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ABSTRACT

The proximity effect in directional microphones is characterised by an undesired boost in low frequency
energy as the source to microphone distance decreases. Traditional methods for reducing the proximity
effect use a high pass filter to cut low frequencies which alter the tonal characteristics of the sound and are
not dependent on the input source. This paper proposes an intelligent approach to detect the proximity effect
in a single capsule directional microphone in real time. The low frequency boost is detected by analysing
the spectral flux of the signal over a number of bands over time. A comparison is then made between the
bands to indicate the existence of the proximity effect. The proposed method is shown to accurately detect
the proximity effect in test recordings of white noise and of other musical inputs. This work has applications
in the reduction of the proximity effect.

1. INTRODUCTION

A microphone is a transducer that converts sound pres-
sure waves to electrical signals. A linear non-directional,

an undesired boost in low frequency energy as a source
moves closer to the microphone, beyond what is ex-
pected.

or omnidirectional, microphone has a flat frequency re-
sponse and responds equally to sound pressure from all
angles at all distances. A directional microphone re-
sponds to sound pressure primarily from one direction.
This can be used to improve the signal to noise ratio of
a single sound source in a noisy environment. A conse-
quence of directionality is that a flat response has to be
sacrificed due to the proximity effect, characterised by

The proximity effect can cause distortion of the input sig-
nal as the low frequency boost will also boost the overall
amplitude of the signal, for example if a person speaking
unexpectedly moves closer to the microphone. This is
particularly evident in teleconference situations. In a live
musical performance for example, musicians naturally
move while performing. This movement changes the
source to microphone distance and can therefore cause
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undesired tonal changes that cannot simply be corrected
using equalisation.

In commercial products, the proximity effect is tackled
in a number of ways. Some condenser microphones
have two diaphragms to provide selectable polar patterns.
This can also be used to reduce the proximity effect [1]
by effectively enabling a cardioid polar pattern for high
frequencies and a non-directional pattern for low fre-
quencies. Although this will reduce the amount of low
frequency boost the presence of a non-directional micro-
phone even at low frequencies will increase the amount
of noise in the microphone signal as it is reproducing
sound waves from all directions. The additional compo-
nents required will also increase the cost of the micro-
phone.

Other microphones simply include a bass roll off in an
attempt to reduce the effect but this can alter the sound
and remove low frequencies that may not be boosted by
the proximity effect. Equally, a multi band compressor
can be used with the lowest band set to cover the criti-
cal proximity effect band which varies with each micro-
phone. As with simply using a filter, sound that may
contain a lot of low frequency information will also be
affected.

To the author’s knowledge the research into the proxim-
ity effect is limited. The causes of the proximity effect
are not fully understood [2, 3, 4]. Prior work compares
theoretical low frequency boost to real microphone data
[5, 6, 7, 8] where theoretical models are shown to be
lacking and do not correlate with recorded date. The
proximity effect is generalised as a boost in low fre-
quencies but varies for each microphone due to the dif-
ferences in construction. An example microphone re-
sponse in [5] exhibits a distinctive peak in low frequen-
cies as distance decreases between source and micro-
phone at around 160Hz with a general increase below
around 500Hz whereas other microphones have a grad-
ual increase in amplitude at all frequencies below around
500Hz. For this reason in this paper the upper limit of
the proximity effect will be defined as S00Hz.

Attempts to reduce the proximity effect are limited as
they are unable to take into account the absolute dis-
tance of the source and microphone. If absolute distance
data could be found then this could be coupled with mi-
crophone data and the proximity effect accurately cor-
rected. The majority of algorithms for calculating source
to microphone distance and angle use microphone arrays

which require knowledge of the array and at least two
microphones [9]. Research in [10] outlines a method to
estimate the absolute distance between a single source
and a single microphone by using statistical parameters
of speech which inform a pattern estimator algorithm.
The method is shown to perform for close distances but
requires training of the algorithm and is only for speech
signals.

2. PROXIMITY EFFECT

All directional microphones exhibit the proximity effect.
The low frequency boost occurs due to the method used
to enable directionality in microphones. Typically a mi-
crophone contains a diaphragm that is excited by incom-
ing sound pressure waves and converts this vibration to
electrical energy. Microphones are made directional by
controlling where the sound pressure arrives at the di-
aphragm. In a non-directional microphone the rear of the
diaphragm is sealed in a vacuum and the front open to
respond to sound pressure. The output is therefore the
absolute sound pressure at the diaphragm. A directional
microphone is open at both the front and rear of the di-
aphragm and the output of the microphone is the differ-
ence in sound pressure at each side of the diaphragm, or
the pressure gradient.

The difference in sound pressure is caused by a differ-
ence in amplitude and phase of a pressure wave as it ar-
rives at either side of the diaphragm. An on-axis pressure
wave travels further to reach the rear of the diaphragm
thus the inverse square law dictates there will be a drop
in amplitude and therefore a difference in pressure that is
frequency independent. The distance also dictates there
will be a frequency dependant difference in phase of the
pressure wave from the front to the rear. These two com-
ponents combine to provide an overall pressure gradient.

The amplitude gradient caused by a pressure wave ar-
riving from a source far from the microphone will be
small compared to the phase gradient. As a source moves
closer to the microphone the phase gradient component
decreases, especially at low frequencies, and the am-
plitude gradient component simultaneously increases re-
sulting in a boost of low frequencies [11]. In addition
to this, the proximity effect is also dependant on the an-
gle of the source to the microphone. For example a bi-
directional microphone reproduces sound primarily from
sources arriving at angles of 0° and 180°. At source an-
gles of 90° and 270° the microphone reproduces very
little and therefore exhibits the least proximity effect.
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The low frequency boost in decibels, 5,5, due to the
proximity effect is described in [12] and adapted from
[11] as follows

()
e (1)
A

Bap =

where 7 is the distance in centimetres and A is wave-
length in centimetres. This is a generalisation as the cut
off and gain of the equivalent low pass filter is dependant
on the microphone architecture [4].

To the author’s knowledge there is no previous litera-
ture on using signal processing and analysis to detect the
proximity effect. Work in [13] attempts a similar goal
with pop sounds which involves a 2 stage process of pop
noise detection and suppression.

3. ANALYSIS

Detection of the proximity effect first requires under-
standing and analysis of how it affects microphones un-
der real conditions. Figure 1 shows the low frequency
gain below 500Hz of a white noise input signal recorded
at various distances to a sound source using both an om-
nidirectional and cardioid microphone.
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Fig. 1: Gain of white noise low pass filtered at
500Hz recording with cardioid and omnidirectional mi-
crophones at different distances

The proximity effect can clearly be seen. At the small-
est distance of 1cm there is almost a 10dB difference in
level. At 30cm and above, there is a less than 1dB differ-
ence in between the two microphones.

4. PROXIMITY EFFECT DETECTION

Proximity effect detection is more than a simple analysis
of the low frequency content of an input signal. There are
many occasions where a change in low frequency con-
tent is not due to the proximity effect and is due to other
scenarios such as an instrument simply playing a lower
note. The low frequency content of a signal will also
be boosted, regardless of the microphone, but a direc-
tional microphone will boost the low frequency content
further than is expected for the distance between source
and microphone. The low frequency content will also be
boosted if the sound source simply becomes louder.

Different microphones also exhibit the proximity effect
in different ways. Previous work [5] analysing micro-
phones shows that some microphones have a more uni-
form boost in low frequency content below a certain fre-
quency and others may have a more prominent boost
around an area of the low frequencies. It is therefore
difficult to apply “one size fits all” approach. A gener-
alisation can be made that the proximity effect is most
apparent below 500Hz from analysis of previous publi-
cations and microphone data [4].

In this approach no assumptions are made or prior knowl-
edge of the microphone and only the microphone data is
available. The aim of this approach is to detect when the
proximity effect is occurring.

4.1.

As the proximity effect is a spectral effect certain spec-
tral features can be extracted, such as spectral flux [14].
Spectral flux is a measure of the change of spectral con-
tent over time. It is calculated by taking the Euclidiean
distance of the magnitude of subsequent frames of data.
This is described by

Spectral Flux

N-1

Z[X(na k) _X(n_ 17k)]2 (2)

k=0

SF(n) =

where X is the microphone signal z in the frequency do-
main, k is the bin number from 0,..., N — 1, N is the
window size and n is the current time step.

It is expected that the spectral flux of low frequencies of
a signal experiencing the proximity effect would increase
as distance decreases at a higher level. This can therefore
be used as an indicator to the proximity effect.

4.2. Algorithm
The incoming signal is first low pass filtered at 2kHz as
most musical signals have the majority of information
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Fig. 2: Spectral flux of 3 bands of white noise recorded
with an omnidirectional microphone.

below 2kHz [15]. The incoming signal is then taken into
the frequency domain. The frequency bins are then split
into a number of bands, 7. The spectral flux for each band
is calculated.

Qi—1
Z [X(nvk)iX(nilak)]Q (3)

k=p;

SFi(n) =

where @); is the upper frequency bin limit of the ith band
and p; the lower limit of the ¢th band. This implementa-
tion uses 10 bands. The bands are then split into 2 sets
at 700Hz to encompass all bands which may be effected
by the proximity effect. In the ideal case of white noise
recorded with an omnidirectional microphone the spec-
tral flux will be equal for all frequency bands as all fre-
quencies will exhibit an equal increase in amplitude as
distance decreases. Figure 2 shows the spectral flux for 3
bands over time as the distance between a source and an
omnidirectional microphone is changed. Figure 3 shows
the same for a cardioid microphone.

In the cardioid microphone case with a white noise in-
put the bands above 700Hz behave similarly to the omni-
directional microphone. Below 700Hz, bands will have
greater spectral flux over time as the distance decreases
due to the proximity effect. This can therefore be used as
a measure for detection.

An average of the spectral flux of each set is then taken.
The difference between the averages of the 2 sets of
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Fig. 3: Spectral flux of 3 bands of white noise recorded
with a cardioid microphone

bands will indicate the presence of the proximity effect.
The proximity effect is detected as follows

{1
m =
0

where 1 indicates the detection of the proximity effect,
T is the spectral flux difference threshold and m is the
spectral flux difference m = SRy, — SRy where SRy,
is the averaged low frequency spectral flux and SRy is
the averaged high frequency spectral flux.

itm>=T,
ifm<T.

5. EXPERIMENTATION

The detection algorithm was tested by recording differ-
ent input signals with an omnidirectional and cardioid
microphone. The distance between the source and mi-
crophone was changed over time.

The following results show the proximity effect detection
algorithm on a number of input signals. Figure 4 shows
the output of the proximity effect detector on the om-
nidirectional microphone recording with a white noise
input and Figure 5 shows the same for the cardioid mi-
crophone. The detector outputs 1 if the proximity effect
is detected and O if it is not detected.

The root mean squared (RMS) level of the input signal
is shown in each case to indicate when the source moves
towards the microphone. The amplitude from the source
is kept constant and the output amplitude changes only
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Fig. 6: Proximity effect detection of a vocal signal

Fig. 4: Proximity effect detection of a white noise signal
recorded with an omnidirectional microphone.

recorded with an omnidirectional microphone.
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Fig. 7: Proximity effect detection of a vocal signal

Fig. 5: Proximity effect detection of a white noise signal
recorded with a cardioid microphone.

recorded with a cardioid microphone.
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Fig. 8: Proximity effect detection of an electric guitar
signal recorded with an omnidirectional microphone.

due to the distance between the source and microphone.
The omnidirectional microphone picks up all frequencies
equally with distance. Therefore no proximity effect is
detected. The amplitude simply increases linearly over
all frequencies due to less attenuation in air. The prox-
imity effect on the cardioid microphone recording is ac-
curately detected.

Figures 6 and 7 show the proximity detection output for
a male vocal input signal with an omnidirectional and
cardioid microphone respectively. The algorithm suc-
cessfully detects when the source to microphone distance
decreases and causes the proximity effect in the cardioid
microphone case. The proximity effect is not detected in
the omnidirectional microphone case.

Figures 8 and 9 show the output of omnidirectional and
cardioid microphones with an electric guitar input. The
proximity effect is successfully detected on the cardioid
output and not detected on the omnidirectional output.

6. CONCLUSION

A method has been proposed for the detection of the
proximity effect on microphone recordings. The pro-
posed method uses spectral flux to measure the change in
spectrum over time. The method is shown to accurately
detect the proximity effect on recordings made with a
cardioid microphone and equally to not detect the prox-
imity effect in recordings made with an omnidirectional

microphone.

In future work the detection method will be used to im-
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Fig. 9: Proximity effect detection of an electric guitar
signal recorded with a cardioid microphone.

plement a correction algorithm which will reduce the
proximity effect. The detection algorithm will be de-
veloped to improve the accuracy on input signals which
have greater fluctuating frequency content such as an in-
strument playing a large range of notes.
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