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ABSTRACT

Delays caused by differences in distance between sources and microphones cause many problems in live
audio, most notably comb filtering. This paper presents a new method that is able to calculate the relative
time delays of multiple active sources to multiple microphones where previous methods are unable to. The
calculated time delays can be used to compensate for delays that cause comb filtering and can also be used
in source separation methods which utilise delays. The proposed method is shown to be able to calculate
delays in configurations where other methods fail and is also able to give an estimate of sources physical
positions. The results show that multiple delays can be accurately calculated when multiple sources are
active and that noise can effect the accuracy of the method.

1. INTRODUCTION

Common practice in both live sound and studio
recording is to record a single sound source with
multiple microphones. Sound radiates from an in-
strument in all directions but the sound picked up by
a microphone differs depending on the microphone’s
position around the instrument. For example the
sound from the strings of a guitar sound very differ-
ent to the sound resonating from the body. For this
reason multiple microphones can be used to repro-
duce different qualities of an instrument and can be

mixed together to create the desired sound.

It is difficult, and sometimes not desired, to place
these microphones equidistant from the main source.
If this is the case the sound from the instrument
will arrive at each microphone with different delays.
When the microphone signals are mixed microphone
artefacts can occur, for example comb filtering which
changes the frequency content of the signal and is
generally undesired.

Differences in source to microphone delays can also
occur when multiple microphones are used to repro-
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duce multiple sources, for example in an ensemble
performance where each instrument has a dedicated
spot microphone. Microphone bleed can occur be-
tween the microphones and can also cause comb fil-
tering if mixed. Similar problems can occur when
a stereo microphone pair is used to reproduce an
ensemble of instruments and the instruments have
their own dedicated microphones. The sound from
an instrument will arrive at the spot microphone and
the stereo pair with different delays. With a large
ensemble, many delays can occur.

If the difference in the delay of a source arriving at
multiple microphones can be calculated, manual de-
lay can be applied to the microphone signal with
the shortest delay. Both sources would then have
equal delay. This can be achieved in live sound by
either calculating the delays that are occurring by
measuring microphone and source positions or by
applying delay “by ear” until the comb filtering has
been reduced. It is now possible to use signal pro-
cessing to automatically estimate the delays using a
time delay estimation (TDE) method with no knowl-
edge of the microphone or source positions [1], the
most common being the Generalized Cross Corre-
lation (GCC) [2], which calculates the difference in
delay of a single source to two microphones. Weight-
ings can also be applied to improve the performance
of the GCC in noisy and reverberant conditions. An
example of this is the Phase Transform (PHAT). A
system for estimating the relative delays of a single
source arriving at multiple microphones and auto-
matically applying the correct delay compensation
is presented by Perez Gonzalez and Reiss in [3].

The GCC-PHAT method is also used in source sep-
aration, for example in [4]. Source separation at-
tempts to isolate sources from a mixture by estimat-
ing the mixing parameters, usually delay and gain,
of each source and using these to create unmixing
filters. The sources can then be kept separate or
processed separately and mixed back together.

The DUET method of source separation of mixed
signals [5] calculates the delay parameters using a
different method. This method estimates the phase
difference for each frequency bin and histograms the
result. An estimate of the amplitude of each bin
is also included to produce peaks in the histogram.
The position of these peaks determines the atten-
uation and delay of each source. The number of

peaks is equal to the number of sources. Unlike most
source separation methods, this does not use GCC
for the delay estimation.

The DUET method is able to calculate the relative
delays of multiple sources to multiple microphones,
but it relies on the input sources having W-disjoint
orthogonality, meaning they do not overlap in time
and frequency at a given time. It is also very sen-
sitive to noise and reverberation, which effects the
quality of the source separation. The DUET method
also requires that the microphones be close together
and it is only useful for 2 microphones. This is be-
cause the distance between the microphones is deter-
mined by the highest frequency in the audio sample.
If the highest frequency is assumed to be 16kHz there
can be a maximum distance of 2.15cm [6], which is a
significant constraint, especially if estimating delays
of spot microphones as instruments will be placed
much further apart.

This paper proposes a new method for calculating
the relative delays of multiple sources to multiple
microphones using the with GCC-PHAT which al-
lows for much wider microphone spacing and does
not require W-disjoint orthogonality of sources.

2. SINGLE ACTIVE SOURCE

A simple configuration of a single source being re-
produced by multiple microphones is described by

x1[n] = s[n− τ1]

x2[n] = s[n− τ2] (1)

where the relative delay is defined as

τs = τ2 − τ1 (2)

assuming

τ2 > τ1 (3)

2.1. Time Delay Estimation

The GCC time delay estimation technique [2] is a
method of performing cross correlation in the fre-
quency domain and is able to calculate τs. It is de-
fined by
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ΨG[n] = F−1 {X∗

1
[k] ·X2[k]} (4)

for frequencies k = 0, ..., N − 1 where N is the
analysis window size. F−1 denotes the inverse Fast
Fourier Transform, X1 and X2 are the microphone
signals x1 and x2 in the frequency domain and (·)∗

denotes the complex conjugate. The delay, τs is cal-
culated by the position of a single maximum peak in
the GCC function. τs is then calculated by

τs = argmax
n

ΨG[n] (5)

This method is popular due to its simplicity and
its ability to be weighted to improve the estimation
accuracy in noisy and reverberant environments.
For example applying the Phase Transform (PHAT)
weighting when performing the GCC sets all fre-
quency magnitudes equal to 1, preserving the phase
information. This changes the GCC to

ΨP [n] = F−1

{

X∗

1
[k] ·X2[k]

|X∗

1
[k] ·X2[k]|

}

(6)

being referred to as the GCC-PHAT. The results can
also be improved by using an N -point Hann window
to window the microphone signals before performing
the FFTs. The output of a GCC-PHAT calculation
can be seen in Fig. 1 where the horizontal position
of the peak determines the estimated delay.
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Fig. 1: Output of the GCC-PHAT

The single peak GCC-PHAT can estimate relative
delays up to N/2 where N is the window size. With

a sampling rate of 44.1kHz and a window size of 2048
samples, which is used in this paper, this is equal
to a delay of 0.0232s. Taking the speed of sound as
343m/s at 20◦C, this is equal to a maximum distance
between microphones of 7.95m when a source is at
a ±90◦ angle. In reality, the distance can be larger
than this if a source is positioned further in front of
the microphones. The distance can also be increased
by increasing the window size.

A similar method to the GCC shown in [7] calcu-
lates the transfer function between the two signals
and finds the subsequent maximum peak in the time
domain. This is defined by

ΨI [n] = F−1

{

X2[k]

X1[k]

}

(7)

It was found by the authors that if the PHAT is ap-
plied to Eq. (7) it becomes equal to the GCC-PHAT
as the magnitude no longer effects the calculation,
being made equal to 1. The equality can be shown
by analysing how the phase of the signals change.
Taking the calculations before the inverse FFT in
Eq. (4) and Eq. (7) and analysing the phase gives

arg(X∗

1
[k]X2[k]) = arg

(

X2[k]

X1[k]

)

(8)

The rest of this paper will be concerned with the
GCC-PHAT method as it is straightforward to
implement and is easily manipulated [1].
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Fig. 2: Real life example of Equation (9)
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3. MULTIPLE ACTIVE SOURCES

In some live sound configurations there may be mul-
tiple sources being reproduced by multiple micro-
phones, for example in the ensemble example men-
tioned previously. Taking the two source, two micro-
phone case, if all sources are active, i.e. producing
sound, the configuration is described as

x1[n] = s1[n− τ11] + s2[n− τ21]

x2[n] = s1[n− τ12] + s2[n− τ22] (9)

A real life configuration of this is shown in Fig. 2.
Eq. (9) assumes that

τ11 < τ21

τ22 < τ12 (10)

where s1 is placed closest to x1 and s2 is placed
closest to x2. The difference in delay of s1 and s2 to
microphones x1 and x2 is described as.

τ1 = τ21 − τ11

τ2 = τ12 − τ22 (11)

τ1 and τ2 are the differences in source to microphone
delays that are desired and will be estimated using
the proposed method.

3.1. GCC-PHAT

Eq. (9) can be viewed as two different instances of
Eq. (1), a single source being reproduced by two mi-
crophones. As the single peak GCC-PHAT is used
to find the relative delay of a single source to two
microphones τ1 and τ2 from Eq. (11) can then be
estimated with two single peak GCC-PHAT calcu-
lations, switching the microphone signals in Eq. (6)
to become

ΨP12[n] = F−1

{

X∗

1
[k] ·X2[k]

|X∗

1
[k] ·X2[k]|

}

ΨP21[n] = F−1

{

X1[k] ·X
∗

2
[k]

|X1[k] ·X∗

2
[k]|

}

(12)

then

τ1 = argmax
n

ΨP12[n] (13)

τ2 = argmax
n

ΨP21[n] (14)

In this case, only one delay is estimated from each
GCC-PHAT calculation. As a consequence of this
the traditional single peak GCC-PHAT method is
unable to estimate the relative delays of all sources
ifNs >= Nm, whereNs is the number of sources and
Nm the number of microphones, without manipula-
tion of the output as the number of calculations that
will be performed will be less than the number of de-
lays to be calculated. The number of delays to be
estimated in a Ns source, Nm microphone configu-
ration is described by

Nd = Ns(Nm − 1). (15)

The maximum number of calculations that could be
performed by the single peak GCC-PHAT, estimat-
ing one delay from each calculation, is defined by

NCs = Nm(Nm − 1) (16)

therefore if Ns > Nm then NCs < Nd. The ability
of the single peak GCC-PHAT to calculate multiple
delays where Ns < Nm is dependent on the position
of the sources to the microphones and will not be
discussed in this paper.

4. PROPOSED METHOD

This paper proposes a method whereby multiple de-
lays can be estimated by using the same GCC-PHAT
calculation, Eq. (6), but making use of redundant in-
formation usually ignored as the GCC-PHAT is de-
signed for estimating the delay of a single source to
multiple microphones. The proposed method is able
to calculate relative delays for cases where Ns >=
Nm, whereas the single peak method does not. The
proposed multiple peak method also does not require
W-disjoint orthogonality; both sources can be ac-
tive, which is required in the DUET method, there-
fore they can be highly correlated and still the delays
calculated.
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The GCC-PHAT can only be calculated between two
microphones. When there are Nm microphones and
Ns sources, Ns peaks will appear in each calculation
assuming all delays are unique. Each peak is equal to
the relative delay of each source to the microphone
signals under observation. The single peak GCC-
PHAT discussed previously uses the delay estimated
from the maximum peak only.

Fig. 3 shows the output of a GCC-PHAT calcula-
tion in the two source, two microphone case with
the delays labelled. The estimation of the delays us-
ing multiple peaks from this calculation is described
as

τ1 =

argmax
n

[

ΨP [0], . . . ,ΨP [
N

2
]

]

(17)

τ2 =

N

2
− argmax

n

[

ΨP [
N

2
+ 1], ...,ΨP [N − 1]

]

.

(18)
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Fig. 3: Output of the GCC-PHAT where 2 sources
are present with the delays labelled.

In the 2 source, 2 microphone case, using the mul-
tiple peak GCC-PHAT reduces the number of cal-
culations per window from 2 to 1. As Ns and Nm

increase, the number of maximum calculations that
are performed with the multiple peak GCC-PHAT
is

NCm =
Nm(Nm − 1)

2
(19)

which is still less than the maximum number of cal-
culations for the single peak GCC-PHAT method,
shown in Eq. (16), by a factor of 2.

The advantage of less calculations is that as the
number of sources and/or microphones increases, the
number of calculations inevitably increases with ei-
ther method. The aim of this technique is to run in
realtime as it is aimed at live sound. If the number of
calculations are too many, a lot of processing power
will be required to achieve realtime implementation,
therefore less calculations is desired. If the delay
estimation of longer delays is required, a longer win-
dow size is required which increases the processing
required. If less calculations are required, this will
decrease the processing time.

With the assumption shown in Eq. (10), the GCC-
PHAT is used to calculate delays of up to N/2 where
N is the window size. This means in the single peak
method, Eq. (12), ΨP12[n] and ΨP21[n] are only used
where n = 0, . . . , N/2. It also happens that ΨP12[n]
where n = N/2 + 1, . . . , N − 1, which is unused, is
equal to ΨP21[n] where n = 0, . . . , N/2 but with the
elements reversed.

As the multiple peak method in this case would use
ΨP12[n] where n = 0, . . . , N − 1, both methods will
estimate the delay from the same data, making the
accuracy of each equal.

If the configuration is extended to the Nm micro-
phone Ns source case the technique is the same as
in Eqs. (17) and (18) but for Ns peaks. If a peak
occurs in the first half of the function, the delay is
calculated by Eq. (17), if it occurs in the second half,
it is calculated by Eq. (18). This is repeated up to
the number of sources.

One method for calculating the position of the peaks
would be to read the positions one source at a time,
removing the peak after the delay has been extracted
continuing this up to the number of sources.

The multiple source GCC-PHAT provides other in-
formation about the sources. A peak that occurs
at the 0 or N-1 position is cause by a source that is
equidistant from both microphones. A peak that oc-
curs in the first half of the output function is caused
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by a source positioned to the left of the centre line
between the microphones and a peak that occurs in
the second half of the output will be caused by a
source to the right.

The amplitude of the peak also determines the rela-
tive distance of each source to the microphones. The
peak with the highest amplitude will be caused by a
source placed closest to the microphones, the small-
est caused by a source placed furthest away. This is
shown in Fig. 4 where it can be seen that s1 is closest
to m1, positioned to the left of the centre (dashed)
line. This is shown in the GCC-PHAT function as
s1 appears in the first half of the function with a
large amplitude.

After the multiple delays have been calculated, it is
desirable to know which delays correspond to which
sources. For this, a simple estimation of the relative
placement of sources and/or distance from micro-
phones is required to assign each estimated delay to
the correct source.

4.1. Effect of noise

The accuracy of the delay estimation can be affected
by additional uncorrelated noise such as that from
other instruments, audience noise and air condition-
ers as this increases the noise floor leading to a de-
crease in the Signal-to-Noise ratio (SNR). The noise
floor will eventually reach a similar level to that of
the desired peak, thus making the peak difficult to
find in the GCC-PHAT output. The noise floor also
affects the effective distance the source can be from
the microphone and the delay to still be estimated
accurately. As a source moves from the microphones
the amplitude decreases due to distance thus the am-
plitude of the peak caused by that source will have a
smaller amplitude which may be less than the noise
floor.

5. COMPARISON

Experiments were run to ascertain the robustness of
the proposed method using multiple peaks to the
traditional single-peak GCC-PHAT against noise
and to confirm that the performance of the proposed
method was equal to that of the single peak method.
This was performed using a simulation whereby the
position of microphones and sources were defined
and delays and gain changes calculated. These vari-
ables were then used to construct simulated micro-
phone signals. The input signals were a direct-input
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Fig. 4: Sample layout of sources and microphones
(top) and the resulting GCC-PHAT function (bot-
tom) showing how the amplitude and position of the
peaks is related to the position of the sources.
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recorded guitar and piano sample taken direct from
the keyboard output therefore there was little noise
or reverberation on the original samples. The layout
of sources and microphones can be seen in Fig. 5.
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Fig. 5: Layout of sources and microphones for the
test of robustness to uncorrelated noise.

Uncorrelated pink noise was then added to increase
the SNR in dB of the source signal furthest from the
microphone. The noise was added to alter the SNR
in 0.5dB increments from 60dB to 0dB. Each SNR
step was averaged 100 times.

5.1. Results

A 10 second sample was used of each input which was
windowed with a 2048 sample Hann window. For
each SNR step, the percentage of windows where the
correct delay was estimated was calculated, which
can be seen in Figure 6 which shows the results for
the single and multiple peak GCC-PHAT. The re-
sults were equal.

As expected, the results are equal because the ampli-
tude of the peak for each source will always be the
same, the only difference being whether the peak
is in the first half of the output or the last half.
Although both results are equal, the multiple peak

0204060
0

20

40

60

80

100

SNR (dB)

A
cc

ur
ac

y 
(%

)

 

 
τ
1

τ
2

Fig. 6: Results of noise test for the single and mul-
tiple peak GCC-PHAT methods which were equal.

GCC-PHAT required half the calculations of the sin-
gle peak GCC-PHAT.

The results show that both the traditional sin-
gle peak GCC-PHAT and the multiple peak GCC-
PHAT exhibit a reduction in accuracy as SNR de-
creases. The estimation of τ2 was above 95% accu-
rate to an SNR of 32dB whereas the estimation of τ1
was never more than 90% accurate and dropped be-
low 85% accuracy at 46.5dB SNR. This shows that
both methods are very sensitive to noise due to the
differences in amplitude of the peaks due to distance
from the microphones. This is because s2 was placed
closer to m2 than s1 was to m1. The result of this
is that the peak caused by s2 would be of a higher
amplitude and would therefore stay above the noise
floor to lower SNR, leading to a higher accuracy of
delay estimation for that source.

6. CONCLUSIONS AND FUTURE WORK

It has been shown that using a single GCC-PHAT
calculation to extract multiple time delays rather
than extracting a single delay produces the same re-
sults, with a reduction in the number of calculations
required per time window. It also provides a rough
estimate of the position of the sources with respect
to the microphones. The multiple peak GCC-PHAT
is also able to calculate delays where the number
of sources is greater than or equal to the number
of microphones, whereas the traditional single peak
GCC-PHAT is unable to as the maximum number
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of calculations is less than the number of delays to
be calculated.

The proposed method has been shown to be sus-
ceptible to additional noise and the accuracy is also
dependant on the position of the sources to the mi-
crophones. The multiple peak GCC-PHAT could
be adapted to increase the accuracy with additional
noise using methods such as averaging and accumu-
lation. The method could also be used to estimate
the changing delay of a moving source. The robust-
ness of the method to correlated noise, i.e.. reverber-
ation, has also yet to be investigated. The accuracy
of the method could also be tested using real record-
ings in a real space as opposed to the simulations
used in this paper.

Research will continue into using multiple delays
to reduce the effects of comb filtering in multiple
source, multiple microphone configurations in live
sound.
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