signal may comprise changing the position of
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the deviating members to substantially track the common
or average change in position. Generating the spatial au-
dio signal may comprise setting the change in position
at a single location, substantially at the centre of the
group. Generating the spatial audio signal may comprise
setting the change in position for all members of the group
to be equidistant from the centre of the group.
[0014] According to a second aspect, an apparatus
comprises at least one processor and at least one mem-
ory including computer program code, the at least one
memory and the computer program code configured with
the processor to cause the apparatus to: receive a plu-
rality of audio signals representing captured audio from
respective audio sources in a space; process the re-
ceived audio signals to generate a spatial audio signal,
in which the processing comprises: detecting spatial po-
sitions of the audio sources; and responsive to a detected
change in spatial position of one or more of said audio
sources, generate the spatial audio signal so that said
change in spatial position in the generated signal is dif-
ferent from the detected change in spatial position for the
respective audio sources.
[0015] The processor may be configured to define a
group of audio sources from the plurality of audio signals,
and wherein the change in the spatial position in the gen-
erated spatial audio signal depends on the position of
one or more of the other audio sources in said group of
audio sources.
[0016] The processor may further cause the apparatus
to receive a spatial audio signal associated with a micro-
phone array configured to provide spatial audio capture,
and to generate an augmented version of the spatial au-
dio signal associated with the microphone array.
[0017] The apparatus may identify the subset is per-
formed by receiving identification data entered manually
through a user interface. Identifying the subset may be
performed automatically based on attributes of the audio
sources. Identifying the subset may be based on the po-
sition of one or more sources in the space. Identifying
the subset may be based on the position of the one or
more sources relative to a primary source whose position
is permitted to change in the signal. Identifying the subset
may be based on the position of the one or more sources
relative to the position of the microphone array.
[0018] The processor may be further configured to re-
ceive for each audio source positional data received
from, or derived from, a positioning tag carried by the
audio source.
[0019] Identifying the subset may be determined
based on the type of audio source. The type of audio
source may be determined by means of the processor
performing signal analysis of the audio signals from each
audio source. The analysis of the audio signals may iden-
tify a type of vocal performance. The analysis of the audio
signals may identify a type of instrument. Determination
of the audio source type may be performed by receiving
identification data from a tag associated with the audio
source.

[0020] The processor may be arranged to generate the
spatial audio signal by controlling the change in spatial
position in accordance with one or more position modifi-
cation rules.
[0021] Selection of the position modification rule may
be received from a user through a user interface provided
by the processor.
[0022] The processor may be configured to display a
spatial representation of each audio source together with
the one or more selectable position modification rules for
each.
[0023] The, or one of said position modification rules
may prevent a change in spatial position.
[0024] The, or one of said position modification rules
may comprise calculating an average detected change
in spatial position over a predetermined time interval and
wherein the change in spatial position in the signal is
based on the calculated average.
[0025] The processor may be configured to identify the
subset by first identifying a group of associated audio
sources based on spatial position, to identify a substan-
tially common or average change in position for members
of the group, and responsive to detecting a deviation of
one or more members of the group from the average
change in position, to generate the spatial audio signal
such that said deviation is not present therein.
[0026] The processor may be configured to generate
the spatial audio signal by changing the position of the
deviating members to substantially track the common or
average change in position.
[0027] The processor may be configured to generate
the spatial audio signal by setting the change in position
at a single location, substantially at the centre of the
group.
[0028] The processor may be configured to generate
the spatial audio signal by setting the change in position
for all members of the group to be equidistant from the
centre of the group.
[0029] The apparatus may be further configured to re-
ceive spatial video signals in association with the audio
signals.
[0030] The processor may be configured to identify the
subset of audio sources based on one or both of the audio
signals and the video signals.
[0031] According to a third aspect, an apparatus com-
prises at least one processor and at least one memory
including computer program code, the at least one mem-
ory and the computer program code configured with the
processor to cause the apparatus to: receive a plurality
of audio signals representing captured audio from re-
spective audio sources in a space; process the received
audio signals to generate a spatial audio signal for play-
back, in which the processing comprises: detecting spa-
tial positions of the audio sources; and responsive to a
detected change in spatial position of one or more of said
audio sources, generating the spatial audio signal so that
said change in spatial position in the generated signal is
different from the detected change in spatial position for
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the respective audio sources.
[0032] According to a fourth aspect, a computer pro-
gram comprises instructions that when executed by a
computer apparatus control it to perform the method of
any preceding definition
[0033] According to a fifth aspect, a non-transitory
computer-readable storage medium is provided having
stored thereon computer-readable code, which, when
executed by at least one processor, causes the at least
one processor to perform a method, comprising: receiv-
ing a plurality of audio signals representing captured au-
dio from respective audio sources in a space; processing
the received audio signals to generate a spatial audio
signal for playback, in which the processing comprises:
detecting spatial positions of the audio sources; and re-
sponsive to a detected change in spatial position of one
or more of said audio sources, generating the spatial au-
dio signal so that said change in spatial position in the
generated signal is different from the detected change in
spatial position for the respective audio sources.
[0034] According to a sixth aspect, apparatus is pro-
vided, the apparatus having at least one processor and
at least one memory having computer-readable code
stored thereon which when executed controls the at least
one processor: to receive a plurality of audio signals rep-
resenting captured audio from respective audio sources
in a space; to process the received audio signals to gen-
erate a spatial audio signal for playback, in which the
processing comprises:

to detect spatial positions of the audio sources; and
responsive to a detected change in spatial position
of one or more of said audio sources, to generate
the spatial audio signal so that said change in spatial
position in the generated signal is different from the
detected change in spatial position for the respective
audio sources.

Brief Description of the Drawings

[0035] Embodiments will now be described, by way of
non-limiting example, with reference to the accompany-
ing drawings, in which:

Figure 1 is a schematic representation of a distrib-
uted audio capture scenario, including use of a ren-
dering apparatus according to embodiments;
Figure 2 is a schematic diagram illustrating compo-
nents of the Figure 1 rendering apparatus;
Figure 3 is a flow diagram showing method steps of
audio capture and rendering according to an embod-
iment;
Figure 4a is a graphical representation of a real-
world space in which audio sources may move;
Figure 4b is a screenshot of a User Interface (UI)
indicating resulting filtered movement in the spatial
sound field resulting from use of embodiments here-
in;

Figure 5 is a flow diagram showing method steps in
one example filtering operation;
Figure 6 is a screenshot of a UI indicating how a user
can select the Figure 5 filtering;
Figure 7 is a screenshot of a UI indicating another
example filtering operation;
Figure 8 is a flow diagram showing method steps in
the Figure 7 filtering operation;
Figure 9 is a screenshot of a UI indicating another
example filtering operation;
Figure 10 is a flow diagram showing method steps
in the Figure 9 filtering operation;
Figure 11 is a screenshot of a UI indicating another
example filtering operation;
Figures 12a and 12b are schematic representations
indicating different methods of filtering movement in
virtual space for associated groups of audio sources;
Figure 13 is a schematic diagram indicating function-
al components used in capture and rendering stages
of an apparatus according to embodiments;
Figure 14 is a an overview of an example method of
determining characteristics of an audio signal, which
may be useful in the method steps of any embodi-
ment herein;
Figure 15 is a flowchart of a method according to
Figure 14; and
Figure 16 is an overview of a process for obtaining
multiple types of acoustic features in the method of
claim Figure 15.

Detailed Description of Embodiments

[0036] Embodiments herein relate to systems and
methods relating to the capture and rendering of spatial
audio data for playback. In particular, the embodiments
relate to distributed spatial and rendering methods in
which there are multiple audio sources which may move
within a virtual space over time. Each audio source gen-
erates respective audio signals and, in some embodi-
ments, positioning information for use by the system. An
example application is in a VR capture and rendering
system in which video is also captured and rendered to
provide an immersive user experience. Nokia’s OZO
(RTM) VR camera is used as an example of a VR capture
device which comprises a microphone array to provide
a spatial audio signal, but it will be appreciated that the
embodiments are not limited to VR applications nor the
use of microphone arrays at the capture point.
[0037] Referring to Figure 1, an overview of a VR cap-
ture scenario 1 is shown together with a first embodiment
capture and rendering system (CRS) 15 with associated
user interface 16. The Figure shows in plan-view a real
world space 3 which may be for example a concert hall
or other music venue. The CRS 15 is applicable to any
real world space, however. A VR device 6 for video and
spatial audio capture is supported on a floor 5 of the space
3 in front of multiple audio sources, in this case a band;
the position of the VR device 6 is known, e.g. through
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predetermined positional data or signals derived from a
positioning tag on the VR device (not shown). The VR
device 6 comprises a microphone array configured to
provide spatial audio capture.
[0038] The band may be comprised of multiple mem-
bers each of which has an associated external micro-
phone or (in the case of guitarists) a pick-up feed provid-
ing audio signals. Each may therefore be termed an audio
source for convenience. In other embodiments, other
types of audio source can be used. The audio sources
in this case comprise a lead vocalist 7, a drummer 8, lead
guitarist 9, bass guitarist 10, and three members of a
choir or backing singers 11, 12, 13 which members are
spatially close together in a group.
[0039] As well as having an associated microphone or
audio feed, the audio sources 7 - 13 carry a positioning
tag which can be any module capable of indicating
through data its respective spatial position to the CRS
15. For example the positioning tag may be a high accu-
racy indoor positioning (HAIP) tag which works in asso-
ciation with one or more HAIP locators 20 within the
space 3. HAIP systems use Bluetooth Low Energy (BLE)
communication between the tags and the one or more
locators 20. For example, there may be four HAIP loca-
tors mounted on, or placed relative to, the VR device 6.
A respective HAIP locator may be to the front, left, back
and right of the VR device 6. Each tag sends BLE signals
from which the HAIP locators derive the tag, and there-
fore, audio source location.
[0040] In general, such direction of arrival (DoA) posi-
tioning systems are based on (i) a known location and
orientation of the or each locator, and (ii) measurement
of the DoA angle of the signal from the respective tag
towards the locators in the locators’ local co-ordinate sys-
tem. Based on the location and angle information from
one or more locators, the position of the tag can be cal-
culated using geometry.
[0041] The CRS 15 is a processing system having an
associated user interface (UI) 16 which will explained in
further detail below. As shown in Figure 1, it receives as
input from the capture device 6 spatial audio and video
data, and positioning data, through a signal line 17. Al-
ternatively, the positioning data can be received from the
HAIP locator 20. The CRS 15 also receives as input from
each of the audio sources 7 - 13 audio data and position-
ing data from the respective positioning tags, or the HAIP
locator 20, through separate signal lines 18. The CRS
15 generates spatial audio data for output to a user device
19, such as a VR headset with video and audio output.
[0042] The input audio data can be multichannel audio
in loudspeaker format, e.g. stereo signals, 4.0 signals,
5.1 signals, Dolby Atmos (RTM) signals or the like. In-
stead of loudspeaker format audio, the input can be in
the multi microphone signal format, such as the raw eight
signal input from the OZO VR camera, if used for the
capture device 6.
[0043] Figure 2 shows an example schematic diagram
of components of the CRS 15. The CRS 15 has a con-

troller 22, a touch sensitive display 24 comprised of a
display part 26 and a tactile interface part 28, hardware
keys 30, a memory 32, RAM 34 and an input interface
36. The controller 22 is connected to each of the other
components in order to control operation thereof. The
touch sensitive display 24 is optional, and as an alterna-
tive a conventional display may be used with the hard-
ware keys 30 and/or a mouse peripheral used to control
the CRS 15 by conventional means.
[0044] The memory 32 may be a non-volatile memory
such as read only memory (ROM) a hard disk drive (HDD)
or a solid state drive (SSD). The memory 32 stores,
amongst other things, an operating system 38 and soft-
ware applications 40. The RAM 34 is used by the con-
troller 22 for the temporary storage of data. The operating
system 38 may contain code which, when executed by
the controller 22 in conjunction with RAM 34, controls
operation of each of hardware components of the termi-
nal.
[0045] The controller 22 may take any suitable form.
For instance, it may be a microcontroller, plural micro-
controllers, a processor, or plural processors.
[0046] In embodiments herein, the software applica-
tion 40 is configured to provide video and distributed spa-
tial audio capture, mixing and rendering to generate a
VR environment, or virtual space, including the rendered
spatial audio. The software application 40 also provides
the UI 16 shown in Figure 1, through its output to the
display 24 and receives user input through the tactile
interface 28 or other input peripherals such as the hard-
ware keys 30 or a mouse (not shown). The mixing stage,
which forms a sub-part of the rendering stage in this case,
may be performed manually through the UI 16 or all or
part of said mixing stage may be performed automatical-
ly. The software application 40 may render the virtual
space, including the spatial audio, using known signal
processing techniques and algorithms based on the mix-
ing stage.
[0047] The input interface 36 receives video and audio
data from the capture device 6, such as Nokia’s OZO
(RTM) device, and audio data from each of the audio
sources 7 - 13. The input interface 36 also receives the
positioning data from (or derived from) the positioning
tags on each of the capture device 6 and the audio sourc-
es 7 - 13, from which can be made an accurate determi-
nation of their respective positions in the real world space
3.
[0048] The software application 40 may be configured
to operate in any of real-time, near real-time or even of-
fline using pre-stored captured data.
[0049] One example aspect of the mixing stage of soft-
ware application 40 is controlling how audio sources
move, or change position, in the rendered virtual space
responsive to detected movement in the captured real
world space 3. In this respect, during capture it is some-
times the case that audio sources move. For example,
in the Figure 1 situation, any one of the audio sources 7
- 13 may move over time, as therefore will their respective
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audio position with respect to the capture device 6 and
also to each other. Commonly, users may be used to
static sources where the audio source is generally cen-
tral. When audio sources move, the rendered result may
be overwhelming and distracting.
[0050] To handle real world movement, the software
application 40 may be configured to restrict or filter move-
ment of a subset of the audio sources 7 - 13 when ren-
dering the spatial audio part of the virtual space. This
restriction / filtering is performed based on a number of
attributes, to be described below, some of which can be
set manually through the UI 16 and some of which can
be handled automatically by predetermined algorithms.
[0051] Figure 3 shows an overview flow diagram of the
capture, mixing and rendering stages of software appli-
cation 40. As mentioned, the mixing and rendering stages
may be combined. First, video and audio capture is per-
formed in step 3.1; next mixing is performed in step 3.2,
followed by rendering in step 3.3. Mixing (step 3.2) may
be dependent on a manual or automatic control step 3.4
which may be based on attributes of the captured video
and/or audio. Other attributes may be used.
[0052] Examples of how the mixing step 3.2 may be
performed will now be described.
[0053] In a first example, a determination may be made
as to the one or most important audio sources 7 - 13 at
each point in time. The remaining audio sources are as-
signed to a subset subject to filtering or restriction, mean-
ing that their position in virtual space does not track real-
world movement. The most important audio sources are
permitted to move, meaning that the spatial position of
their corresponding audio signals also move, typically to
closely track the real world movement. Filtering or restric-
tion of the remaining subset may mean preventing their
movement completely (freezing / no movement) or limit-
ing movement by filtering, e.g. using time-based averag-
ing.
[0054] Referring to Figure 4a, which is similar to Figure
1, in this real world scenario the CRS 15 may determine
that the lead vocalist 7 is the most important and therefore
its captured sound is allowed to move in the rendered
virtual space 42, represented graphically in Figure 4b.
The remaining audio sources 8 - 13 are in this case frozen
or restricted in terms of rendered movement. Figure 4b
shows the result of the lead vocalist 7 and the lead gui-
tarist 9 moving during capture, which is indicated in Fig-
ure 4a by the dotted arrows. The other audio sources 8,
10, 11, 12, 13 are also frozen from movement.
[0055] Figure 5 shows the processing steps performed
by the CRS 15 through software application 40. The cap-
turing step 5.1 is followed by the step 5.2 of identifying
the most important source (MIS). Step 5.3 mixes the au-
dio so as to allow movement of the MIS and to prevent
movement of the other audio sources. Rendering takes
place in step 5.4 in accordance with said mixing step 5.3.
The feedback arrow indicates that the steps 5.1 - 5.4 may
be repeated over time.
[0056] Determination of the MIS can be done using

various methods. One method is for the CRS 15 to ana-
lyse the position of each audio source 7 - 13 by means
of the positioning tags, and/or using the captured video
data from capture device 6. The front and centre posi-
tioning of the audio source 7 in this case is indicative of
its importance relative to the others. Alternatively, or ad-
ditionally, the spatial audio signal from the capture device
6 and/or audio signals from each of the audio sources 7
- 13 can be analysed by the CRS 15 to determine the
most important sound. For example, the sound indicative
of the lead melody or vocals may be indicative of the
most important source.
[0057] The MIS may also be identified manually
through the UI 16. Figure 6 shows an example screenshot
of the UI 16 which shows the detected positions of the
audio sources within the space 3, the UI permitting man-
ual selection of whether a source is movable (M) or
fixed/frozen (F). Clicking or touching on a source may
toggle between M and F or a drop down menu can provide
the options. Further filtering options can be provided.
[0058] In a second example, one or more anchor
sources is or are determined and their position is fixed
or filtered in a manner similar to the first example. For
example, referring to the UI 16 representation of Figure
7, audio sources corresponding to drums 8, lead guitar
9 and bass guitar 10 are identified and restricted. Re-
striction here may mean freezing or fixing the position.
The respective positions of these audio sources 8 - 10
may still be obtained and tracked using the tag-based
positioning, and rather than fixing or freezing their posi-
tion, their position may be filtered using a long term av-
erage position of each tag. In this context, long term may
mean one minute, but shorter or longer periods may be
used. The average position after one minute, to take this
example, may indicate an allowed degree of movement
in the rendered version. Figure 8 shows the main
processing steps, comprised of capture (step 8.1), iden-
tifying anchor sources (step 8.2), mixing (step 8.3) and
rendering (step 8.4).
[0059] As before, setting the anchor sources may be
performed automatically by position, audio analysis or
by other means, or manually through the UI 16. Filtering
parameters may also be set through the UI 16, e.g. to
set the averaging period.
[0060] In a third example, source movement may de-
pend on the input signal type over time. Referring to Fig-
ure 9, for example, the lead guitarist 9 may be playing a
guitar solo at a point in time and so is considered an
important source and allowed to move, as is the lead
vocalist 7. When the guitar solo ends, and reverts back
to an accompanied performance, the source may be-
come frozen or filtered as before.
[0061] As another example, the vocalisation type for
the lead vocalist 7 may change over time; speaking or
whistling can be identified by signal analysis and at this
time the source position is frozen or time-filtered as ex-
plained above. When the vocalisation type changes to
singing, normal movement may be enabled.

9 10 
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[0062] A method for detecting singing from non-singing
type vocalisation is described in Berenzweig, A.L. and
Ellis, D.P.W. "Locating Singing Voice Segments within
Music Signals" Applications of Signal Processing to Au-
dio and Acoustics, 2001, IEEE Workshop on the,
2001,119-122.
[0063] This may be used to identify a speech-type
monologue from singing, which may be the basis of MIS
determination.
[0064] A further method of identifying audio signal type,
e.g. for identifying singing, speaking, a change in vocal-
isation or the presence of a particular instrument or mu-
sical genre, is described in PCT/F12014/051036 the con-
tents of which are incorporated herein by reference. An
overview of the system and method described therein is
described later on.
[0065] A generalised method may comprise training a
model, for example a Gaussian mixture model or a neural
network for the classes to be classified, e.g. singing,
speaking, shouting etc. For the training stage, a set of
audio files is obtained where the vocal type is known.
From the audio files, a set of representative features are
extracted; suitable features may be, for example, mel-
frequency cepstral coefficients and the fundamental fre-
quency (fo). Also, other features related to, for example,
voice characteristics can be used.
[0066] Using the features, the models are then trained
to represent typical feature values of different vocalisa-
tion types, in the case of a Gaussian mixture model, or
a neural network is trained to discriminate between the
different vocalisation types given the features. Online
classification is then performed by extracting the same
features from the input signal, and then evaluating which
model has the highest likelihood of having generated the
features (Gaussian mixture model) or which category
gives the largest output value (neural network).
[0067] The actions to be taken responsive to signal
type can be set using the mixing UI 16. The UI 16 can
enable the operator to identify input signal types and as-
sociate each with different restrictions or filtered move-
ments, for example. The manner in which the mixing op-
erator sets the restrictions can cater for a variety of situ-
ations. For creating fast mixes, e.g. for live situations, the
system may have a set of presets which can be applied.
The behaviour indicated in Figure 9 may be one example
preset. Figure 10 shows the main processing steps, com-
prised of capture (step 10.1), identification of signal type
(step 10.2), mixing based on presets or rules (step 10.3)
and rendering (step 10.4). In this case, the rules in step
10.3 assign certain types of signal to be moved and other
types to be restricted; this represents a first preset, which
can itself be modified over time to apply different rules.
[0068] In a fourth example, the CRS 15 is configured
to filter or restrict movement within a group of associated
audio sources. Referring to Figure 11, the choir members
11 - 13 are spatially close to one another and identified
to the CRS 15 manually or automatically as a group. Each
of the choir members 11 - 13 has a positioning tag, but

the CRS 15 may be configured to receive, or generate,
a single source position which may be the middle or mean
position of the group members, notwithstanding any
movement or change in position. This may be desirable
if we wish to have a single sound source that represents
the whole group rather than using individual spatial po-
sitions. Alternatively, the individual sounds from each
group member 11 - 13 may be adjusted so that they are
equidistant from the group centre.
[0069] In a fifth example, the CRS 15 is again config-
ured to filter or restrict movement with a group of asso-
ciated audio sources, and in this case the CRS selectively
filters the group movement so that coherent movement
(all members moving in generally the same direction) is
allowed in the rendered output, but movement in inco-
herent (different) directions is filtered, frozen and/or ad-
justed. This may be performed by determining a refer-
ence movement direction and subsequently filtering
movement based on deviation of one or more group
members. As an example, the CRS 15 may measure the
most common movement direction and identifies if one
or more group members deviate from the common direc-
tion.
[0070] Referring to Figure 12a, which shows only the
group of choir audio sources 11 - 13 from Figure 1, the
CRS 15 when detecting coherent movement allows that
movement in the rendered version as shown. Referring
to Figure 12b, the CRS 15 when detecting that one or
more members (in this case the choir source 13) deviates
away from the common movement, moves that member
in the direction of common movement in contrast to their
actual movement.
[0071] The CRS 15 may be user adjustable. For ex-
ample, when there is a sufficient amount of coherent
movement, all movement from the selected group is ren-
dered. Other movement functions may be provided.
[0072] In the UI 16, the locator tags as before can be
visualised and grouped. The mixer operator may select
tags to form a group and then select an appropriate func-
tion for that group. Another example is to draw a rectangle
or other shape to select tags within the area and then
select an appropriate function for that group.
[0073] In a sixth example, the CRS 15 can filter move-
ment of audio sources 7 - 13 based on the listener location
within the virtual space. The CRS 15 can in real time
determine the movement direction and/or velocity with
reference to the listener location and through audio
processing determine if it is audibly acceptable or pleas-
ing, or not. For example, movement of a particular source
when the listener is positioned directly in front of that
source may be acceptable. However, if the listener were
to move closer to, and to one side of, the same source,
this may result in significant sideways movement produc-
ing unacceptable results. In this case, filtering can be
applied, for example to reposition the audio source front
and centre of the listener’s position.
[0074] Referring now to Figure 13, an example sche-
matic representation of capture and rendering parts of
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the Figure 1 scenario is shown, some parts of which are
provided by the CRS 15, in terms of functional compo-
nents for mixing and rendering. For ease of explanation,
the Figure 13 shows separate capture and rendering
parts 101, 103 with mixing being performed as part of
the rendering part.
[0075] In this example, there is shown only one audio
signal source, indicated by reference numeral 111; how-
ever in practice there will be multiple such sources each
of which may move in real world space. The audio source
is in this example a Lavalier microphone 111 associated
with a movable person, e.g. a singer.
[0076] The Lavalier microphone 111 is an example of
a ’close’ audio source capture apparatus and may in
some embodiments be a boom microphone or similar
neighbouring microphone capture system. Although the
following examples are described with respect to a Lav-
alier microphone and thus a Lavalier audio signal the
concept may be extended to any microphone external or
separate to e.g. the microphones or array of microphones
of the capture device 5 configured to capture the spatial
audio signal. Thus the concept is applicable to any ex-
ternal/additional microphones in addition to a spatial au-
dio capture (SPAC) microphone array, used in the OZO
device, be they Lavalier microphones, hand held micro-
phones, mounted mics, etc. The external microphones
can be worn/carried by persons or mounted as close-up
microphones for instruments or a microphone in some
relevant location which the designer wishes to capture
accurately. The Lavalier microphone 111 may in some
embodiments be a microphone array. The Lavalier mi-
crophone typically comprises a small microphone worn
around the ear or otherwise close to the mouth. For other
sound sources, such as musical instruments, the audio
signal may be provided either by a Lavalier microphone
or by an internal microphone system of the instrument
(e.g., pick-up microphones in the case of an electric gui-
tar).
[0077] The Lavalier microphone 111 may be config-
ured to output the captured audio signals to a variable
delay compensator 117. The Lavalier microphone may
be connected to a transmitter unit (not shown), which
wirelessly transmits the audio signal to a receiver unit
(not shown).
[0078] Furthermore the capture part 101 comprises a
Lavalier (or close source) microphone position tag 112.
The Lavalier microphone position tag 112 may be con-
figured to determine information identifying the position
or location of the Lavalier microphone 111 or other close
microphone. It is important to note that microphones worn
by people may be freely moved in the acoustic space
and the system supporting location sensing of wearable
microphone may support continuous sensing of user or
microphone location. The Lavalier microphone position
tag 112 may be configured to output this determination
of the position of the Lavalier microphone to a position
tracker 115.
[0079] The capture part 101 comprises a spatial audio

capture device 113 which corresponds to the capture de-
vice 5 in Figure 2. The spatial audio capture device 113
is an example of an ’audio field’ capture apparatus and
may in some embodiments be a directional or omnidirec-
tional microphone array. The spatial audio capture device
113 may be configured to output the captured audio sig-
nals to a variable delay compensator 117.
[0080] Furthermore the capture part 101 may comprise
a spatial capture position tag 114. The spatial capture
position tag 114 may be configured to determine infor-
mation identifying the position or location of the spatial
audio capture device 113. The spatial capture position
tag 114 may be configured to output this determination
of the position of the spatial capture microphone to the
position tracker 115. In the case the position tracker is
co-located with the capture apparatus or the position of
the capture apparatus with respect to the position tracker
is otherwise known, and location data is obtained in re-
lation to the capture apparatus, the capture apparatus
does not need to comprise a position tag.
[0081] In some embodiments the spatial audio capture
device 113 is implemented within a mobile device. The
spatial audio capture device is thus configured to capture
spatial audio, which, when rendered to a listener, enables
the listener to experience the sound field as if they were
present in the location of the spatial audio capture device.
The Lavalier microphone 111 in such embodiments may
be configured to capture high quality close-up audio sig-
nals (for example from a key person’s voice, or a musical
instrument). When mixed to the spatial audio field, the
attributes of the key source such as gain, timbre and spa-
tial position may be adjusted in order to provide the lis-
tener with a much more realistic immersive experience.
In addition, it is possible to produce more point-like au-
ditory objects, thus increasing the engagement and in-
telligibility.
[0082] The capture part 101 furthermore may comprise
a position tracker 115. The position tracker 115 may be
configured to receive the positional tag information iden-
tifying positions of the Lavalier microphone 111 and the
spatial audio capture device 113 and generate a suitable
output identifying the relative position of the Lavalier mi-
crophone 111 relative to the spatial audio capture device
113 and output this to the render apparatus 103 and spe-
cifically in this example to a location date filtering model
120. Furthermore in some embodiments the position
tracker 115 may be configured to output the tracked po-
sition information to a variable delay compensator 117.
[0083] Thus in some embodiments the locations of the
Lavalier microphones (or the persons carrying them) with
respect to the spatial audio capture device 113 may be
tracked and used for mixing the sources to correct spatial
positions. In some embodiments the position tags name-
ly, the microphone position tag 112 and the spatial cap-
ture position tag 114 may be implemented using High
Accuracy Indoor Positioning (HAIP) or another suitable
indoor positioning technology. In some embodiments, in
addition to or instead of HAIP, the position tracker may
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use video content analysis and/or sound source locali-
zation, as will be explained below.
[0084] The capture part 101 furthermore may comprise
a variable delay compensator 117 configured to receive
the outputs of the Lavalier microphone 111 and the spa-
tial audio capture device 113. Furthermore in some em-
bodiments the variable delay compensator 117 may be
configured to receive source position and tracking infor-
mation from the position tracker 115. The variable delay
compensator 117 may be configured to determine any
timing mismatch or lack of synchronisation between the
close audio source signals and the spatial capture audio
signals and determine the timing delay which would be
required to restore synchronisation between the signals.
In some embodiments the variable delay compensator
117 may be configured to apply the delay to one of the
signals before outputting the signals to the render appa-
ratus 103 and specifically in this example to the audio
renderer 121. The timing delay may be referred as being
a positive time delay or a negative time delay with respect
to an audio signal. For example, denote a first (spatial)
audio signal by x, and another (Lavalier) audio signal by
y. The variable delay compensator 117 is configured to
try to find a delay T, such that x(n)=y(n-T). Here, the delay
T can be either positive or negative.
[0085] The capture stage 101 furthermore may com-
prise a camera 118 configured to capture video signals;
the camera 118 may be a single camera or array of cam-
eras, as in the OZO device example, in which spatial
video signals are produced. In some embodiments, the
camera 118 may form part of the same physical unit as
the spatial audio capture device 113.
[0086] The capture stage 101 further may comprise a
content analysis module 119 which receives both the vid-
eo signals from the camera 118 and audio from the var-
iable time delay compensator 117, which corrects for any
timing mismatch or lack of synchronisation between the
close audio signals, the spatial capture audio signals and
the video signals. The output from the content analysis
module 119 is provided to the rendering stage 103.
[0087] Also provided to the rendering stage 103 are
signals from the position tracker 115 and the signals from
the time delay compensator 117.
[0088] In some embodiments, the render part 103 com-
prises a head tracker 123. The head tracker 123 may be
any suitable means for generating a positional input, for
example a sensor attached to a set of headphones con-
figured to monitor the orientation of the listener, with re-
spect to a defined or reference orientation and provide a
value or input which can be used by the audio renderer
121. The head tracker 123 may in some embodiments
be implemented by at least one gyroscope and/or digital
compass.
[0089] In some embodiments, the render part 103 com-
prises a location data filtering module 120 which takes
as input the unfiltered HAIP location data from the posi-
tion tracker 115, and the audio-visual content analysis
data from the content analysis module 119.

[0090] The render part 103 comprises an audio ren-
derer 121. The audio renderer 121 is configured to re-
ceive output for the location data filtering module 120.
The audio renderer 121 can furthermore be configured
to receive an input from the head tracker 123. Further-
more the audio renderer 121 can be configured to receive
other user inputs for example entering manually through
the UI 16. The audio renderer 121, as described herein
in further detail later, can be configured to mix together
the audio signals, namely the Lavalier microphone audio
signals and the spatial audio signals based on the posi-
tional information and/or the head tracker inputs in order
to generate a mixed audio signal in accordance with the
methods and rules described above to cater for detected
movement over time. The mixed audio signal can for ex-
ample be passed to headphones 125. However the out-
put mixed audio signal can be passed to any other suit-
able audio system for playback (for example a 5.1 chan-
nel audio amplifier).
[0091] In some embodiments the audio renderer 121
may be configured to perform spatial audio processing
on the audio signals from the microphone array and from
the close microphone.
[0092] The Lavalier audio signal is from the Lavalier
microphones and the spatial audio captured by the mi-
crophone array and processed with the spatial analysis
may in some embodiments be combined by the audio
renderer to a single binaural output which can be listened
through headphones.
[0093] The spatial audio signal may be converted into
a multichannel signal. The multichannel output may then
be binaurally rendered, and summed with binaurally ren-
dered Lavalier source signals.
[0094] The rendering may be described initially with
respect to a single (mono) channel, which can be one of
the multichannel signals from the spatial audio signal or
one of the Lavalier sources. Each channel in the mul-
tichannel signal set may be processed in a similar man-
ner, with the treatment for Lavalier audio signals and mul-
tichannel signals having the following differences:

1) The Lavalier audio signals have time-varying lo-
cation data (direction of arrival and distance) where-
as the multichannel signals are rendered from a fixed
location.
2) The ratio between synthesized "direct" and "am-
bient" components may be used to control the dis-
tance perception for Lavalier sources, whereas the
multichannel signals are rendered with a fixed ratio.
3) The gain of Lavalier signals may be adjusted by
the user whereas the gain for multichannel signals
is kept constant.

[0095] The render part 103 in some embodiments may
comprise headphones 125. The headphones can be
used by the listener to generate the audio experience
using the output from the audio renderer 121.
[0096] Thus based on the location tracking, the Lava-
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lier microphone signals can be mixed to suitable spatial
positions in the spatial audio field in accordance with pre-
determined rules or user input. The rendering can be
done by rendering the spatial audio signal using virtual
loudspeakers with fixed positions, and the captured Lav-
alier source is rendered from a time varying position.
Thus, the audio renderer 121 is configured to control the
azimuth, elevation, and distance of the Lavalier or close
source based on the tracked position data and the filtering
rules.
[0097] Moreover, the user may be allowed to adjust
the gain and/or spatial position of the Lavalier source
using the output from the head-tracker 123. For example
by moving the listeners head the head-tracker input may
affect the mix of the Lavalier source relative to the spatial
sound. This may be changing the ’spatial position’ of the
Lavalier source based on the head-tracker or by chang-
ing the gain of the Lavalier source where the head-tracker
input is indicating that the listener’s head is ’towards’ or
’focussing’ on a specific source. Thus the mixing/render-
ing may be dependent on the relative position/orientation
of the Lavalier source and the spatial microphones but
also be dependent on the orientation of the head as
measured by the head-tracker. In some embodiments
the user input may be any suitable user interface input,
such as an input from a touchscreen indicating the lis-
tening direction or orientation.
[0098] Alternatively to a binaural rendering (for head-
phones), a spatial downmix into a 5.1 channel format or
other format could be employed. In this case, the Lavalier
or close source can in some embodiments mixed to its
’proper’ spatial position using known amplitude panning
techniques.
[0099] For completeness, an overview of one method
for identifying audio signal type is now given with refer-
ence to Figures 14 to 16. Further details are provided in
in PCT/FI2014/051036. The method may be used in the
MIS identification step previously described. This method
generally involves:

(i) determining one or more acoustic features of au-
dio data,
(ii) generating at least one first classification based
on the one or more determined acoustic features us-
ing a first classifier,
(iii) generating at least one second classification
based on the one or more determined acoustic fea-
tures using at least one second classifier, which is
different from the first,
(iv) generating a third classification based on said
first and second classifications using a third classi-
fier, and
(v) providing classification data, or tags, for the audio
data based on said third classification.

[0100] Any one of the classifications can be used
alongside selection rules to determine the MIS.
[0101] The first classifier and the third classifier may

be a non-probabilistic classifier, such as a support vector
machine (SVM) classifier. The second classifier may be
a probabilistic classifier, for example based on one or
more Gaussian Mixture Models (GMMs). The classifica-
tion data (or tags, as they are described in the reference)
may indicate one or more of the following characteristics
for determining the MIS using the predefined rules: a mu-
sical instrument, the presence or absence of vocals
and/or a vocalist gender, presence or absence of music
and a musical genre. This assumes that the audio data
is music. In other embodiments, the audio data may com-
prise spoken word elements or a combination of music
and spoken word elements.
[0102] Figure 14 is an overview of a method of deter-
mination of tag information for the audio track. Acoustic
features 131 of the audio are extracted and input to first
level classifiers 132 to generate first level classifications
for the audio track. In this example, first classifiers 133
and second classifiers 134 are used to generate first and
second classifications respectively. In the embodiments
to be described below, the first classifiers 133 are non-
probabilistic classifiers, while the second classifiers 134
are probabilistic classifiers. The first and second classi-
fications generated by the first level classifiers 132 are
provided as inputs to a second level classifier 135. One
or more second level classifications are generated by the
second level classifier 135, based at least in part on the
first and second classifications. In the embodiments to
be described below, the second level classifiers 135 in-
clude a third classifier 136, which outputs a third classi-
fication. One or more tags 137 are generated, based on
the second level classifications. Such tags 137 may be
stored by a tagging module 138 for determining the MIS.
[0103] The method will now be described in more de-
tail, with reference to Figures 15 and 16.
[0104] Beginning at step s15.0 of Figure 15, if the re-
ceived input signal is in a compressed format, such as
MPEG-1 Audio Layer 3 (MP3), Advanced Audio Coding
(AAC) and so on, the input signal is decoded into pulse
code modulation (PCM) data (step s15.1). In this partic-
ular example, the samples for decoding are taken at a
rate of 44.1 kHz and have a resolution of 16 bits.
[0105] Next, acoustic features 131 or descriptors are
extracted which indicate characteristics of the audio track
(step s13.2). In this particular embodiment, the features
131 are based on mel-frequency cepstral coefficients
(MFCCs). In other embodiments, other features such as
fluctuation pattern and danceability features, beats per
minute (BPM) and related features, chorus features and
other features may be used instead of, or as well as
MFCCs. An example method for extracting acoustic fea-
tures 131 from the input signal at step s15.2 is described
in detail in PCT/FI2014/051036. As described therein,
the audio features 131 produced at step 15.2 may include
one or more of:

- a MFCC matrix for the audio track;
- first and, optionally, second time derivatives of the
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MFCCs, also referred to as "delta MFCCs";
- a mean of the MFCCs of the audio track;
- a covariance matrix of the MFCCs of the audio track;
- an average of mel-band energies over the audio

track, based on output from the channels of the filter
bank obtained;

- a standard deviation of the mel-band energies over
the audio track;

- an average logarithmic energy over the frames of
the audio track, obtained as an average of cmel(O)
over a period of time obtained;

- a standard deviation of the logarithmic energy;
- a median fluctuation pattern over the song;
- a fluctuation pattern bass feature;
- a fluctuation pattern gravity feature;
- a fluctuation pattern focus feature;
- a fluctuation pattern maximum feature;
- a fluctuation pattern sum feature;
- a fluctuation pattern aggressiveness feature;
- a fluctuation pattern low-frequency domination fea-

ture;
- a danceability feature (detrended fluctuation analy-

sis exponent for at least one predetermined time
scale);and

- a club-likeness value.
- an average of an accent signal in a low, or lowest,

frequency band;
- a standard deviation of said accent signal;
- a maximum value of a median or mean of periodicity

vectors;
- a sum of values of the median or mean of the peri-

odicity vectors;
tempo indicator for indicating whether a tempo iden-
tified for the input signal is considered constant, or
essentially constant, or is considered non-constant,
or ambiguous;

- a first BPM estimate and its confidence;
- a second BPM estimate and its confidence;
- a tracked BPM estimate over the audio track and its

variation;
- a BPM estimate from a lightweight tempo estimator.

[0106] Example techniques for beat tracking, using ac-
cent information, are disclosed in US published patent
application no. 2007/240558 A1, US patent application
no. 14/302,057, International (PCT) published patent ap-
plication nos. WO2013/164661 A1 and WO2014/001849
A1, the disclosures of which are hereby incorporated by
reference. In one example beat tracking method, de-
scribed in GB 1401626.5, one or more accent signals are
derived from the input signal, for detection of events
and/or changes in the audio track. A first one of the accent
signals may be a chroma accent signal based on funda-
mental frequency Fo salience estimation, while a second
one of the accent signals may be based on a multi-rate
filter bank decomposition of the input signal. A BPM es-
timate may be obtained based on a periodicity analysis
for extraction of a sequence of periodicity vectors on the

basis of the accent signals, where each periodicity vector
includes a plurality of periodicity values, each periodicity
value describing the strength of periodicity for a respec-
tive period length, or "lag". A point-wise mean or median
of the periodicity vectors over time may be used to indi-
cate a single representative periodicity vector over a time
period of the audio track. For example, the time period
may be over the whole duration of the audio track. Then,
an analysis can be performed on the periodicity vector
to determine a most likely tempo for the audio track. One
example approach comprises performing k-nearest
neighbours regression to determine the tempo. In this
case, the system is trained with representative music
tracks with known tempo. The k-nearest neighbours re-
gression is then used to predict the tempo value of the
audio track based on the tempi of k-nearest representa-
tive tracks. More details of such an approach have been
described in Eronen, Klapuri, "Music Tempo Estimation
With k -NN Regression", IEEE Transactions on Audio,
Speech, and Language Processing, Vol. 18, Issue 1,
pages 50-57, the disclosure of which is incorporated
herein by reference.
[0107] Chorus related features that may be extracted
at step s15.2 include: a chorus start time; and a chorus
end time.
[0108] Example systems and methods that can be
used to detect chorus related features are disclosed in
US 2008/236371 A1, the disclosure of which is hereby
incorporated by reference in its entirety.
[0109] Other features that may be used as additional
input include:

a duration of the audio track in seconds,
an A-weighted sound pressure level (SPL);
a standard deviation of the SPL;
an average brightness, or spectral centroid (SC), of
the audio track, calculated as a spectral balancing
point of a windowed FFT signal magnitude in frames
of, for example, 40 ms in length;
a standard deviation of the brightness;
an average low frequency ratio (LFR), calculated as
a ratio of energy of the input signal below 100Hz to
total energy of the input signal, using a windowed
FFT signal magnitude in 40 ms frames; and
a standard deviation of the low frequency ratio.

[0110] Figure 16 is an overview of a process of extract-
ing multiple acoustic features 131, some or all of which
may be obtained in step s15.2. Figure 16 shows how
some input features are derived, at least in part, from
computations of other input features. The features 131
shown in Figure 16 include the MFCCs, delta MFCCs
and mel-band energies discussed above, indicated using
bold text and solid lines.
[0111] Returning to Figure 15, in steps s15.3 to s15.10,
the method produces the first level classifications, that
is the first classifications and the second classifications,
based on the features 131 extracted in step s15.2. Al-
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though Figure 15 shows steps s15.3 to s15.10 being per-
formed sequentially, in other embodiments, steps s15.3
to s15.7 may be performed after, or in parallel with, steps
s15.8 to s15.10.
[0112] The first and second classifications are gener-
ated using the first classifiers 133 and the second clas-
sifiers 134 respectively, where the first and second clas-
sifiers 133, 134 are different from one another. For in-
stance, the first classifiers 133 may be non-probabilistic
and the second classifiers 134 may be probabilistic clas-
sifiers, or vice versa. In this particular embodiment, the
first classifiers 133 are support vector machine (SVM)
classifiers, which are non-probabilistic. Meanwhile, the
second classifiers 134 are based on one or more Gaus-
sian Mixture Models (GMMs).
[0113] In step s15.3, one, some or all of the features
131 or descriptors extracted in step s15.2, to be used to
produce the first classifications 133, are selected and,
optionally, normalised. For example, a look up table or
database may be stored for each of the first classifica-
tions to be produced, that provides a list of features to
be used to generate each first classifier and statistics,
such as mean and variance of the selected features, that
can be used in normalisation of the extracted features
131. In such an example, the list of features is received
from the look up table, and accordingly the method se-
lects and normalises the listed features for each of the
first classifications to be generated. The normalisation
statistics for each first classification in the database may
be determined during training of the first classifiers 133.
[0114] As noted above, in this example, the first clas-
sifiers 133 are SVM classifiers. The SVM classifiers 133
are trained using a database of audio tracks for which
information regarding musical instruments and genre is
already available. The database may include tens of
thousands of tracks for each particular musical instru-
ment that might be tagged.
[0115] Examples of musical instruments for which in-
formation may be provided in the database include:

Accordion;
Acoustic guitar;
Backing vocals;
Banjo;
Bass synthesizer;
Brass instruments;
Glockenspiel;
Drums;
Eggs;
Electric guitar;
Electric piano;
Guitar synthesizer;
Keyboards;
Lead vocals;
Organ;
Percussion;
Piano;
Saxophone;

Stringed instruments;
Synthesizer; and
Woodwind instruments.

[0116] The training database includes indications of
genres that the audio tracks belong to, as well as indica-
tions of genres that the audio tracks do not belong to. By
analysing features 131 extracted from the audio tracks
in the training database, for which instruments and/or
genre are known, a SVM classifier 133 can be trained to
determine whether or not an audio track includes a par-
ticular instrument, for example, an electric guitar. Simi-
larly, another SVM classifier 133 can be trained to deter-
mine whether or not the audio track belongs to a particular
genre.
[0117] As mentioned above, the training process can
include determining a selection of one or more features
131 to be used as a basis for particular first classifications
and statistics for normalising those features 131. The
number of features available for selection, M, may be
much greater than the number of features selected for
determining a particular first classification, N; that is, M
>> N. The selection of features 131 to be used is deter-
mined iteratively, based on a development set of audio
tracks for which the relevant instrument or genre infor-
mation is available. The normalisation of the selected
features 131 at step s15.3 is optional. Where provided,
the normalization of the selected features 131 in step
s15.3 may potentially improve the accuracy of the first
classifications.
[0118] At step s15.4, the method defines a single "fea-
ture vector" for each set of selected features 131 or se-
lected combination of features 131. The feature vectors
may then be normalized to have a zero mean and a var-
iance of 1, based on statistics determined and stored
during the training process.
[0119] At step s15.5, the method generates one or
more first probabilities that the audio track has a certain
characteristic, corresponding to a potential tag 137,
based on the normalized transformed feature vector or
vectors. A first classifier 133 is used to calculate a re-
spective probability for each feature vector defined in
step s15.4. In this manner, the number of SVM classifiers
133 corresponds to the number of characteristics or tags
137 to be predicted for the audio track.
[0120] In this particular example, a probability is gen-
erated for each instrument tag and for each musical genre
tag to be predicted for the audio track, based on mean
MFCCs and a MFCC covariance matrix. In addition, a
probability may be generated based on whether the audio
track is likely to be an instrumental track or a vocal track.
Also, for vocal tracks, another first classification may be
generated based on whether the vocals are provided by
a male or female vocalist. In other embodiments, the con-
troller may generate only one or some of these probabil-
ities and/or calculate additional probabilities at step 15.5.
The different classifications may be based on respective
selections of features from the available features 131 ex-
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tracted in step s15.2.
[0121] Optionally, a logarithmic transformation may be
applied to the probabilities output by the SVM classifiers
133 (step s15.6), so that the probabilities of all the first
classifications are on the same scale and the optimal
predicated probability threshold may correspond to a pre-
determined value, such as 0.5.
[0122] The first classifications are then output (step
s15.7). The first classifications correspond to the normal-
ized probability pnorm that a respective one of the tags
137 to be considered applies to the audio track. The first
classifications may include probabilities pinst1 that a par-
ticular instrument is included in the audio track and prob-
abilities pgen1 that the audio track belongs to a particular
genre.
[0123] Returning to Figure 15, in steps s15.8 to s15.10,
second classifications for the input signal are based on
the MFCCs and other parameters produced in step
s15.2, using the second classifiers 134. In this particular
example, the features 131 on which the second classifi-
cations are based are the MFCC matrix for the audio
track and the first time derivatives of the MFCCs.
[0124] In steps s15.8 to s15.10, the probabilities of the
audio track including a particular instrument or belonging
to a particular genre are assessed using probabilistic
models that have been trained to represent the distribu-
tion of features extracted from audio signals captured
from each instrument or genre. As noted above, in this
example the probabilistic models are GMMs. Such mod-
els can be trained using an expectation maximisation al-
gorithm that iteratively adjusts the model parameters to
maximise the likelihood of the model for a particular in-
strument or genre generating features matching one or
more input features in the captured audio signals for that
instrument or genre. The parameters of the trained prob-
abilistic models may be stored in a database or in remote
storage.
[0125] For each instrument or genre, at least one like-
lihood is evaluated that the respective probabilistic model
could have generated the selected or transformed fea-
tures from the input signal. The second classifications
correspond to the models which have the largest likeli-
hood of having generated the features of the input signal.
[0126] In this example, probabilities are generated for
each instrument tag at step s15.8 and for each musical
genre tag at step s15.9, as well as a probability whether
the audio track is likely to be an instrumental track or a
vocal track may also be generated. Also, for vocal tracks,
another probability may be generated based on whether
the vocals are provided by a male or female vocalist. In
other embodiments, the method may generate only one
or some of these second classifications and/or calculate
additional second classifications at steps s15.8 and
s15.9.
[0127] In this embodiment, in steps s15.8 and s15.9,
probabilities pinst2 that the instrument tags will apply, or
not apply, are produced by the second classifiers 134
using first and second Gaussian Mixture Models

(GMMs), based on the MFCCs and their first time deriv-
atives calculated in step s15.2. Meanwhile, probabilities
pgen2 that the audio track belongs to a particular musical
genre are produced by the second classifiers 134 using
third GMMs. However, the first and second GMMs used
to compute the instrument-based probabilities pinst2 may
be trained and used slightly differently from third GMMs
used to compute the genre-based probabilities gen2, as
will now be explained.
[0128] In the following, step s15.8 precedes step s15.9.
However, in other embodiments, step s15.9 may be per-
formed before, or in parallel with, step s15.8.
[0129] In this particular example, first and second
GMMs are used to generate the instrument-based prob-
abilities pinst2 (step s15.8),based on MFCC features 131
obtained in step s15.2.
[0130] In step s15.9, for each of the genres that may
be tagged, a likelihood L is computed for the audio track
belonging to that genre, based on the likelihood of each
of the third GMMs being capable of outputting the MFCC
feature vector of the audio track. For example, to deter-
mine which of the eighteen genres in the list hereinabove
might apply to the audio track, eighteen likelihoods would
be produced.
[0131] The genre likelihoods are then mapped to prob-
abilities pgen2, as follows: 

where m is the number of genre tags to be considered.
[0132] The second classifications, which correspond
to the probabilities pinst2 and pgen2, are then output (step
s15.10).
[0133] The first classifications pinst1 and pgen1 and the
second classifications pinst2 and pgen2 for the audio track
are normalized to have a mean of zero and a variance
of 1 (step s15.11) and collected to form a feature vector
for input to one or more second level classifiers 135 (step
s15.12). In this particular example, the second level clas-
sifiers 135 include third classifiers 136. The third classi-
fiers 136 may be non-probabilistic classifiers, such as
SVM classifiers.
[0134] The third classifiers 136 may be trained in a
similar manner to that described above in relation to the
first classifiers 133. At the training stage, the first classi-
fiers 133 and the second classifiers 134 may be used to
output probabilities for the training sets of example audio
tracks from the database. The outputs from the first and
second classifiers 133, 134 are then used as input data
to train the third classifier 135.
[0135] The third classifier 136 generates determine
probabilities pinst3 for whether the audio track contains a
particular instrument and/or probabilities pgen3 for wheth-
er the audio track belongs to a particular genre (step
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s15.13). The probabilities pinst3, pgen3 are then log nor-
malized (step s15.14), as described above in relation to
the first classifications, so that a threshold of 0.5 may be
applied to generate the third classifications, which are
output at step s15.15.
[0136] The method then determines whether each in-
strument tag and each genre tag 137 applies to the audio
track based on the third classifications (step s15.16).
[0137] Where it is determined that an instrument or
genre tag 137 applies to the audio track (step s15.16),
the tag 137 is associated with the track (step s15.17).
The process ends at s15.18.
[0138] Further details are provided in
PCT/FI2014/051036. In the present case, the classifica-
tion data, or tag 137 generated at s15.17 is used by the
rules to identify the MIS. It will be appreciated however
that the overview given with reference to Figures 14 to
16 is merely one of a number of possible methods used
in identifying the MIS.
[0139] It will be appreciated that the above described
embodiments are purely illustrative and are not limiting
on the scope of the invention. Other variations and mod-
ifications will be apparent to persons skilled in the art
upon reading the present application.
[0140] Moreover, the disclosure of the present appli-
cation should be understood to include any novel fea-
tures or any novel combination of features either explicitly
or implicitly disclosed herein or any generalization thereof
and during the prosecution of the present application or
of any application derived therefrom, new claims may be
formulated to cover any such features and/or combina-
tion of such features.

Claims

1. A method comprising:

receiving a plurality of audio signals represent-
ing captured audio from respective audio sourc-
es in a space;
processing the received audio signals to gener-
ate a spatial audio signal, in which the process-
ing comprises:

detecting spatial positions of the audio
sources; and
responsive to a detected change in spatial
position of one or more of said audio sourc-
es, generating the spatial audio signal so
that said change in spatial position in the
generated signal is different from the detect-
ed change in spatial position for the respec-
tive audio sources.

2. The method of claim 1, further comprising:

defining a group of audio sources from the plu-

rality of audio signals; and
wherein the change in the spatial position in the
generated spatial audio signal depends on the
position of one or more of the other audio sourc-
es in said group of audio sources.

3. The method of claim 1 or claim 2, further comprising
receiving a spatial audio signal associated with a mi-
crophone array configured to provide spatial audio
capture, and wherein the processing comprises gen-
erating an updated version of the spatial audio signal
associated with the microphone array.

4. The method of any preceding claim, wherein the
processing further comprises identifying a subset of
the audio sources, and the detecting and generating
steps are performed only in relation to the subset.

5. The method of claim 4, wherein identifying the subset
is performed manually through a user interface.

6. The method of claims 4, wherein identifying the sub-
set is performed automatically based on attributes
of the audio sources.

7. The method of any of claims 4 to 6, further wherein
identifying the subset is based on the position of one
or more sources in the space.

8. The method of claim 7, wherein identifying the subset
is based on the position of the one or more sources
relative to a primary source whose position is per-
mitted to change in the signal.

9. The method of claim 7 or claim 8 when dependent
on claim 3, wherein identifying the subset is based
on the position of the one or more sources relative
to the position of the microphone array.

10. The method of any of claims 4 to 6, wherein identi-
fying the subset is determined based on the type of
audio source.

11. The method of claim 10, wherein the type of audio
source is determined by signal analysis of the audio
signals from each audio source.

12. The method of claim 11, wherein the analysis of the
audio signals identifies a type of vocal performance
or instrument.

13. The method of any preceding claim, wherein gener-
ating the spatial audio signal comprises controlling
the change in spatial position in accordance with one
or more position modification rules.

14. Apparatus configured to perform the method of any
preceding claim.
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15. A computer program comprising instructions that
when executed by a computer apparatus control it
to perform the method of any of claims 1 to 13.
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