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Relationship between distance and microphone directivity in a speaker booth

Abstract

A study was made to investigate trained listeners preferences regarding a microphone's

directivity and distance from a speaker when listening to a voice recorded in a speaker

booth. Two directivities (omnidirectional and cardioid) and three distances (5, 25 and 52

cm) were tested on 19 subjects in a multiple comparison listening test regarding their

preference and five other attributes taken from earlier studies. The result showed that an

omnidirectional microphone placed close to a source might be preferable over a cardioid

at the same distance or a cardioid placed a bit away from the source. The omnidirectional

microphone however tends to perform more even at different distances compared to a

cardioid, which makes it easier for a engineer to find a good microphone position for it. 
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1. Introduction
A voice can be recorded for many purposes with different aims to achieve. The sound

ideal for a voice track for a commercial is probably different than a voice recording for a

documentary or similar. Lots of editing and processing can be done to a voice track to

achieve a certain kind of sound, or it could be left just as it is. But what is important,

according to me, for all kinds of voice recordings, is to keep the recording free from

unwanted sounds, like pops, clicks or unwanted reverberation for example. Also spectral

balance must be taken into consideration. One way to avoid some kind of unwanted

sounds might be to vary the distance between the speaker and the microphones, this

might lead to a better result in some aspects but might also enhance other kinds of

unwanted sounds. An example of this can be reverberation and pops, at a large

distance between the speaker and the microphone, the recording will contain more

reverberation and less pops. But the closer distance between the speaker and the

microphone, the recording will contain less reverberation but more pops. Another factor

(except for distance) to vary is the directivity of the microphone. Since the different

directivities have got different characteristics, regarding spectral balance and similar,

using the right directivity for the job might lead to a better result.

1.1. Aim
The study will investigate the importance and relationship of a microphone’s distance to

a speaker and the microphone’s directivity for the preference among trained listeners.

The aim for the study is to present a specific directivity and type of distance

(near/free/reverberant field) that is generally preferred by trained listeners when dealing

with a speaker voice, as well as to discuss possible artifacts from the microphone and

room construction that might have led to this preference. If it is possible to maximize the

perceived quality by using a particular type of microphone, on a specific type of

distance, in a particular kind of room, a better final result is possible to achieve. 

1.2. Research question
Is there a combination between directivity and distance for recording voices in a speaker

booth that is generally preferred by experienced listeners?
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2. Background
To be able to understand what happens when varying a microphone's directivity and

distance from a source, some basics about a microphone technology and room acoustic

need to be understood.

2.1. Microphones 

General technology 

A microphone is a device containing a transducer that converts sound pressure waves

to equivalent electrical waves. You can also say it is excited by acoustic energy or

vibrations and converts it to electrical energy. The three most common classes of

microphones are pressure, pressure gradient and a combination of pressure and

pressure gradient. A pressure microphone is constructed with a vacuum sealed back

and therefore only respond to changes in sound pressure which makes its output a

scalar that possesses magnitude but no direction. A pressure gradient microphone is

constructed with an open back and therefore responds to the differences in sound

pressure between the front and the rear which makes it a vector that possesses both

magnitude and direction. [1] 

Capacitor microphones 

The diaphragm of a capacitor microphone is constructed by a capacitor with a front

(membrane) and rear plate separated by approximately 25 μm by an insulator [1]. The

basic idea is that if the front plate is free to move relatively to the rear plate, the

capacitance in the capacitor will vary. Since the membrane moves pursuant to the

sound waves, the capacitance will vary equivalent to the sound waves. The capacitor

needs to be charged, therefore a capacitor microphone needs DC power which often is

provided from the preamp/console etc. This power is called Phantom Power and the

voltage is often 48 V. The Phantom Power also feeds an high input impedance FET

amplifier inside the capacitor microphone necessary for transforming the very high

output impedance from the capacitor to a much lower output impedance of the

microphone. [2] 
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Directivity

A microphone's ability to reproduce sound received from different directions can be

described by the microphone's directivity or polar response. The directivity is often

presented by a polar pattern which is a two dimensional map of the microphone's output

relative to the incoming sound at different angles. Polar patterns can be described by a

mathematical formula considering the angle of the incoming sound where 1 is the

maximum output of a microphone at a given angle. [3] 

Omnidirectional 

The polar response of an omnidirectional microphone (see Fig. 2.1) is mathematically

described by 1, which means the microphones output is the same for all angles of

incoming sound. The simplest version of an omnidirectional microphone is the single

diaphragm pressure microphone (described above) which by having a closed rear only

reacts to absolute sound pressure. In practice this only works well for low and mid range

frequencies since wave length decreases with frequency and the dimension of the

capsule begins to be comparable to the high frequencies' wave length. This makes the

high frequencies from behind and the sides partly blocked from the diaphragm by the

housing itself. The fact that omnidirectional microphones react to absolute sound

pressure make them the least sensitive to wind and other noises of all directivities. [3] 

Fig. 2.1 - Omnidirectional polar pattern
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Bidirectional 

The polar response of a bidirectional microphone (see Fig. 2.2), also called figure-eight,

is mathematically described by the formula "cos θ", where θ is the angle of the incoming

sound in degrees. At an angle of 0° (from straight ahead) the result of the formula is 1

and the microphone will therefore reproduce its maximum of the incoming signal. At 90°

the result of the formula is 0 and the microphone will not reproduce any of the sound

from that angle. At 180° the result is -1 meaning the microphone will reproduce at its

maximum level of the incoming signal but phase inverted. This makes the polar diagram

of a bidirectional microphone look like a figure of eight. The simplest version of a 

bidirectional microphone is a single diaphragm pressure gradient (described above)

microphone which is obtained by leaving both the front and the rear side of the

diaphragm open. [3] 

Fig. 2.2 - Bidirectional polar pattern

Cardioid 

The polar response of a cardioid microphone (see Fig. 2.3) is mathematically described

as "1 + cos θ" (where θ is the angle of incoming sound in degrees). As you can see

above, where omni and bidirectional directivity are explained, the cardioid polar pattern
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can be described as the sum of the omnidirectional (“1”) and a bidirectional (“cos θ”)

polar response and can therefore also be described like a combination of a pressure

and a pressure gradient microphone. Since both the omnidirectional and bidirectional

microphones reproduce maximal of the incoming signal at 0°, the sum for the cardioid

will actually be twice as big as either of the two others. At 90° however, the bidirectional

does not reproduce any of the incoming signal, resulting in the cardioid only reproducing

half of its capacity. At 180° the omnidirectional microphone reproduces 1 and the

bidirectional reproduces -1 (same amount but phase inverted) resulting in the cardioid

not reproducing any sound at all from 180°, hence the cardioid polar pattern. [3] 

Fig. 2.3 - Cardioid polar pattern

Obtaining different polar patterns with a single diaphragm 

As explained earlier, the easiest way to obtain an omnidirectional microphone is to use a

single diaphragm microphone and make sure the rear side of the diaphragm is closed,

making the microphone sensitive only to changes in sound pressure. Also, a

bidirectional polar pattern is obtained by leaving both the front and rear side open,

making the microphone sensitive to differences in sound pressure between the front and

back. Historically there are examples of microphones housing two diaphragms (one

omnidirectional and one bidirectional next to each other) to obtain a cardioid polar
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pattern by electronically combining their outputs [3]. This gave quite a bulky microphone

and the diaphragms could not be placed as close to each other as needed to obtain a

satisfying cardioid polar pattern in the high frequencies. But it did set the first principles

for a cardioid polar pattern. Nowadays, cardioid and similar polar patterns in single

diaphragm microphones are obtained by leaving the front side open and introducing

acoustic labyrinths at the rear side making the sound arrive to the membrane in different

combinations of amplitude and phase, resulting in a cardioid pattern. This acoustic

labyrinth can electroacoustically be described as an acoustic resistance and a cavity

which can be seen as a low pass filter providing a phase lag for frequencies under the

cutoff frequency. By choosing right amount of acoustic resistance and cavity this phase

lag can be matched to the time it takes for a sound coming from behind to arrive at the

front side of the membrane and thereby obtain a total phase cancellation (two signals

that are out of phase will result in no output), making a cardioid polar pattern of a single

diaphragm microphone. [4] 

Obtaining different polar patterns with a double diaphragm 

A double diaphragm microphone, which probably is one of the most common kinds of

microphones now days, is a microphone with two identical cardioid diaphragms placed

at each side of a rigid plate aiming in opposite direction. By electronically combining

their output in different ways, different polar patterns are obtained. For example, by

summing the front and rear diaphragms (front + rear) an omnidirectional polar pattern is

created because both diaphragms will have the same phase. By subtracting the front

and rear diaphragms (front - rear), the front and rear diaphragm will be out of phase,

thus creating a bidirectional polar pattern. By setting different amplitude of the two

diaphragms relative to each other, other polar patterns like hyper cardioid (narrow

version of cardioid) or sub cardioid (wider version of cardioid) also can be obtained. If

the wish is to use a cardioid pattern, only the front diaphragm needs to be used. Since a

double diaphragm microphone contains two diaphragms the cavity has been doubled

but the acoustic resistance is the same as in a single diaphragm microphone. In a single

diaphragm microphone, resistance + cavity are seen as a low pass filter. Hence, in a

dual diaphragm microphone, cavity + resistance + cavity can electroacoustically be

described as a combined high pass and low pass filter with the same cutoff frequency,

which is twice as big as a single diaphragm microphone. [4] 
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Proximity effect 

The proximity effect is a phenomena that occurs in all types of directional microphones

(pressure gradients) such as bidirectional and cardioid. The proximity effect, also called

bass tip-up [3], is a low frequency boost that occurs when a source gets close to the

microphone. Pressure gradients are constructed with open front and (in some way) open

rear which makes the output of the microphone the difference in sound pressure

between front and rear. A sound pressure wave will differ in phase and amplitude

between the two sides of the diaphragm because it has to travel further to reach the

back side. The difference in amplitude is frequency independent and thereby only

dependent on the inverse square law, meaning there will be a drop in amplitude

between the front and rear side. The difference in phase, which mostly is the driving

force on a pressure gradient, is frequency dependent since all frequencies have different

wave length. Since the length between the front and rear side is fixed, the phase

differences will increase with frequency, the higher frequency the more phase difference

in other words. The difference in amplitude between the front and rear side for a wave

from far away will be small compared to the difference in phase for the same wave. The

closer the source gets the more difference in amplitude there is, due to the inverse

square law. When the source is very close, the distance between the source and

microphone starts to be comparable with the distance between the front and rear side of

the diaphragm. The inverse square law tells us that a doubling of distance will make the

sound pressure drop by 6 dB, therefore there will be a more significant difference in

amplitude between the front and rear side when the source is close. Since there are

quite small differences in phase between the front and rear side for low frequencies, the

output of the low frequencies will be increased when there is a bigger difference in

amplitude (pressure difference) [3, 4]. 

2.2. Room acoustics
Rooms also has got distinct characteristics that might color the timbre of a source in a

recording situation. A room’s reverberation is defined as the sound in the room after the

excitation signal has been removed [5]. The reverberation time (RT60)is according to

Sabine's Equation (Equation 1) dependent on the rooms volume (V) and the surfaces

total absorption (A), which is directly related to the surfaces' material. 

RT 60=0,161
V
A

       Equation 1
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Since a room can be defined as an enclosed space with a certain amount of air locked

up in it, a rooms acoustic characteristics can be compared to a complex vibratory

system with different resonance frequencies [6]. These resonances are called room

modes and are related to the relationship between the dimensions of the room and the

length of the sound waves. The larger room, the more room modes, higher modal

density and lower first mode there will be. Because a room is an enclosed space, sound

from a source will contain both direct and reverberant sound in some amount, when it

reaches the receiver. The distances from a source can be divided into three categories;

near field, free field and reverberant field. In the near field, sound level decreases about

12 dB per doubling of distance. In the free field, the sound operates like it's in an actual

free field and decreases about 6 dB per doubling of distance. There is a limit separating

the free field and the reverberant field (where the decrease depends on the absorption)

called critical distance where the direct sound and reverberant sound contain equal

amount of energy. [5] 

Speaker booths

Speaker booths, which are used in this study, are often small rooms built to avoid

leakage from other sources in a facility. This might provide them with characteristics that

will affect the timbre in a recording situation. Because of their small size they are often

treated with only high- and mid frequency absorbers since low frequency absorbers do

not fit. This can lead to untreated room modes in the low frequencies that will affect the

timbre of the recording, as long as it is in the vocals frequency range [5]. Speaker (or

vocal) booths often have (at least) one window to let the singer/speaker see the

producer/engineer or the other musicians. The window will, because of its ability to

reflect sound, probably cause some kind of reflections that might result in comb filtering

effects or flutter in the room. 

2.3. Hypothesis
Both microphones and rooms have got characteristics that might color the timbre of a

recording. For example, a cardioid microphone placed very close to a source will suffer

from the proximity effect but not unwanted reverberation. An omnidirectional microphone

placed close to a source will not suffer from the proximity effect but might suffer from

more reverberation than the cardioid due to its directivity. A hypothesis may be that

there is one, or a number of distances/directivities combinations that are more preferred
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than others and that the preference choices can, at least partly, be explained by the

microphones and rooms characteristics. The study will investigate if there is such a

distance/directivity combination that is preferred by trained listeners (see research

question in 1.1.)
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3. Method
Three distances and two different microphone directivities were tested in a multiple

comparison listening test. 19 audio engineering students (defined as trained listeners)

from the College of Music in Piteå participated as subjects in the listening test without

knowing the topic of the study. Trained listeners were chosen because of their ability of

critical listening compared to naive listeners. The subject's preference and scaling of five

attributes (explained later) was asked for. To be able to compare the different

directivities and distances equally without needing to make different takes (or different

recordings), six microphones were used. The directivities tested were omnidirectional

and cardioid and the distances tested were 5, 25 and 52 cm (52 cm explained further

down). The microphone models used are shown in Table 3.1 and were chosen because

of the accessibility. The speaker booth used for the study was located at the Collage of

Music in Piteå (Sweden) and had the dimensions 3,30 x 2,95 x 2,73 m. This resulted in

a volume of  26,58 m2.

Table 3.1

Omnidirectional Cardioid

5 cm DPA 4003 DPA 4011

25 cm DPA 4003 DPA 4011

52 cm DPA 4003 B&K 4011

3.1. Pre-tests
Two pre-tests were conducted before the recording of the stimuli for the listening test.

Microphone similarity

The first pre-test was to ensure the six microphones similarity to each other. Since the

directivity of the microphone affects the spectral balance, the comparison between the

microphones focused on establishing the similarity between the microphones of the

same directivity. An environment as close to anechoic as possible was setup in a studio

and the six microphones were placed as close to each other that is physically possible.

A speaker (Genelec 1030) was placed 100 cm from the microphones playing white

noise and the signal from the microphones was recorded with Millennia HV3 preamps to

Pro Tools. The recordings were later examined with a spectral analyzer (Waves PAZ
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analyzer) and the microphones were considered similar enough for this study. The

frequency plots can be found in Appendix 1.

Reverberation time and microphone distance

The second pre-test was to estimate the critical distance in the speaker booth, later

used as the largest distance between the microphone and the source when recording

the stimuli. Since the critical distance is the point where a sound contains as much direct

sound as reverberant sound it was considered the largest distance that might be used

for recording speaking voices. The critical distance can be calculated by Equation 2 [7,

p. 269].

rc=√ A
16π

      Equation 2

To calculate A, Sabines Equation (Equation 3) is used. [5]

RT 60=
0.161V

A
= A=0.161V

RT 60

      Equation 3

The reverberation time (RT60) and the volume (V) are needed. The volume is known

since earlier measurements (26,58 m2). A speaker (Genelec 1030) was set up in the

corner of the room and a measuring microphone (Audix measuring microphone) in the

middle of the room. White noise was played and the software Room EQ Wizard [8] was

used to calculate the reverberation time on different frequency bands and to create a

graph. A mean value was calculated from the graphic and the critical distance was

estimated to 52 cm.

RT 60=0,164

3.2. Stimuli
The stimuli was recorded to Pro Tools in a speaker booth (3,30 x 2,95 x 2,73 m) at the

College of Music in Piteå, Sweden. The microphones were set up two and two (one

omni and one cardioid together) as close to each other as physically possible at the

three distances aiming in the same direction. Millennia HV3 preamps were used and the

gain levels were set to make all microphones as equal as possible in level by playing

white noise through a speaker (Genelec 1030) placed at the source's position and

changing the gain on the preamps until the levels in Pro Tools matched. As a source,

the voice of a man with experience in broadcasting radio etc, was used. A man's voice
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was chosen over a female voice because the spectral width in a man's voice often is

greater or at least extends to further down in the low frequency regions which might

demonstrate the effect of the proximity effect. One Swedish poem [9] and a news

telegram brought by the speaker was read into the microphones resulting in 12 clips (6

microphones times 2 texts). The different kinds of texts were used to get a result that not

only applies to a certain kind of text, rather a wider range of text types. Thus, the results

for the different texts will be combined and analyzed together. A pop filter was used

between the speaker and the microphones. After the recording process, three audio

engineering students were asked to change the levels of the recorded clips to ensure

that the recordings had the same perceived loudness. A mean value of their changes

were calculated and applied. 

3.3. Listening test
A multiple comparison listening test took place in a control room in the College of Music

in Piteå during February 2015. The software STEP [10] was used for playing the stimuli

and scaling the attributes (described below) and the software randomized the order of

the clips between every attribute and subject to avoid order effects. The speakers Klein-

Hummel KH 0 410 with KH 870 subwoofers and a Avid Mbox interface were used for the

test. The subjects were given a sheet of paper with the statements and were asked to

scale the different clips for each statement on a scale between 0-100 where 0 meant “I

do not agree” and 100 “I totally agree”. They were also asked to write down comments

about why certain clips were scaled in certain ways, when they found it appropriate. The

first statement was on the front page of the paper and the remaining statements on the

second page. The subjects were given the instructions not to turn the paper until the first

statement was scaled, this was a way to capture the subjects first impression without

knowing what to pay attention to. A paper with definitions and explanations of the

attributes were available and the subjects were also given the instructions that no further

processing should be needed to improve the sound quality of the recordings, what they

heard was the final sound and their scaling should only depend on that. They were able

to switch freely between the clips, making it possible to make an accurate judgement of

them all.

Attributes

The listeners preference and five attributes modified to statements were scaled by the
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subjects; definitions of the preference and four of the attributes were taken from an

earlier study by Berg and Rumsey [11] where they presented and defined a number of

attributes for systematic evaluation of perceived spatial quality. Some of these attributes

were used in this study to describe the relationship between microphone distance and

microphone directivity. The fifth attribute was taken from Gabrielsson and Sjogren [12]

where they suggested a number of attributes for subjective evaluation of sound-

reproducing systems. The main question of this study is the listeners' preference with

the definition by Berg and Rumsey [11]: 

“If the sound as a whole pleases you. If you think the sound as a whole sounds

good. Try to disregard the content of the programme, i e do not assess genre of

music or content of speech.” 

The four attributes from the same study that were used to describe the different clips

were: “naturalness”, “source distance”, “room sound” and “low frequency content”. The

fifth attribute, which was taken from Gabrielsson and Sjogren [12] was:

“clearness/distinctness”. All attributes were translated to Swedish, since that is the

native language of the test subjects and also modified to statements to make it possible

for the subjects to scale how much they agree with the statement.

Table 3.2

Attribute - 
English

Attribute - Swedish Statement - English Statement - Swedish

Preference Preferens The sound as a 
whole sounds good

Ljudet låter bra som 
en helhet

Naturalness Naturlighet The sound is natural Ljudet låter naturligt

Source distance Ljudkälleavstånd The distance to the 
source is far

Avståndet till 
ljudkällan är långt

Room sound Rumsljud The clip contains 
much room sound

Klippet innehåller 
mycket rumsljud

Low frequency 
level

Lågfrekvensinnehåll The sound contains 
much low 
frequencies

Ljudet innehåller 
mycket låga 
frekvenser

Clearness/
distinctness

Klarhet/Distinkthet The sound is clear 
and distinct

Ljudet låter klart och 
distinkt
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4. Results
The results are presented as a “box and whiskers plot” and a “means and 95% interval

plot” for the listeners preference and “means and 95% interval plots” for the other

attributes. The statistical analyze and all figures have been created by the software

Statgraphics [13]. The method chosen for the statistical analyze is Anova (Analysis of

Variance) with Tukey HSD Intervals. All assumptions required to perform Anova-

analysis are assumed to be fulfilled. The assumptions are [14]: 

1. The samples are independent random samples

2. The responses are approximately normal distributed

3. The population variance is equal 
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4.1. Graphics

Preference

Fig. 4.1 - Box and Whisker plot for the listeners preference

Fig. 4.2 - Means and 95% Tukey HSD confidence interval plot for the listeners preference
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Naturalness

Fig. 4.3 - Means and 95% Tukey HSD confidence interval plot for the attribute Naturalness

Source distance

Fig. 4.4 - Means and 95% Tukey HSD confidence interval plot for the attribute Source Distance
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Room sound

Fig. 4.5 - Means and 95% Tukey HSD confidence interval plot for the attribute Room Sound 

Low frequency level

Fig. 4.6 - Means and 95% Tukey HSD confidence interval plot for the attribute Low frequency level
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Clearness/distinctness

Fig. 3.7 - Means and 95% Tukey HSD confidence interval plot for the attribute Clearness/distinctness

4.2. Comments
The comments left by the subjects during the listening test are here presented in

Swedish and also translated to English.

Swedish English

Subjekt 1
1: B och C låter bäst. C låter bättre 
eftersom det är tydligare, mer högfrekvent.
A låter sämst för jag hatar den metalliska 
klangen.
7: Den bästa lät tydlig utan att vara för 
påträngande. Det lät som en 
radiosändning

Subject 1
1: B and C sounds best. C sounds better 
because it is clearer, with more high 
frequencies. A sound worst because I hate
the metallic timbre.
7: The best one sounded clear without 
being too intrusive. It sounded like a radio 
broadcast.

Subjekt 2
3: Svårt att bedöma men det som spelade 
mest roll vara proximityeffekten
9: Mycket tidiga reflektioner i de jag tog 
som långt bort

Subject 2
3: Difficult to assess but what mattered 
most was the proximity effect 
9: Lots of early reflections in the ones I 
chose as far away

Subjekt 6
1: Vissa var brusiga, andra kändes 

Subject 6
1: Some were noisy, others felt warmer
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varmare
Allmänt: Mot slutet drog jag reglarna så de
började i mitten vid “håller delvis med”. Det
blev lättare att bedöma då.

General: In the end I set the faders so their
starting position were in the middle at 
"partly agree". It became easier to assess.

Subjekt 7
1: Väldigt stor skillnad mellan ljuden
7: Samma här, kanske t.o.m. ännu större 
skillnad mellan ljuden

Subject 7
1: Very big difference between the sounds
7: Same here, perhaps even bigger 
difference between the sounds

Subjekt 9
5: Kan ha råkat skriva tvärtom här av 
misstag, dvs mest bas = 0

Subject 9
5: Might have written on the contrary here 
by mistake, that most bass = 0

Subjekt 11
1: A & B kändes lite fasiga. D lite puffig. F 
brusig
7: F puffig men behaglig. A tydlig. Brus i D 
och E. Allmänt känns klippen ganska 
komprimerade (dynamiskt)

Subject 11
1: A & B felt a little phasy. D a bit poppy. F 
noisy
7: F poppy but pleasant. A clear. Noise in 
D and E. Generally the clips feels rather 
compressed (dynamic)

Subjekt 18
1: Exempel E var bäst, men hade vissa 
problem med starka biljud från munnen
Efter 6 st: Ljud A låter klart bäst
7: Ljud B är det enda ljud som låter 
balanserat i spektralbredd.

Subject 18
1: Example E was the best, but had some 
issues with loud noises from the mouth
After 6: Sound A clearly sounds best
7: Sound B is the only sound that is 
balanced regarding the spectral width.

Subjekt 19
1: B och E lät identiska, samma med A 
och D
7: Lite samma som i uppgift 1. Det var ett 
ljudklipp som tydligt lät bra, de andra hade 
störljud olika mycket.

Subject 19
1: B and E sounded identical, same with A 
and D
7: A bit the same as in task 1. There was 
one sound clip that clearly sounded good, 
the other had noises in different ways.

4.3. Analysis
The Anova tables for all attributes can be found in Appendix 2.

Preference

Fig. 4.1 and Fig. 4.2 show us three microphone distances/directivities that are more

preferred than the other three. The three preferred are: Cardioid 25cm, Omni 5cm and

Omni 25cm. According to Fig. 4.2 there is a statistical significant difference between the

Omni 5cm and Cardioid 25cm to the first ones advantage, but there is no statistical

difference between the Omni 5cm and Omni 25cm, nor the Omni 25cm and Cardioid

25cm.
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The attributes

Fig. 4.3 shows that the three most preferred microphone distances/directivities are also

the ones scaled highest regarding naturalness, but there is no statistical significance

between them regarding naturalness. In Fig. 3.4, it is clear that the listeners easier could

identify the source distance while listening to cardioid microphones compared to

listening to the  omnidirectional microphones. The omnidirectional microphone placed 5

cm from the source seems to be scaled higher (more far away) than the omni at 25 cm,

but there is no statistical significance to support it. In Fig. 4.5 it is clear that the

microphones placed at 52 cm contains most room sound, but there is no statistical

difference regarding room sound between the cardioid and omnis at 5 and 25 cm. As

Fig. 4.6 shows almost all subjects have scaled the Cardioid 5cm very highly regarding

the attribute “low frequency content”. There is also a statistical difference in low

frequency content between Cardioid 25cm and Omni 5cm where the first one contains

more low frequencies. Regarding Clearness/distinctness in Fig. 4.7  there is a statistical

difference between the three most preferred microphone directivities/distances and the

three least preferred, but no significance within those groups, except from the Cardioid

52cm, is scaled higher than the Cardioid 5cm and Omni 52cm.

The comments

The comments given by the subjects were mostly addressing results already given in

the scaling of the attributes, or comments about the test in general. Some of the

comments that in some way described a certain scaling by the subjects were selected

and later used in the discussion. 
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5. Discussion
The results of this study have shown that an omnidirectional microphone might be

preferable while working with recording voices in a speaker booth. Since the three most

preferred distances/directivities include two omnis, (Omni 5cm and Omni 25cm) one

conclusion to make is that it is easier to find a satisfying position for an omnidirectional

microphone compared to a cardioid when placing a microphone in front of a speaker in a

speaker booth. The omnidirectional microphones tend to perform more even at various

distances (near field to free field), while a cardioid microphone seems to have a sweet

spot somewhere in the free field and does not perform well in the near field. By looking

at Fig. 4.3, Fig 4.6 and Fig. 4.7, it is possible to distinguish some differences between

the Cardioid 5cm and Omni 5cm. The omnidirectional microphone is perceived more

natural and clear/distinct while the cardioid microphone perceptually contains more low

frequencies than the omni. This is probably due to the proximity effect that occurs when

a  microphone is constructed to become cardioid. All the low frequency energy coming

from placing a cardioid microphone very close seems to decrease the naturalness and

clearness/distinctness of a voice which makes it less preferable by experienced listeners

and in the extent, probably by naive listeners too.

There is no significant difference between the Cardioid 25cm and Omni 25cm in either

of the attributes presented in this study. This contradicts the conception that a recording

of an omnidirectional microphone, in a speaker room like the one used in this study,

would suffer from more unwanted reverberation than a cardioid placed at the same

distance (in Fig. 4.5 it is clear that both the omnis and cardioids at the same distance

contain about the same amount of room sound). It also tells us that when placing a

microphone at an appropriate distance, there is no significant difference between a

cardioid and an omni regarding the aspects investigated in this study. 

There was a significant difference in preference regarding the Omni 5cm and Cardioid

25cm to the first ones' advantage. The only significant difference regarding the other

attributes for these microphone distances/directivities is regarding the low frequency

content where the subjects estimated the cardioid to contain more low frequencies. This

suggests that the lack of low frequencies (or in the extent, presence of high frequencies)

makes the Omni 5cm more preferred than the Cardioid 25cm. 

When analyzing all the results and comparing all the figures presented, the subjects
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preference choices seem to be dependent on the attribute's naturalness and

clearness/distinctness since the subjects scaled their preference and these two

attributes similar (comparing Fig. 4.2, Fig. 4.3, Fig. 4.7). This suggests that the most

important for the sound in a voice recording is to try to make it sound natural and

clear/distinct.

All positive comments from the subjects, like “Sound B (omni 5cm, authors note) is the

only one sounding balanced regarding the spectral width” and “It (omni 25cm, author's

note) sounded best without being too intrusive. It sounded like a radio broadcast”   were

about omnidirectional microphones, while there were no positive comments about the

cardioids at all regarding the preference. This also supports the results that an

omnidirectional microphone might be preferable in many cases when recording voices in

speaker booths.

5.1. Possible sources of errors
Since six microphones were used I consider the microphones to be the most probable

error source. Even though they were tested for their similarity in a pre-test and

considered similar enough for this study, the microphones do have differences which

might have contributed to the results. A different way to perform the same kind of study

would have been to use only two microphones (one omni and one cardioid) and varied

the distance from the speaker. This method would not have been perfect either, since

the different distances would have been recorded with different takes of the speaker

which also might have influenced the result. 

I consider the second possible source of error to be the levels of the clips. Since the

clips possess different spectral content it is difficult to find a method to match the

perceived loudness between them. The method chosen, to let three engineers set the

level and calculate a mean value, is not a perfect way to do it and the differences in

levels might still have affected the result. 

When placing microphones physically close to each other, there is a possibility that the

ports in a microphone (making it directional) might get covered and the directivity

affected. This was known and prevented as far as possible by making sure the

microphones did not get too close to each other. 
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5.2. Future studies
Future studies need to be done to verify the reliability of the results in this study,

especially regarding the difference between an omnidirectional microphone placed close

to a source and a cardioid microphones placed a bit away from the source. Possible

variations could be to use a female voice instead of a man's to make sure these theories

apply to a larger number of voices. Also, when knowing the results of this study, the

distances between the microphones and the speaker could be varied,  preferably with

less distance between the microphones positions, to investigate the relationship

between distance and directivity even closer. Also different kinds of microphones, large

membrane for example, needs to be tested to make sure the microphone construction of

small membrane microphones do not affect the results of the study. At last, different

directivities, like bidirectional or hyper cardioid could be tested to see if a voice recording

could benefit from using other directivities than omnidirectional or cardioid. 

5.3. Conclusion
When recording a voice in a speaker booth, an omnidirectional microphone might be

preferable over a cardioid microphone according to this study. The omnidirectional

microphone seems to perform more even at different distances and is therefore less

sensitive to what distance from the speaker it is placed, which makes it easier to find a

good position for it. A cardioid microphone, however, seems to have a sweet spot in the

free field and does not perform as well as an omni in the near field. In this study it was

clear that an omnidirectional microphone placed at 5 cm from the speaker was preferred

over a cardioid at 5, 25 or 52 cm and an omnidirectional at 52 cm by trained listeners.

However, there was no significant difference between the omnidirectional microphone at

5 cm and the omnidirectional at 25 cm. The reason for this preference choice might be

the lack of low frequencies (or presence of high frequencies) in the omnidirectional

microphone, but this needs to be studied further to verify.
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Appendix 1 – Frequency plots for the microphones
Cardioid 1

Cardioid 2

Cardioid 3
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Omni 1

Omni 2

Omni 3
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Appendix 2 – Anova-tables
Preference

ANOVA Table for Scaling by Microphone and distance
Source Sum of Squares Df Mean Square F-Ratio P-Value
Between groups 112435, 5 22487,1 62,81 0,0000
Within groups 79477,1 222 358,005
Total (Corr.) 191912, 227

Naturalness

ANOVA Table for Scaling by Microphone and distance
Source Sum of Squares Df Mean Square F-Ratio P-Value
Between groups 75992,0 5 15198,4 28,77 0,0000
Within groups 117278, 222 528,279
Total (Corr.) 193270, 227

Source distance

ANOVA Table for Scaling by Microphone and distance
Source Sum of Squares Df Mean Square F-Ratio P-Value
Between groups 51377,6 5 10275,5 18,58 0,0000
Within groups 122775, 222 553,038
Total (Corr.) 174152, 227

Room sound

ANOVA Table for Scaling by Microphone and distance
Source Sum of Squares Df Mean Square F-Ratio P-Value
Between groups 89263,8 5 17852,8 30,43 0,0000
Within groups 130225, 222 586,598
Total (Corr.) 219489, 227

Low frequency content

ANOVA Table for Scaling by Microphone and distance
Source Sum of Squares Df Mean Square F-Ratio P-Value
Between groups 88211,7 5 17642,3 34,53 0,0000
Within groups 113442, 222 511,0
Total (Corr.) 201654, 227

Clearness/distinctness

ANOVA Table for Scaling by Microphone and distance
Source Sum of Squares Df Mean Square F-Ratio P-Value
Between groups 122964, 5 24592,9 59,39 0,0000
Within groups 91932,0 222 414,108
Total (Corr.) 214896, 227
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