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1
EXTRACTING AND MODIFYING A PANNED
SOURCE FOR ENHANCEMENT AND UPMIX
OF AUDIO SIGNALS

INCORPORATION BY REFERENCE

U.S. patent application Ser. No. 10/163,158, entitled
Ambience Generation for Stereo Signals, filed Jun. 4, 2002,
now U.S. Pat. No. 7,567,845 B1, is incorporated herein by
reference for all purposes. U.S. patent application Ser. No.
10/163,168, entitled Stream Segregation for Stereo Signals,
filed Jun. 4, 2002, now U.S. Pat. No. 7,257,231, is incorpo-
rated herein by reference for all purposes.

U.S. patent application Ser. No. 10/738,361, entitled
Ambience Extraction and Modification for Enhancement and
Upmix of Audio Signals, filed Dec. 17, 2003, now U.S. Pat.
No. 7,412,380, is incorporated herein by reference for all
purposes.

FIELD OF THE INVENTION

The present invention relates generally to digital signal
processing. More specifically, extracting and modifying a
panned source for enhancement and upmix of audio signals is
disclosed.

BACKGROUND OF THE INVENTION

Stereo recordings and other multichannel audio signals
may comprise one or more components designed to give a
listener the sense that a particular source of sound is posi-
tioned at a particular location relative to the listener. For
example, in the case of a stereo recording made in a studio, the
recording engineer might mix the left and right signal so as to
give the listener a sense that a particular source recorded in
isolation of other sources is located at some angle off the axis
between the left and right speakers. The term “panning” is
often used to describe such techniques, and a source panned
to a particular location relative to a listener located at a certain
spot equidistant from both the left and right speakers (and/or
other or different speakers in the case of audio signals other
than stereo signals) will be referred to herein as a “panned
source”.

A special case of a panned source is a source panned to the
center. Vocal components of music recordings, for example,
typically are center-panned, to give a listener a sense that the
singer or speaker is located in the center of a virtual stage
defined by the left and right speakers. Other sources might be
panned to other locations to the left or right of center.

The level of a panned source relative to the overall signal is
determined in the case of a studio recording by a sound
engineer and in the case of a live recording by such factors as
the location of each source in relation to the microphones
used to make the recording, the equipment used, the charac-
teristics of the venue, etc. An individual listener, however,
may prefer that a particular panned source have a level rela-
tive to the rest of the audio signal that is different (higher or
lower) than the level it has in the original audio signal. There-
fore, there is a need for a way to allow a user to control the
level of a panned source in an audio signal.

As noted above, vocal components typically are panned to
the center. However, other sources, e.g., percussion instru-
ments, also typically may be panned to the center. A listener
may wish to modify (e.g., enhance or suppress) a center-
panned vocal component without modifying other center-
panned sources at the same time. Therefore, there is a need for
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2

away to isolate a center-panned vocal component from other
sources, such as percussion instruments, that may be panned
to the center.

Finally, listeners with surround sound systems of various
configurations (e.g., five speaker, seven speaker, etc.) may
desire a way to “upmix” a received audio signal, if necessary,
to make use of the full capabilities of their playback system.
For example, a user may wish to generate an audio signal for
aplayback channel by extracting a panned source from one or
more channels of an input audio signal and providing the
extracted component to the playback channel. A user might
want to extract a center-panned vocal component, for
example, and provide the vocal component as a generated
signal for the center playback channel. Some users may wish
to generate such a signal regardless of whether the received
audio signal has a corresponding channel. In such embodi-
ments, listeners further need a way to control the level of the
panned source signal generated for such channels in accor-
dance with their individual preferences.

BRIEF DESCRIPTION OF THE DRAWINGS

The present invention will be readily understood by the
following detailed description in conjunction with the accom-
panying drawings, wherein like reference numerals designate
like structural elements, and in which:

FIG. 1A is a plot of this panning function as a function of
the panning coefficient o in an embodiment in which p=1-c.

FIG. 1B is a plot of this panning index as a function of . in
an embodiment in which f=1-c.

FIG. 1C is a plot of the panning function (m.k) as a
function of a in an embodiment in which f=(1-a?)"/2.

FIG. 1D is a plot of the panning index in (5) as a function
of o in an embodiment in which p=(1-a2)'"2.

FIG. 2 is a block diagram illustrating a system used in one
embodiment to extract from a stereo signal a signal panned in
a particular direction.

FIG. 3 is a plot of the average energy from an energy
histogram over a period of time as a function of I for the
sample signal described above.

FIG. 4 is a flow chart illustrating a process used in one
embodiment to identity and modify a panned source in an
audio signal.

FIG. 5 is a block diagram of a system used in one embodi-
ment to identify and modify a panned source in an audio
signal.

FIG. 6 is a block diagram of a system used in one embodi-
ment to identify and modify a panned source in an audio
signal, in which transient analysis has been incorporated.

FIG. 7 is a block diagram of a system used in one embodi-
ment to extract and modify a panned source.

FIG. 8 is a block diagram of a system used in one embodi-
ment to extract and modify a panned source, in which tran-
sient analysis has been incorporated.

FIG. 9A is a block diagram of an alternative system used in
one embodiment to extract and modify a panned source.

FIG. 9B illustrates an alternative and computationally
more efficient approach for extracting the phase information
in a system such as system 900 of FIG. 9A.

FIG. 10 is a block diagram of a system used in one embodi-
ment to extract and modify a panned source using a simplified
implementation of the approach used in the system 900 of
FIG. 9A.

FIG. 11 is ablock diagram of a system used in one embodi-
ment to extract and modify a panned source for enhancement
of'a multichannel audio signal.
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FIG. 12 illustrates a user interface provided in one embodi-
ment to enable a user to indicate a desired level of modifica-
tion of a panned source.

DETAILED DESCRIPTION

It should be appreciated that the present invention can be
implemented in numerous ways, including as a process, an
apparatus, a system, or a computer readable medium such as
a computer readable storage medium or a computer network
wherein program instructions are sent over optical or elec-
tronic communication links. It should be noted that the order
of'the steps of disclosed processes may be altered within the
scope of the invention.

A detailed description of one or more preferred embodi-
ments of the invention is provided below along with accom-
panying figures that illustrate by way of example the prin-
ciples of the invention. While the invention is described in
connection with such embodiments, it should be understood
that the invention is not limited to any embodiment. On the
contrary, the scope of the invention is limited only by the
appended claims and the invention encompasses numerous
alternatives, modifications and equivalents. For the purpose
of example, numerous specific details are set forth in the
following description in order to provide a thorough under-
standing of the present invention. The present invention may
be practiced according to the claims without some or all of
these specific details. For the purpose of clarity, technical
material that is known in the technical fields related to the
invention has not been described in detail so that the present
invention is not unnecessarily obscured.

Extracting and modifying a panned source for enhance-
ment and upmix of audio signals is disclosed. In one embodi-
ment, a panned source is identified in an audio signal and
portions of the audio signal associated with the panned source
are modified, such as by enhancing or suppressing such por-
tions relative to other portions of the signal. In one embodi-
ment, a panned source is identified and extracted, and a user-
controlled modification is applied to the panned source prior
to routing the modified panned source as a generated signal
for an appropriate channel of a multichannel playback sys-
tem, such as a surround sound system. In one embodiment, a
center-panned vocal component is distinguished from certain
other sources that may also be panned to the center by incor-
porating transient analysis. These and other embodiments are
described more fully below.

As used herein, the term “audio signal” comprises any set
of audio data susceptible to being rendered via a playback
system, including without limitation a signal received via a
network or wireless communication, a live feed received in
real-time from a local and/or remote location, and/or a signal
generated by a playback system or component by reading
data stored on a storage device, such as a sound recording
stored on a compact disc, magnetic tape, flash or other
memory device, or any type of media that may be used to store
audio data, and may include without limitation a mono, ste-
reo, or multichannel audio signal including any number of
channel signals.

1. Identifying and Extracting a Panned Source

In this section we describe a metric used to compare two
complementary channels of a multichannel audio signal, such
as the left and right channels of a stereo signal. This metric
allows us to estimate the panning coefficients, via a panning
index, of the different sources in the stereo mix. Let us start by
defining our signal model. We assume that the stereo record-
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4

ing consists of multiple sources that are panned in amplitude.
The stereo signal with N amplitude-panned sources can be
written as

SL(O=3.B,5(#) and Sp(f)=3,0,S,1), for i=1, . . ., N, (1)

(At et

where o, are the panning coefficients and 3, are factors
derived from the panning coefficients. In one embodiment,
B,=(1-c,,)"", which preserves the energy of each source. In
one embodiment, f§,=1-c,. Since the time-domain signals
corresponding to the sources overlap in amplitude, it is very
difficult (if not impossible) to determine in the time domain
which portions of the signal correspond to a given source, not
to mention the difficulty in estimating the corresponding pan-
ning coefficients. However, if we transform the signals using
the short-time Fourier transform (STFT), we can look at the
signals in different frequencies at different instants in time
thus making the task of estimating the panning coefficients
less difficult.

In one embodiment, the left and right channel signals are
compared in the STFT domain using an instantaneous corre-
lation, or similarity measure. The proposed short-time simi-
larity can be written as

W(m,)=21S; (m, k) Sp* (m, k)| [1S, (m, k) P+1Sg(m, k) )L, )

we also define two partial similarity functions that will
become useful later on:

YL E)=IS () Sg* (mK)|Sy (m )2 (22)

YR(1,K)=SR(m.E)S,* (m, ) |Sw(m, )~ (2b)

In other embodiments, other similarity functions may be
used.

The similarity in (2) has the following important proper-
ties. If we assume that only one amplitude-panned source is
present, then the function will have a value proportional to the
panning coefficient at those time/frequency regions where the
source has some energy, i.e.

Y(m, k) =

AaS(m, KBS (m, O[lSon, L +18Som, P, =2080" + g7

Ifthe source is center-panned (a=f3), then the function will
attain its maximum value of one, and if the source is panned
completely to one side, the function will attain its minimum
value of zero. In other words, the function is bounded. Given
its properties, this function allows us to identify and separate
time-frequency regions with similar panning coefficients. For
example, by segregating time-frequency bins with a given
similarity value we can generate a new short-time transform
signal, which upon reconstruction will produce a time-do-
main signal with an individual source (if only one source was
panned in that location).

FIG. 1A is a plot of this panning function as a function of
the panning coefficient o in an embodiment in which p=1-c.
Notice that given the quadratic dependence on ¢, the function
P(m,k) is multi-valued and symmetrical about 0.5. That is, if
a source is panned say at a=0.2, then the similarity function
will have a value of y=0.47, but a source panned at a=0.8 will
have the same similarity value.

While this ambiguity might appear to be a disadvantage for
source localization and segregation, it can easily be resolved
using the difference between the partial similarity measures
in (2). The difterence is computed simply as

D(m. k)= (m,f)=pr(m.k), 3
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and we notice that time-frequency regions with positive val-
ues of D(m,k) correspond to signals panned to the left (i.e.
a<0.5), and negative values correspond to signals panned to
the right (i.e. @>0.5). Regions with zero value correspond to
non-overlapping regions of signals panned to the center. Thus
we can define an ambiguity-resolving function as

D'(m, k=1 if D(m, k>0 @)

and

D'(m, k=1 if D(m, F)<=0.

Multiplying the quantity one minus the similarity function
by D'(m,k) we obtain a new metric, referred to herein as a
panning index, which is anti-symmetrical and still bounded
but whose values now vary from one to minus one as a
function of the panning coefficient, i.e.

T(m k) =[1-y(m,}))D'(m, k), ®

FIG. 1B is a plot of this panning index as a function of o in
an embodiment in which pl-a. FIG. 1C is a plot of the
panning function Y(m,k) as a function of ot in an embodiment
in which f=(1-a?)""2. FIG. 1D is a plot of the panning index
in (5) as a function of a in an embodiment in which p=(1-
0(‘2)1/2.

In the following sections we describe the application of the
short-time similarity and panning index to upmix, unmix, and
source identification (localization). Notice that given a pan-
ning index we can obtain the corresponding panning coeffi-
cient given the one-to-one correspondence of the functions.

The above concepts and equations are applied in one
embodiment to extract one or more audio streams comprising
apanned source from a two-channel signal by selecting direc-
tions in the stereo image. As we discussed above, the panning
index in (5) can be used to estimate the panning coefficient of
an amplitude-panned signal. If multiple panned signals are
present in the mix and if we assume that the signals do not
overlap significantly in the time-frequency domain, then the
panning index I'(m.k) will have different values in different
time-frequency regions corresponding to the panning coeffi-
cients of the signals that dominate those regions. Thus, the
signals can be separated by grouping the time-frequency
regions where I'(m,k) has a given value and using these
regions to synthesize time-domain signals.

FIG. 2 is a block diagram illustrating a system used in one
embodiment to extract from a stereo signal a signal panned in
a particular direction. For example, in one embodiment to
extract the center-panned signal(s) we find all time-frequency
regions for which the panning index I'(m k) is zero and define
a function ®(m_ k) that is one for all I'(m.k)=0, and zero (or, in
one embodiment, a small non-zero number, to avoid artifacts)
otherwise. In one variation on this approach, we find all
time-frequency regions for which the panning index I'(m,k)
falls within a window centered on zero (e.g., all regions for
which —e=I'(m,k)=e¢) and define a function ®(m,k) that is
one for all regions having a panning index that falls in the
window and zero (or, in one embodiment, a small non-zero
number, to avoid artifacts) otherwise. In some alternative
embodiments, the value of the function ®(m,k) is one for all
regions having a panning index equal to zero and a value less
than and greater than or equal to zero for regions having a
panning index that falls within the window, depending on the
value, such that for panning index values close to zero (or the
non-zero center of the window, for a window not centered on
zero) the value of ©(m,k) is close to one and for panning index
values at the edges of the window (e.g., .I'(m,k)=¢€ or —€) the
value of ®(m,k) is close to zero. We can then synthesize a
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time-domain function by multiplying S;(m,k) and Sz(m,k)
by a modification function M[®(m,k)] and applying the
ISTFT. In one embodiment, the value of the modification
function M[®(m,k)] is the same as the value of the function
O(m,k). In one alternative embodiment, the value of the
modification function M[®(m k)] is not the same as the value
of the function ®(m.k) but is determined by the value of the
function @(m,k). The same procedure can be applied to sig-
nals panned to other directions, with the function ®(m,k)
being defined to equal one when I'(m.k) is equal to the pan-
ning index value associated with the panned source (or a
window centered on or otherwise comprising the panning
index value associated with the source), and zero (or a small
number) for all other values of I'(m,k). In one embodiment in
which the function ®(m,k) is defined to equal one when
T'(m,k) is a panning index value that falls within a window of
panning index values associated with the source, a user inter-
face is provided to enable a user to provide an input to define
the size of the window, such as by indicating the value of the
window size variable € in the inequality —e=I'(m,k)=e.

In some embodiments, the width of the panning index
window is determined based on the desired trade-off between
separation and distortion (a wider window will produce
smoother transitions but will allow signal components
panned near zero to pass).

To illustrate the operation of the un-mixing algorithm we
performed the following simulation. We generated a stereo
mix by amplitude-panning three sources, a speech signal
S, (1), an acoustic guitar S,(t) and a trumpet S;(t) with the
following weights:

Sy (H)=0.55,(H)+0.75,(1)+0.155(2) and Sp(£)=0.55,(£)+
0.355(2)+0.955(?).

We applied a window centered at I'=0 to extract the center-
panned signal, in this case the speech signal, and two win-
dows at I'==0.8 and I'=0.27 (corresponding to ¢=0.1 and
a=0.3) to extract the horn and guitar signals respectively. In
this case we know the panning coefficients of the signals that
we wish to separate. This scenario corresponds to applica-
tions where we wish to extract or separate a signal at a given
location.

We now describe a method for identifying amplitude-
panned sources in a stereo mix. In one embodiment, the
process is to compute the short-time panning index I'(m,k)
and produce an energy histogram by integrating the energy in
time-frequency regions with the same (or similar) panning
index value. This can be done in running time to detect the
presence of a panned signal at a given time interval, or as an
average over the duration of the signal. FIG. 3 is a plot of the
average energy from an energy histogram over a period of
time as a function of I for the sample signal described above.
The histogram was computed by integrating the energy in
both stereo signals for each panning index value from -1 to 1
in 0.01 increments. Notice how the plot shows three very
strong peaks at panning index values of '==0.8, 0 and 0.275,
which correspond to values of ¢=0.1,0.5 and 0.7 respectively.

Once the prominent sources are identified automatically
from the peaks in the energy histogram, the techniques
described above can be used extract and synthesize signals
that consist primarily of the prominent sources, or if desired
to extract and synthesize a particular source of interest.

2. Identification and Modification of a Panned Source

In the preceding section, we describe how a prominent
panned source may be identified and segregated. In this sec-
tion, we disclose applying the techniques described above to
selectively modify portions of an audio signal associated with
a panned source of interest.
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FIG. 4 is a flow chart illustrating a process used in one
embodiment to identity and modify a panned source in an
audio signal. The process begins in step 402, in which por-
tions of the audio signal that are associated with a panned
source of interest are identified. In one embodiment, the
energy histogram approach described above in connection
with FIG. 3 may be used to identify a panned source of
interest. In one embodiment, the panning index (or coeffi-
cient) of the panned source of interest may be known, deter-
mined, or estimated based on knowledge regarding the audio
signal and how it was created. For example, in one embodi-
ment it may be assume that a featured vocal component has
been panned to the center.

In step 404, the portions of the audio signal associated with
the panned source are modified in accordance with a user
input to create a modified audio signal. In one embodiment,
the modification performed in step 404 is determined not by
auser input but instead by one or more settings established in
advance, such as by a sound designer. In one embodiment, the
modified audio signal comprises a channel of an input audio
signal in which portions associated with the panned source
have been modified, e.g., enhanced or suppressed. The modi-
fied audio signal is provided as output in step 406.

FIG. 5 is a block diagram of a system used in one embodi-
ment to identify and modify a panned source in an audio
signal. The system 500 receives as input the signals S, (m,k)
and S, (m,k), which correspond to the left and right channels
of a received audio signal transformed into the time-fre-
quency domain, as described above in connection with FIG.
2. The received signals S;(m.k) and S;(m,k) are provided as
inputs to a panning index determination block 502, which
generates panning index values for each time-frequency bin.
The panning index values are provided as input to a modifi-
cation function block 504, configured to generate modifica-
tion function values to modify portions of the audio signal
associated with a panned source of interest. In one embodi-
ment, the modification function block 504 is configured to
provide as output a value of one for portions of the audio
signal not associated with the panned source, and a value for
portions associated with the panned source that corresponds
to the level of modification desired (e.g., greater than one for
enhancement and less than one for suppression). In one
embodiment, modification function block 504 is configured
to receive a user-controlled input g,. In one alternative
embodiment, the value of the gain g, is determined not by a
user input but instead in advance, such as by a sound designer.

In one embodiment, the input g, is used as a linear scaling
factor and the modification function has a value of g, for
portions of the audio signal associated with the panned source
of interest. That is, if the function ®(m.,k) is defined as
described above to equal one for time-frequency bins for
which the panning index has a value associated with the
panned source of interest and zero otherwise, in one embodi-
ment the value of the modification function M is 1 for O(m,
k)=0 and g, for ®(m,k)=1. In one embodiment, the user-
controlled input g, comprises or determines the value of a
variable in a nonlinear modification function implemented by
block 504. In one embodiment, the modification function
block 504 is configured to receive a second user-controlled
input (not shown in FIG. 5) identifying the panning index
associated with the panned source to be modified. In one
embodiment, the block 504 is configured to assume that the
panned source of interest is center-panned (e.g., vocal),
unless an input is received indicating otherwise. The output of
modification function block 504 is provided as a gain input to
each of a left channel amplifier 506 and a right channel
amplifier 508. The amplifiers 506 and 508 receive as input the
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original time-frequency domain signals S (m,k) and S (m,k),
respectively, and provide as output modified left and right
channel signals S,(m,k) and S,(m.k), respectively. In one
embodiment, the modification function block 504 is config-
ured such that in the modified left and right channel signals
S, (m.k) and S, (m.k) portions of the original input signals that
are not associated with the panned source of interest are
(largely) unmodified and portions associated with the pan-
ning index associated with the panned source of interest have
been modified as indicated by the user.

FIG. 6 is a block diagram of a system used in one embodi-
ment to identify and modify a panned source in an audio
signal, in which transient analysis has been incorporated. As
noted above, both vocal components and percussion-type
instruments may be panned to the center in certain audio
signals. Percussion instruments typically generate broad-
band, transient audio events in an audio signal. The system
shown in FIG. 6 incorporates transient analysis to detect such
transient events and avoid applying to associated portions of
the audio signal a modification intended to modify a center-
panned vocal component of the signal. The system 600 of
FIG. 6 comprises the elements of the system 500 of FIG. 5,
and in addition comprises a transient analysis block 602. The
received audio signals S;(mk) and S,(m.k) are provided as
inputs to the transient analysis block 602, which determines
for each frame “m” of the audio signal a corresponding tran-
sient parameter value T(m), the value of which is determined
by whether (or, in one embodiment, the extent to which), a
transient audio event is associated with the frame. In one
embodiment, the transient parameters T(m) comprise a nor-
malized spectral flux value determined by calculating the
change in spectral content between frame m-1 and frame m.
A technique for detecting transient audio events using spec-
tral flux values is described more fully in U.S. patent appli-
cation Ser. No. 10/606,196, entitled Transient Detection and
Modification in Audio Signals, filed Jun. 24, 2003, now U.S.
Pat. No. 7,353,169, which is incorporated herein by reference
for all purposes.

The transient parameters T(m) are provided as an input to
the modification function block 504. In one embodiment, if
the value of the transient parameter T(m) is greater than a
prescribed threshold, no modification is applied to the por-
tions of the audio signal associated with that frame. In one
embodiment, if the transient parameter exceeds the pre-
scribed threshold, the modification function value for all por-
tions of the signal associated with that frame is set to one, and
no portion of that frame is modified. In one alternative
embodiment, the degree of modification of portions of the
audio signal associated with the panning direction of interest
varies linearly with the value of the transient parameter T(m).
In one such embodiment, the value of the modification func-
tion M is 1 for portions of the audio signal not associated with
the panned source of interest and M=1+g, (1-T(m)) for por-
tions of the audio signal associated with the panned source of
interest, with T(m) having a value between zero (no transient
detected) and one (significant transient event detected, e.g.,
high spectral flux) and the user-defined parameter g, having a
positive value for enhancement and a negative value between
minus one (or nearly minus one) and zero for suppression. In
one alternative embodiment, the valued of the modification
function M varies nonlinearly as a function of the value of the
transient parameter T(m).

3. Extraction and Modification of a Panned Source

In this section we describe extraction and modification of a
panned source. In one embodiment, a panned source, such as
a center-panned source, may be extracted and modified as
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taught herein, and then provided as a signal to a channel of a
multichannel playback system, such as the center channel of
a surround sound system.

FIG. 7 is a block diagram of a system used in one embodi-
ment to extract and modify a panned source. The system 700
receives as input the signals S;(m,k) and Sz(m,k), which
correspond to the left and right channels of a received audio
signal transformed into the time-frequency domain, as
described above in connection with FIG. 2. The received
signals S;(m,k) and Sz(m,k) are provided as inputs to a pan-
ning index determination block 702, which generates panning
index values for each time-frequency bin. The panning index
values are provided as input to a modification function block
704, configured to generate modification function values to
extract portions of the audio signal associated with a panned
source of interest. In one embodiment, the modification func-
tion block 704 is configured to provide as output a value of
one for portions of the audio signal associated with the
panned source to be extracted, and a value of zero (or nearly
zero) otherwise. In one alternative embodiment, the modifi-
cation function block 704 may be configured to provide as
output for portions of the audio signal having a panning index
near that associated with the panned source a value between
zero and one for purposes of smoothing. The modification
function values are provided as inputs to left and right channel
multipliers 706 and 708, respectively. The output of the left
channel multiplier 706 (comprising portions of the left chan-
nel signal S, (m,k) that are associated with the panned source
being extracted) and the output of the right channel multiplier
708 (comprising portions of the right channel signal S;(m,k)
that are associated with the panned source being extracted)
are provided as inputs to a summation block 710, the output of
which comprises the extracted, unmodified portion of the
input audio signal that is associated with the panned source of
interest. The elements of FIG. 7 described to this point are the
same in one embodiment as the corresponding elements of
FIG. 2. The output of summation block 710 is provided as the
signal input to a modification block 712, which in one
embodiment comprises a variable gain amplifier. The modi-
fication block 712 is configured to receive a user-controlled
input g,,, the value of which in one embodiment is set by a user
via a user interface to indicate a desired level of modification
(e.g., enhancement or suppression) of the extracted panned
source. In one embodiment, a gain of g, multiplied by the
square root of 2 is applied by the modification block 712 for
energy conservation. The extracted and modified panned
source is provided as output by the modification block 712. In
one embodiment, as shown in FIG. 7, the extracted and modi-
fied panned source is provided as the signal to an upmix
channel, such as the center channel of a multichannel play-
back system. In one embodiment, as shown in FIG. 7, the
respective center-panned components extracted from the left
channel and right channel signals are subtracted from the
original left and right channel signals by operation of sub-
traction blocks 718 and 720, respectively, to generate modi-
fied left and right channel signals S, (m,k) and S, (m k), from
which the extracted center-panned components have been
removed.

FIG. 8 is a block diagram of a system used in one embodi-
ment to extract and modify a panned source, in which tran-
sient analysis has been incorporated. The system 800 com-
prises the elements of system 700 of FIG. 7, modified as
shown in FIG. 8 and not showing for purposes of clarity the
components associated with subtracting the extracted center-
panned components from the left and right channel signals as
described above, and in addition comprises a transient analy-
sis block 802. In one embodiment, the transient analysis
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block 802 operates similarly to the transient analysis block
602 of FIG. 6. The transient analysis block 802 provides as
output for each frame k of audio data a transient parameter
T(m), which is provided as an input to a gain determination
block 804. The user-controlled input g,, described above in
connection with FIG. 7, also is supplied as an input to the gain
determination block 804. The gain determination block 804 is
configured to use these inputs to determine for each frame a
gain g_(m), which is provided as the gain input to modifica-
tion block 712. In one embodiment, the gain g_(m) equals the
user-controlled input g, if the transient parameter T(m) is
below a prescribed threshold (i.e., full modification because
no transient is detected) and g (m)=1 if the transient param-
eter T(m) is greater than the prescribed threshold (i.e., no
modification, because a transient has been detected). In one
alternative embodiment, some degree of modification may be
applied even if a transient has been detected. In one embodi-
ment, as described above, the degree of modification may
vary either linearly or nonlinearly as a function of T(m). For
example, in one embodiment the gain gam) may be deter-
mined by the equation g_(m)=1+g, (1-T(m)), where T(m) is
normalized to range in value between zero (no transient) and
one (significant transient), and g, has a positive value for
enhancement and a negative value between minus one (or
nearly minus one) and zero for suppression.

FIG. 9A is a block diagram of an alternative system used in
one embodiment to extract and modify a panned source. In
one embodiment, the system 900 of FIG. 9A may produce a
modified signal having fewer artifacts than the system 700 of
FIG. 7, by extracting and combining only the magnitude
component of portions of the audio signal associated with the
panned source of interest and then applying the phase of one
of the input channels to the extracted panned source. In one
embodiment, such co-phasing is useful for the reduction of
audible artifacts when previous processing, e.g., previous
modifications, of the audio signal have altered the phase
relationships between corresponding components of the sig-
nal. The system 900 receives as input the signals S, (m,k) and
Sz(m.k), which correspond to the left and right channels of a
received audio signal transformed into the time-frequency
domain, as described above in connection with FIG. 2. The
received signals S;(m,k) and S;(m,k) are provided as inputs
to a panning index determination block 902, which generates
panning index values for each time-frequency bin. The pan-
ning index values are provided as input to a left channel
modification function block 904 and a right channel modifi-
cation function block 906, configured to generate modifica-
tion function values to extract portions of the audio signal
associated with a panned source of interest. In one embodi-
ment, the modification function of blocks 904 and 906 oper-
ates similarly to the corresponding blocks 504 of FIGS. 5 and
704 of FIG. 7. In one embodiment, the modification function
of blocks 904 and 906 is real-valued and does not affect
phase. The outputs of the modification function blocks 904
and 906 are provided to left channel extracted signal magni-
tude determination block 908 and right channel extracted
signal magnitude determination block 910, respectively,
which are configured to determine the magnitude of the
respective extracted signals. The magnitude values are pro-
vided by blocks 908 and 910 to a summation block 912,
which combines the magnitudes. The combined magnitude
values are provided to a magnitude-phase combination block
914, which applies the phase of one of the input channels to
the combined magnitude values. In the example shown in
FIG. 9, the phase of the left input channel is used; but the right
channel could as well have been used. In FIG. 9A, the phase
information of the left channel is extracted by processing the
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left channel signal using a left channel input signal magnitude
determination block 916 and dividing the left channel input
signal by the left channel input signal magnitude values in a
division block 918. The resultant phase information is pro-
vided as an input to the magnitude-phase combination block
914. FIG. 9B illustrates an alternative and computationally
more efficient approach for extracting the phase information
in a system such as system 900 of FIG. 9A. As shown in FIG.
9B, the output of the left channel modification function block
904 and the output of the left channel magnitude determina-
tion block 908 may be provided as inputs to a division block
919, and the result provided as the extracted phase input to
magnitude-phase combination block 914. In such an alterna-
tive embodiment, the block 916 and the line supplying the left
channel signal to the phase extraction (division) block 918 of
FIG. 9A may be omitted. The output of the magnitude-phase
combination block 914 is provided to a modification block
920 configured to apply a user-controlled modification to the
extracted signal. FIG. 9A shows a user-controlled gain input
g, such as described above, being provided as an input to the
block 920. In other embodiments other inputs, including the
transient analysis information described above, may also be
provided to block 920 or determine the value of one or more
inputs to block 920. The output of modification block 920 is
provided in the example shown in FIG. 9A as an extracted and
modified center channel signal §_(m,k).

FIG. 10 is a block diagram of a system used in one embodi-
ment to extract and modify a panned source using a simplified
implementation of the approach used in the system 900 of
FIG. 9A. The implementation shown in FIG. 10 is based on
the following mathematical analysis of the relationships
reflected in FIG. 9A. Specifically, the output of the magni-
tude-phase combination block 914 may be represented as
follows:

Siim, k) (6a)
(ISL(m, k)M [O(m, K)]| + |Srim, K)M[O(m, )] =Sclm, k)
ISz (m, )l
Equation (6a) simplifies to
Sp(m, k) (6b)
MO, J(ISL(m, k)| + |Srim, K)|) =Sclm, k)
ISL(m, )l
which simplifies further to
|Sr(m, k)| (6¢)

M[O(m, k)](l + ]SL(m, k) = Sc(m, k).

1SL(m. k)|

The corresponding relationship for applying the right-chan-
nel phase, instead of the left-channel phase would be:

1Sz.(m, k)|
1% (m, K|

(6d)

M[O(m, k)](l + )SR(m, k) =Sc(m, k)

The system of FIG. 10 is configured to apply the left input
channel phase to the extracted signal, as shown in Equation
(6¢). The system 1000 receives as input the signals S, (m,k)
and S, (m,k), which correspond to the left and right channels
of a received audio signal transformed into the time-fre-
quency domain, as described above in connection with FIG.
2. The received signals S; (m.k) and S;(m.k) are provided as
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inputs to a panning index determination block 1002, which
generates panning index values for each time-frequency bin.
The panning index values are provided as input to a modifi-
cation function block 1004, configured to generate modifica-
tion function values to extract portions of the audio signal
associated with a panned source of interest, as described
above. The magnitude of the left channel input signal is
determined by left channel magnitude determination block
1006, and the magnitude of the right channel input signal is
determined by right channel magnitude determination block
1008. The left and right channel magnitude values are pro-
vided to an intermediate modification factor determination
block 1010, which is configured to calculate an intermediate
modification factor equal to the portion of equation (6¢) that
appears above in parentheses:

1S, k)|
1Sk (m, K|

(6e)
¥

The modification function values provided by block 1004
are multiplied by the intermediate modification factor values
provided by block 1010 in a multiplication block 1012, which
corresponds to the first part of Equation (6¢). The results are
provided as an input to a final extraction block 1014, which
multiplies the results by the original left channel input signal
to generate the extracted (as yet unmodified) center channel
signal S_(m,k), in accordance with the final part of Equation
(6¢). The extracted center channel signal S_(m k) may then be
modified, as desired, using elements not shown in FIG. 10,
such as the modification block 920 of FIG. 9, to generate a
modified extracted center channel signal éc(m,k).

4. Extracting and Modifying a Panned Source for Enhance-
ment of a Multichannel Audio Signal

FIG. 11 is ablock diagram of a system used in one embodi-
ment to extract and modify a panned source for enhancement
of a multichannel audio signal. The approach illustrated in
FIG. 11 may be particularly useful in implementations in
which multiple independent modules are used to process a
multichannel (e.g., stereo, three channel, five channel) audio
signal. The approach conserves resources by encoding at least
part of one of the received channels into one or more other
channels, and then processing only such other channels,
thereby conserving the resources that would otherwise have
been needed to also process the channel(s) so encoded.

The system 1100 of FIG. 11 receives as input an audio
signal comprising three channels: a left channel L, a right
channel R, and a center channel C. The three channels are
provided as input to a center-channel encoder 1102, config-
ured to encode at least part of the center channel C into the left
channel L and right channel R, so that the center channel
information so encoded will be processed by the processing
modules that will operate subsequently on the left and right
channel signals. In the example shown in FIG. 11, an encod-
ing factor o is used to encode part of the center channel
information into the left and right channels. In one embodi-
ment, the output of the encoder 1102 comprises a center-
encoded left channel signal L.+a C and a center-encoded right
channel signal R+a C. In one embodiment, the center-en-
coded portions of the center-encoded left and right channel
signals are the same and therefore are in essence center-
panned components. The output of the encoder 1102 further
comprises an energy-conserving residual center channel sig-
nal (1-a®)"2 C. In other embodiments, weights other than
(1-0®)"? are applied to provide the residual center channel
signal. The center-encoded left channel signal L+c. C and the
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center-encoded right channel signal R+a C are provided as
left and right channel inputs to a block 1104 of processing
modules, configured to perform one or more stages of digital
signal processing on the center-encoded left and right chan-
nels. In one embodiment, the processing performed by mod-
ule 1104 may comprise one or more of the processing tech-
niques described in the U.S. patent applications incorporated
herein by reference above, including without limitation tran-
sient detection and modification, enhancement by nonlinear
spectral operations, and/or ambience identification and modi-
fication. The modified center-encoded left and right channel
signals provided as output by processing block 1104 are
provided as inputs to the modification and upmix module
1106, which is configured to provide as output a further
modified left and right channel signal, as well as an extracted
and modified center channel signal Cs. In one embodiment,
the extracted and modified center channel signal Cs may
comprise a signal extracted from the left and right channel
signals and modified as described hereinabove in connection
with FIGS. 5, 7, 9, and 10. In one embodiment, the signal
portions extracted and modified by processing module 1106
may comprise the center-panned portions of those signals,
which in one embodiment in turn may comprise the center-
encoded portions added to the left and right input channels by
the encoder 1102. In one embodiment, the extracted and
modified center channel signal Cs is subtracted from the
modified left and right channel signals to create further modi-
fied left and right channel signals from which the center
channel components have been removed. The extracted and
modified center channel signal Cs is combined with the
energy-conserving residual center channel signal (1-a?)"2 C
by a summation block 1108, the output of which is provided
to the center channel of the playback system as a modified
center channel signal. In one embodiment, encoding at least
part of the center channel of the received audio signal into the
left and right channels as described above results in user-
desired processing being performed at least to some extent on
the center channel information, without requiring that all of
the processing modules in the system be configured to pro-
cess the additional channel.

FIG. 12 illustrates a user interface provided in one embodi-
ment to enable a user to indicate a desired level of modifica-
tion of a panned source. In the example shown in FIG. 12, the
control 1200 comprises a vocal component modification
slider 1202 and a vocal component modification level indica-
tor 1204. The slider 1202 comprises a null (or zero modifica-
tion) position 1208, a maximum enhancement position 1206,
and a maximum suppression position 1210. In one embodi-
ment, the position of level indicator 1204 maps to a value for
the user-controlled gain g,, described above in connection
with various embodiments, including FIGS.5,7,9, and 10. In
one alternative embodiment, a control similar to control 1200
may be provided to enable a user to indicate a desired level of
modification to a panned source other than a center-panned
vocal component. In one such embodiment, an additional
user control is provided to enable a user to select the panned
source to be modified as indicated by the level control, such as
by specifying a panning index or coefficient, either by select-
ing or inputting a value or, in one embodiment, by selecting an
option from among a set of options identified as described
above in connection with FIG. 3.

While the embodiments described in detail herein may
refer to or comprise a specific channel or channels, those of
ordinary skill in the art will recognize that other, additional,
and/or different input and/or output channels may be used. In
addition, while in some embodiments described in detail a
particular approach may be used to modify an identified and/
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or extracted panned source, many other modifications may be
made and all such modifications are within the scope of this
disclosure.

Although the foregoing invention has been described in
some detail for purposes of clarity of understanding, it will be
apparent that certain changes and modifications may be prac-
ticed within the scope of the appended claims. It should be
noted that there are many alternative ways of implementing
both the process and apparatus of the present invention.
Accordingly, the present embodiments are to be considered as
illustrative and not restrictive, and the invention is not to be
limited to the details given herein, but may be modified within
the scope and equivalents of the appended claims.

What is claimed is:

1. A method for modifying with a system a panned source
in an audio signal comprising a plurality of channel signals,
the method comprising:

identifying in at least selected ones of said channel signals

portions associated with the panned source;

extracting the portions associated with the panned source

from at least one of the input channel signals;
determining the magnitude of the extracted portions;
combining the magnitude values for corresponding
extracted portions from each of the input channel sig-
nals;

applying the phase of one ofthe input channel signals to the

combined magnitudes; and

modifying said portions associated with the panned source.

2. The method as recited in claim 1, further comprising

providing said modified portions associated with the

panned source to one or more selected playback chan-
nels of a multichannel playback system.

3. The method as recited in claim 1 wherein modifying said
portions comprises decreasing or increasing the magnitude of
said portions associated with the panned source by an arbi-
trary amount such that the panned source may still be heard in
the modified audio signal as rendered but at a different level
than in the original unmodified audio signal.

4. The method of claim 3, wherein said arbitrary amount is
determined at least in part by a user input.

5. The method of claim 3, wherein said arbitrary amount is
set in advance and may not be changed by a subsequent user
of'a system configured to implement said method.

6. A system for modifying a panned source in an audio
signal having a plurality of channel signals, the system com-
prising:

an input connection configured to receive the audio signal;

and

a processor configured to:

identify in at least selected ones of said channel signals
portions associated with the panned source;

extract the portions associated with the panned source
from at least one of the input channel signals;

determine the magnitude of the extracted portions;

combine the magnitude values for corresponding
extracted portions from each of the input channel
signals;

apply the phase of one of the input channel signals to the
combined magnitudes; and

modify said portions associated with the panned source.

7. A method of processing with a system spatial informa-
tion in an audio input signal including at least a first and a
second input channel, comprising:

transforming the first and second input channel signals into

a frequency domain representation including a fre-
quency index;
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for each frequency index, deriving a position in space
representing a sound localization of a panned source;

identifying at least one signal portion associated with the
panned source in at least one of the input channel sig-
nals;

extracting the portions associated with the panned source

from at least one of the input channel signals;
determining the magnitude of the extracted portions;
combining the magnitude values for corresponding
extracted portions from each of the input channel sig-
nals; and

applying the phase of one of the input channel signals to the

combined magnitudes.

8. The method as recited in claim 7 further comprising

modifying the portions associated with the panned source.

9. The method of claim 7, wherein the frequency domain
representation is provided by a subband filter bank.

10. The method of claim 7, wherein the frequency domain
representation is derived by computing the short-time Fourier
transform for the input channel signals.

11. The method of claim 8, wherein deriving a position in
space comprises deriving one of a panning coefficient via a
panning index associated with the panned source, the panning
index being anti-symmetrical.

12. The method of claim 11, wherein identifying at least
one signal portion associated with the panned source com-
prises identifying portions of the input channels that have a
panning index that falls within a window of panning index
values corresponding to the panned source.

13. The method of claim 12, wherein modifying the por-
tions associated with the panned source comprises applying a
modification function whose value is determined for each
portion at least in part by the location of the panning index for
that portion within the window of panning index values.

14. The method of claim 11, wherein the panning index is
bounded and has a value within a first range of values for
sources panned to the left and a value within a second range of
values for sources panned to the right, wherein the first range
of values and second range of values do not overlap.

15. The method of claim 8, wherein the step of modifying
comprises applying a predefined modification function to
said portions associated with the panned source when a user
input indicates that the predefined modification should be
applied.

16. The method of claim 15, wherein the user input com-
prises a gain by which the portions associated with the panned
source are multiplied.

17. The method of claim 8, further comprising performing
transient analysis to determine the extent to which said por-
tions associated with the panned source are associated with a
transient audio event.

18. The method of claim 17, wherein the step of modifying
comprises applying to said portions associated with the
panned source a modification determined at least in part by
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the extent to which said portions associated with the panned
source are associated with a transient audio event.

19. The method of claim 8, further comprising providing as
output a modified audio signal comprising the modified por-
tions associated with the panned source.

20. The method of claim 19, further comprising processing
said channel signals using a subband filter bank prior to
identifying and modifying said portions associated with the
panned source, and wherein said step of providing as output
comprises synthesizing a modified time-domain signal.

21. The method of claim 20, wherein processing said chan-
nel signals using a subband filter bank comprises computing
the short-time Fourier transform for said channel signals and
synthesizing a modified time-domain signal comprises per-
forming the inverse short-time Fourier transform.

22. The method of claim 8, further comprising providing
the modified portions associated with the panned source to a
selected playback channel of a multichannel playback sys-
tem.

23. The method of claim 11, wherein the audio input signal
comprises at least one panned source signal having a source
panning index; and

identifying the signal portion associated with the panned

source includes selecting frequency indices where the
derived panning index substantially matches the source
panning index.

24. The method of claim 23, further comprising providing
the modified portions associated with the panned source to a
playback channel of a multichannel playback system,
wherein the source panning index matches the location of'the
playback channel.

25. The method of claim 24, wherein the selected playback
channel comprises a center channel and the panned source
comprises a center-panned source.

26. The method of claim 7 further comprising associating
a first source position in listening space with the first input
channel and a second source position in listening space with
the second input channel.

27. The method of claim 26, wherein the first and second
input channel signals are intended for reproduction using a
first and second loudspeaker at the first and second source
positions, respectively.

28. The method of claim 7, wherein deriving the position in
space includes deriving an inter-channel amplitude difference
at each frequency.

29. The method of claim 26, wherein the first and second
source positions are a left and a right position, respectively, in
front of a listener.

30. The method as recited in claim 8 further comprising
subtracting the portions associated with the panned source
from the at least one input channel signals.

31. The method as recited in claim 23 further comprising
processing or transmitting the audio input signal while pre-
serving the panning position of the panned source signal.

#* #* #* #* #*





