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Abstract 
A flat frequency response is often desirable in sound applications. In live sound 
applications where the SPL is very loud and the distance to the speakers is much further 
than a studio setup of speakers, a flat frequency response is not pleasant to listen to. The 
standard ISO 2969 or as its more known as X-curve, is often used in cinema setups to 
make the sound be more similar to a near-field monitor listening in a studio situation 
where there is a bass and high frequency roll off. There are also people that are against an 
applying of the X-curve due to several conditions, such at it reduces too much of the high 
frequencies and is not perceived as flat. The purpose of this research is to investigate how 
much EQ the subjects need to apply to make speakers at different distances sound similar 
to each other. I will then calculate a mean value of the applied gain compensation for 
every distances to see what differ and is similar to the standard x-curve. This essay 
includes a listening test where four different loudspeakers are placed in a room and tuned 
to flat. The subjects then are going to EQ three of these systems and use the fourth 
speaker as a reference, placed at 1m (near-field situation) to make all these three speakers 
to sound as similar as possible the closest speaker. The result shows that both low and 
high frequencies are likely reduced the further the speaker is placed from the listening 
position. That flat frequency response is not preferred for loudspeaker systems that are 
placed in the far-field of the listener, because the low and high frequency roll off at a 
distant loudspeaker sounds like a loudspeaker placed in the near-field according to the 
results. Not many sound engineers in live sound applications have this in mind when they 
tune the system. As they want a flat frequency response of the system because of the 
reference in a studio monitor setup, but what they don’t know is that it will sound more 
similar to a studio monitor setup if they tune the PA system with reduced low and high 
frequencies. 
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Foreword 
Many thanks to my supervisors who have helped a lot with this essay and tests to be 
abled to be performed at all. Credits to Nyssim Lefford and Tomas Johannesson for 
helping me with analysis of the results and optimization of the listening test conditions. 
Also special thanks to Mattias Winther (Live Audio Consulting) and Magnus Johansson 
(Trecord) who has contribute with their real world experience in live sound field 
applications and main reason this experiment and investigation took off at all from the 
beginning. 

Live Audio Consulting and Trecord is two Swedish companies that do all kind of live 
performance sound reinforcement. Their work includes some of the biggest live 
productions in Sweden every year. The biggest touring production in Sweden every year 
is the Melodifestivalen, where the sound system always nowadays are Line arrays that are 
hung very far from the mixing position and high up in the ceiling, because of the large 
arenas and tv-cameras. This research was motivated by real-world problems these 
companies encounter while tuning PA’s. 

 

 

 

 

 

 

 

 

 

 



	
   4	
  

Table of contents 
Introduction………………………………………………...5 

X-curve and its origins…………………………………….6 

Real world performance compared to theory……………8 

Far field conditions………………………………………...9 

Importance of system design……………………………....9 

Line array to near-field experience……………………….10 

Predicting the timbre……………………………………....12 

Purpose/aim...........................................................................12 

Method……………………………………………………...13 

The listening test setup…………………………………….13 

Listening test performance………………………………..13 

Result and analysis………………………………...............20 

Discussion…………………………………………...……...27 

Improving the method…………………………………......28 

Possible explanation of the brightness phenomena……...29 

Conclusion…………………………………………….........31 

Future work………………………………………...…..….31 

References……………………………………………..…...32 

 

 



	
   5	
  

Introduction 
Live sound technology has developed a lot the last 20 years. Since the wide spread use of 
line arrays and improvements in line array speaker design, todays systems can provide 
the audience with a high fidelity sound quality at live concerts. The days when huge 
stacked point source systems were building up like a ”wall of sound” are now over. Line 
array systems have several reasons why they have replaced traditional point source 
system. They are smaller, lighter and easier to hang and it will require less truck space 
and a smaller crew [1]. Many touring bands today almost exclusively use line array 
systems when they perform at small clubs or even large arena venues. In larges arenas 
there is still a problem for making the array to sound like a near-field monitoring situation 
and the audience to experience high fidelity. 

To optimize the sound by adjusting it for every hall and every performance, sound 
reinforcement systems have generally been equalized many years for a completely flat 
frequency response as dictated by a spectrum analyzer fed with a microphone. This 
supposedly gave the most reliable method of equalizing a sound system. However, sound 
systems equalized to this standard and used in medium to large rooms tend to sound 
'sharp' and 'bright' and not suitable for sound reinforcement of music. The SMPTE and 
ISO recognized this problem, and hence developed the 'X-curve' for motion picture 
theatres, which is a EQ-curve that includes a high frequency roll off to reduce this 'bright' 
characteristic [2]. The need for this high frequency correction was explained by Staffeldt, 
where he developed mathematical models to show how the subjectively perceived 
frequency response and timbre can be measured and predicted [3]. He shows that big 
room sound reproduction will sound brighter than reproduction in a small room [4]. This 
involves calculations on the ear canal entrance, and the direct sound from loudspeakers 
and also the far field/diffuse field. However, this X-curve is designed by the film industry 
and is rarely used in sound reinforcement systems. Especially in the fields of concert and 
nightclub installations, because people most see it as a cinema EQ curve that’s not 
suitable for live sound. A lot of live sound engineer doesn’t have the knowledge in 
cinema sound technology and doesn’t know anything about the X-curve or even know 
what it is. More often than not, live sound engineers EQ by ear, but if they use analysis 
tools they often use pink noise or sine sweep to reduce feedback and equalize the system 
to flat. The normal result is that it sounds sharp, lacking in bass response and thin overall. 

 

 

 

 



	
   6	
  

X-curve and its origins 

The x-curve is a target shape for frequency response of cinema sound systems, measured 
at a reference position with pink noise. X-curve was originally a ISO standard called 
ISO2969, but was adopted by SMPTE. SMPTE now name it as S202. The x in x-curve 
stands for Experimental [2][5]. 

 

 
Figure 1. The frequency curve of the ISO-standard X-curve 

The target shape for the x-curve is an equalization slope of around -3 dB per octave from 
about 2 kHz, that seemed to give the most preferred results according to listening tests 
with human subjects. Also the low frequencies needs reduction, because the 
energy would overload the loudspeakers and generate too much distortion (Fig. 1) [2]. So 
the x-curve was an attempt to normalize the shape of measurement in large rooms. It 
resulted from measurements made of theatre speakers after they were equalized to sound 
the same as a set of studio monitors placed at the console position.  

Some sound engineers do not even have the knowledge or equipment for doing advanced 
sound system measuring and then with no other alternative, the system engineer or 
systems installer equalizes with music program. While instruments such as spectrum 
analyzers are used to determine the equalization of sound reinforcement systems, the 
problem remains that the human ear responds in a totally different manner to a 
microphone. As we know humans has different sensibility in hearing specific frequencies 
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as the ears respond differently at different loudness levels that is presented by the 
Fletcher-Munson curve [6]. This means that if a loudspeaker system is measured as flat, 
we humans do probably not perceive it as flat because of the sensitivities in different 
frequencies. If a PA is tuned flat and then produce a sound consisting of music at level of 
100 dB SPL it will sound awful and very sharp.  

This phenomenon is a real world problem that has been recognized by some live sound 
engineers. When using playback material in live sound applications there is a need for 
some EQ compensation of the system to make it sound pleasant and similar to a studio 
monitor setup [personal communication, Winther, 2013].  

There are also people that are against an applying of the X-curve due to several 
conditions: 

Modern soundtracks today doesn’t need any equalization in live sound performance, 
because professionals feel that a flat response would be more appropriate to resemble the 
original studio listening condition. And also because the ears work totally different from 
a microphone and no equalization can compensate for that difference between our ears 
and microphone [13]. As seen, there are people who state that applying the X-curve is 
bad because a high frequency slope is not desirable for making the system reproduce 
clarity in the sound and remove the original listening experience from the studio mix. 

This experiment will look for patterns in EQing loudspeakers at different distances from 
listening position. It does not address the fundamental psychoacoustics problem of why 
the brightness shift occurs. Sound engineers should be more aware about this 
phenomenon, instead of just reducing feedback when tuning a system, they can also make 
a system sound much more pleasant to the human ear. If you compare live sound mixing 
to studio mixing you could say that the mastering process in studio applications is very 
similar and alike the system tuning process where you have the ability to make a final 
touch on the whole mix. 
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Real world performance compared to theory 
A line array PA is made of single loudspeaker enclosures that are mounted together in a 
line with the same distant to each other’s drivers (Fig. 2). The function of a line array is 
to minimize the vertical splaying angle and focus all the energy in the horizontal plane 
and audience plane. The are several conditions for a line array to behave like this and it is 
that the array has to be at least four times as tall as the wavelength that is going to be 
radiated with more directivity in the vertical plane. Otherwise the frequencies with longer 
wavelength than the array itself will work as a point source just at those frequencies. A 
second requirement is that the single loudspeaker enclosures in the array have to be less 
than 1⁄2 wavelength apart. Quoting L’acoustic (A French audio technology company) and 
what they say about this ”Only very long line arrays can function as a line array at low 
frequencies, while only very short modules can couple at high frequencies. In the real 
world, the actual range of line array behavior is typically less than one octave” [7]. With 
this it means that for a line array to function as a line array at low frequencies the array 
has to be very tall with a lot of loudspeaker enclosures. L’acoustic is a major line array 
manufacturer and the founder of the Wavefront Sculpture Technology of how to produce 
a single wavefront from multiple loudspeakers. Line arrays are used as small club PA and 
also large arena PA today widely over the world. 

 

 

Figure 2. The normal used shape of a flown line array with every loudspeaker enclosures 
mounted together. 
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The sound pressure of line arrays drops 3 dB with every doubling of the distance from the 
array according to the theory in the near field, meanwhile point source systems drops 6 
dB with every doubling of the distance to the source [7]. The near field is frequency 
dependent and extends further for higher frequencies. The range of the near field cannot 
be defined by a certain number because its frequency dependent and requires advanced 
mathematics to calculate. Beyond the near field there is a phenomenon that is called the 
far field where line array will not work according to the theory. Observe that these ”-3 dB 
sound drops” is based on theory in the free field, where no reflections at all can occur and 
also in the near field. Those numbers cannot be reliable in practical applications as 
mentioned above where no reflections and diffusion occurs. Even though, that’s an 
advantage for line array compared to point source, because you don’t need that much 
sound pressure level in the front to receive high sound pressure level experience in the 
back, so people could still be in the front and enjoy the sound pressure level without 
complaining its too loud. Lets say that we have a curved line array with nine loudspeaker 
enclosure mounted together, the array can be divided into three different sections where 
there are three enclosures in every section that are linked together. That means we can 
use only three outputs from the amplifier to power the whole array. In that case the three 
lowest enclosures will cover the audience in the front, and because that section is 
powered separately from the enclosures above, we attenuate that section so that the 
output of the amplifier will have for example a -3 dB output. That means that the entire 
audience coverage from the back to the front can have almost the same SPL. 

 

Far field conditions 
Now we have discussed about how the sound from a line array behaves in the near field 
of the system. There is also something that is called the far field as mentioned above. The 
far field is the distance from the line array where the function of the line array will not 
work as in the near field. That means that the array will behave just like a point source 
system where the drops is 6 dB per doubling of distance. The extent of the near field is 
dependent on the frequency and the length of the array |8]. With this it means that the 
taller the array is (more enclosures) the near field will extent more in the low frequencies 
and emit those frequencies with more directivity and only drops 3 dB per doubling the 
distance. That’s why it’s so hard to make directivity of low frequencies because of their 
long wavelengths. 

 

Importance of system design 
Better sound quality is also something that comes with line arrays, because the directivity 
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helps to reduce reflections that occurs more reverberation in the venues. And with that 
said it also helps to push back the critical distance, which is where the direct sound is 
equal to the reverberant sound [8]. This is specific to indoors concert where wall and 
ceiling reflections occurs all the time and creates a specific reverberant sound that can 
make the music sound very fuzzy and difficult to hear clarity depending on the venue. 

With line arrays, the system technicians can more accurate design the systems in specific 
venues compared to point source system. That’s because many manufactures today also 
provide a software with the line array that can predict the coverage pattern in the specific 
venue and the frequency response at specific position and also phase response and how to 
deal with delays [8]. Every different manufacturer provides their own developed software 
for line array calculations, where you can chose what type of speakers you have and then 
make the design and calculation inside the software. 

 
 
Line array to near-field experience 
Making a sound reinforcement system listening conditions to sound as similar as a studio 
monitor setup (near-field) as possible requires a lot of work. What people today use as a 
reference for professional audio mixing in studio is often a stereo setup of near-field 
monitors. And some engineers have come across that they want this studio monitor 
reference experience in live sound reinforcement. As an example I use the Swedish 
“Melodifestivalen”, because they use near-field monitors for mixing the music and then 
after, run it trough the line array PA to check it. “Melodifestivalen” is a Swedish music 
competition where the winner will represent Sweden in the Eurovision Song Contest [10]. 

When the live sound crew prepares the ”Melodifestivalen” they receive all the songs 
(about 10 stem tracks for every song) weeks before the tv-shows. When they later install 
the live sound system and the entire production crew is working with stage, cameras and 
lights etc., the front of house engineer is setting up a stereo pair of Genelec 1029 (5” bass 
element, 40 W, 70-18 kHz) loudspeakers at the console at front of house position, 
approximately 1 m from listening position. Then the mixing of all the songs starts in 
these Genelecs where FOH-engineer plays the songs and tweak every stems until the mix 
fits well in the Genelec system. The reason is because of time saving and it doesn’t 
disturb or interact any of the other workers such as “light-guys” or riggers with loud 
music that are played repeatedly through the PA system. And because they have tune the 
large PA system according to a certain frequency curve, the FOH-engineer knows that 
when he raises the fader of the master output from the console to the PA, the mix and 
perceived frequency content will sound very similar to the Genelecs. This is because they 
noticed a problem and experienced a sharp brightness issue with the PA a few years ago, 
and has now created their own specific EQ curve to compensate for this and they feel that 
it works very well. (personal communication, Winter, Johansson, 2013). 

The tuning of the PA system and applying the EQ-curve to it they do the night before 
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they start to mix the songs in the Genelecs. Even though they never listen to it in the PA 
until the rehearsal with the singers/bands starts. 

They use Genelec studio monitors (near-field monitors) as their reference monitors for 
music and speech performance for the “Melodifestivalen” to listen to the prerecorded 
material and make a preliminary mix without playing it through the PA. The aim is to 
make a good mix in the Genelecs, because songs that sound good in the Genelecs will 
also sound good in a large PA because of their tuning of the PA system. They do a very 
accurate system design for every gig in the software provided with the system and 
calculate and measures it carefully. 

The various models manufactured by Genelec are made to create as flat frequency curve 
as possible so that the speaker doesn’t color the sound in a certain way [11]. If you 
measure the frequency response of a Genelec at around 1m distances you usually receive 
a quite flat frequency response curve, which is considered as good in studio applications. 

When they are setting up a system and tune it they have their own created EQ-target 
curve that they aim for. It's a curve that they have been working on for several years, to 
make it sound as good as possible at so many different spots in the audience and what 
themselves find be the most suitable to listen to. At first when they came up with the 
curve, they did an ”experiment” when they took popular and well recorded/mixed songs 
in every genre and analyzed the frequency content of every song. They then calculated 
the mean value of the frequency content of every song and draw it up as their aiming 
curve. What they found out is that even though the measuring data shows the same value, 
it sounds different in different distance to the PA system. Meaning that the longer the 
distance is to the PA, we will perceive the sound much brighter and lacking of bass even 
though it measures flat at front of house position. The Genelecs are not tuned or applied 
with a curve. The PA they use specific for “Melodifestivalen” is a Nexo GeoT, which is a 
cardioid based line array system with frequency response of 67 Hz – 19 kHz +- 3 dB 
(personal communication,Winther, Johansson, 2013). 

To summarize the “Melodifestivalen” live sound situation: The tuning of the PA is the 
first thing to do and applying the EQ-target curve. After that the FOH-engineer is mixing 
the songs in stereo pair of Genelec near field monitors at FOH position. When it sounds 
good and the mix works well in the Genelecs, he knows that the material will sound good 
in the PA, because of how they have tune it. Because the distance to the PA speakers is 
much greater than the near field Genelecs, they have to reduce a lot of high frequencies in 
their tuning for making the PA system sounds more equal to the Genelecs with the same 
material/mix. Why this phenomenon with the brightness and different timbre of the sound 
is happening is a cause of many factors and parameters. 
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Predicting the timbre 
To understand the important parameters a bit more of timbre and how and why we 
humans perceive it we can do technical measurements. At first we will measure the 
speaker itself in an anechoic chamber with only direct sound to see how the sound source 
itself contribute to the timbre. After that we do specific acoustical information 
measurements of the room to see how the room impact on the timbre. By combining 
these parameters we can estimate how we will perceive the sound at the position where 
the measurements been made [12]. The measurements cannot give an answer but it can be 
useful information about the direct sound, early reflections and the reverberation in the 
room. The problem with this kind of measurement is that it expresses the response at one 
listening position. To make the result more valid we need to do measurements in many 
positions, which take a lot of time. But timbre is based on much more than just 
measurement with microphones in different room and spaces. 

Staffeeldt says that is also necessary to use ear-related microphone measurements, 
because they are taking the diffraction phenomena at the head and the pinna into account 
[3]. In my experience I have never seen a live sound engineer setup a dummy-head to 
measure his PA-system. This research hopes to go some way to providing answers to 
these questions, and also provoke some further thought into how sound systems should be 
equalized. 

 

Purpose/aim 
The target EQ curve that Winther Johansson use reminds of the x-curve that is used in 
cinema, but it has no relation to it or is based of it. Their curve doesn’t follow the ISO-
standard of the x-curve and as described above their curve is based on frequency content 
of well-known songs in different genres. But it’s similar to the x-curve due to the high 
frequency roll off  (Fig. 1). 

This experiment will look for patterns in EQing loudspeakers at different distances from 
listening position. It does not address the fundamental psychoacoustics problem of why 
the brightness shift occurs. The purpose of it is to see if any pattern in the distance to the 
source can be found and how much EQ the subjects need to apply and if the subjects will 
EQ it quite similar and to see what differ and is similar to the standard X-curve.  

My result will also be compared to those theories and see if people actually do want 
reduced high frequencies when comparing a distant loudspeaker to a near-field monitor 
listening situation. 
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Method 

This experiment will include an active listening test, where subjects are going to compare 
speakers at different position/distances from listening position. They are going to apply 
an EQ by ear to make all the speakers to sound flat. 

This method will include both measuring and listening tests with subjects with trained 
ears. So I used sound engineers. The listeners would modify the EQ of three speakers at 
different distance from the listening position with the input EQ of a Yamaha 01v96 
mixing console. There will be four loudspeakers in the setup but the first and closest 
speaker will be the reference, because it’s in the near field (1m distance). The subjects 
were not allowed to do any EQ on the closest speaker. All the speakers were tuned to flat 
with sine sweep in its positions using a CLIO loudspeaker measuring setup and the output 
EQ of the Yamaha 01v96 mixing console (Fig. 4, 5, 6, 7). 

The listening test setup 

The setup was Genelec 1030 loudspeakers and the test was performed in Black box (at 
Acusticum, Piteå, Sweden). Black box is a concert venue where bands can perform with a 
PA system and my playback material was only performed in 70 dB SPL at listening 
position, so that the room didn’t occur too much. It’s also important that every Genelec 
loudspeaker has the same SPL in the listening position; otherwise it might affect the 
results. Because sound level is logarithmically it will reduces very fast in level. At low-
level playback the sound wave energy will be travelling so far in the room that it will not 
be a big problem with reflections or excite the room too much that became any trouble 
for the test. Also Black box is a very absorbing venue because of acoustical treatment. It 
is the only large venue nearby with low reverberation time, that’s why the experiment 
was performed in that venue. A CLIO condenser electret microphone (MIC-02) was used 
to measure the frequency response of the loudspeakers in four different distances from 
the listening position with sine sweep and then tune them. The distances were 1 m, 2 m, 4 
m and 8 m because it’s the doubling of distance and it follows a uniform pattern (Fig. 3).  

Listening test performance 

After that, the listening tests was performed where the subjects were listening to the song 
Pull me under by Dream Theatre and EQ the speakers it so it would sound like the closest 
speaker/reference (1 m). The song was chosen because it involves quite small dynamic 
range and a lot of distorted guitars, which is fairer for live sound applications because its 
more difficult for the audience to hear clarity in the mix and the song also contains a lot 
of energy. 

If some subjects was familiar with the song doesn’t affect the test, because they were still 
EQ it so they thought it sounds like the closest speaker. The subjects were first listen to 
the closest speaker and then they were able to A/B/C/D swap between every source 
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without any pauses in the material. The 1 m loudspeaker was input channel 1, 2 m the 
input 2, 4 m the input 3 and the 8 m was the input 4 of the mixing console. To swap 
between the loudspeakers they had to solo the specific channel to listen to that speaker. 
Every distance is represented by one loudspeaker (mono), therefore I only used the left 
signal of the Dream Theatre song as material to be listened to. 

The subjects were limited to only be using a two-band equalizer. The frequencies and Q-
value were fixed and set to two different groups. The first group I called Low where the 
frequency were set to 100 Hz Low-Shelving and the other group I called High where the 
frequency were set to 2 kHz High-Shelving. Why these limitations were these specific 
numbers is because of the X-curve tolerances that are shown in [2]. Also note that if the 
subjects thought for example that the loudspeaker at 2 m already sounds like the 
reference without any EQ, they can just leave it as it is. 

The playback volume of the song will be 70 dB SPL in the listening position because it’s 
around that SPL that mixing engineers working in when they mix a song. Not too loud 
but not too quiet either. Also the loudspeaker at 8m would produce too much distortion, 
because of the compensation that had to be done due to the distance. 

The test included 10 different subjects and all of them are students of Ljudteknik in Piteå 
at LTU. They have experience in critical listening, have trained ears and are mixing a lot 
of music and sound. They also have the knowledge about audio technology and physics 
of acoustics. 
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See appendix 1 and 2 for the setup in real world 
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The resulting flat tuned frequency responses are shown in figure 4, 5, 6 and 7. 

 
Figure 4. After tuning at 1 m 
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Figure 5. After tuning at 2 m. 
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Figure 6. After tuning at 4 m 
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Figure 7. After tuning at 8 m 
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Result and analysis 
The EQ changes made by every subject are presented in tables 1,2 and 3 in the appendix. 
The table presented below shows the mean value of the Low and High of every 
distance/loudspeaker (Table. 1). The Low is set to 100 Hz Low-shelving and the High is 
2 kHz High-shelving. 

Distance (m) Low (dB) High (dB) 

2 m -3,37 -1,01 

4 m -7,96 -2,26 

8 m -6,42 -3,63 

Table 1. Shows the mean values of “gain” in dB adjustment of every distance. 

 

Box plots also shows us the median, maximum and minimum value for every distance 
and gives us a more overview of the distribution (Fig. 8, 9).  

  

   dB 

 
Figure 8. Box plot of the Low frequency group 
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   dB 

Figure 9. Box plot of the High frequency group. The red dot indicates an outlier. 
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Calculated mean values at every distance presented as frequency curves/graphs/responses 
(Fig. 10). Observe that these curves are approximate based on the mean values. 

 

Figure 10. The curves are approximate based on the mean values of the EQ at every 
distance. 
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To see if the differences between every distance are significant we use t-test for 
depending groups for further analysis. The loudspeaker at 1 m, the EQ is untouched by 
the subjects therefore the value will be 0 for everyone. The 2 m column shows the gain 
value made by the subjects for the “Low” at 2 m (Table. 2). 

1 m  2 m 1 m-2 m (d) 

0 -4,6 4,6 

0 0,3 -0,3 

0 1,7 -1,7 

0 -6,8 6,8 

0 -5 5 

0 -5 5 

0 2,9 -2,9 

0 -6,4 6,4 

0 -5 5 

0 -5,8 5,8 

Table 2. 

The summary of the difference value is 33,7 and it was 10 subjects, which gives us the 
mean value: 

d =   
33,7
10 = 3,37 

 

After that we use the standard deviation that is based on the difference values between 
every group.  

s = !(!!!)!

!!!
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d d (d−d) (d − d)! 

4,6 3,37 1,23 1,5129 

-0,3 3,37 -3,67 13,4689 

-1,7 3,37 -5,07 25,7049 

6,8 3,37 3,43 11,7649 

5 3,37 1,63 2,6569 

5 3,37 1,63 2,6569 

-2,9 3,37 -6,27 39,3129 

6,4 3,37 3,03 9,1809 

5 3,37 1,63 2,6569 

5,8 3,37 2,43 5,9049 

  Sum/ s (d) 114,821 

Table 3. Shows the every difference value compared to the mean value. And then the 
summary of every new value in square. 

 

Now we can calculate the standard deviation: 

s (d) = !!",!"#
!

 

s (d) = 3,572 

 

We can now continue and start calculate the t value that we will compare to the t table 
criteras.  
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t = !
!!
!

  

t = !,!"
!,!"#!
!"

 

t = 2,982 

Confidence level α is set to 95% and therefore the t criteria from the t table show the 
value 2,262 for 10 subjects (see t table) as the degrees of freedom is 9. 

This procedure has to be done 12 times to check all the combinations of two groups at 
both low and high to be significant. 

The values marked with * is significant to 95%. 

 

 

 

Compared 
groups Low 

d s (d) t 

1 m – 2 m 3,37 3,572 2,982* 

1 m – 4 m 7,96 3,369 7,472* 

1 m – 8 m 6,42 2,832 7,168* 

2 m – 4 m 4,59 2,050 7,080* 

2 m – 8 m 4,96 5,431 2,888* 

4 m – 8 m -1,54 2,457 -1,982 

Table 4. Table of the mean value difference, standard deviation and t value of the Low 
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Compared 
groups High 

d s (d) t 

1 m – 2 m 1,01 1,797 1,778 

1 m – 4 m 2,26 4,350 1,643 

1 m – 8 m 3,63 2,161 5,312* 

2 m – 4 m 1,25 4,165 0,949 

2 m – 8 m 2,62 1,862 4,450* 

4 m – 8 m 1,37 4,697 0,922 

Table 5. Table of the standard deviation and t value on the High 
We can see that some t values are below the criteria at 2,262. That means that we cant say 
that the EQ changes between those two groups.  

The values that are greater than 2,262 means that the EQ changes between those two 
groups is significant at 95% confidence level, which means that the changes has not 
occurred by chance only. The difference in EQ settings is an effect of the distance 
between speakers. 

The frequency graphs of the calculated mean value for every distance that are presented 
above are just the differences between the 1m group (reference) and the loudspeaker 
placed at that certainty distance. That means that only the frequency graph for the 1 m - 8 
m is the only one that is significant at 95% confidence level.  

What we more can see if we look at the same frequency graphs is that the gain reduction 
in the group High is reducing approximately 1 dB per doubling the distance. Although we 
cant say that this is significant at 95% confidence level. There is three doubles of distance 
that gives us a significance level of 3,62, and if we divide it by three (3,62/3 = 1,2) its 
approximately 1 dB per doubling the distance. If the difference between the outermost 
values is significant, too many small differences between them can make that those small 
steps are not significant. 

The analyze still shows that the Low 4 m - 8 m is non significant even though the outlier 
is removed from the calculations. 
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Discussion 
Some EQ changes by some of the subjects differ from the majority of the subjects and 
this could be the environment in the venue Blackbox, and unfortunately there is an 
orchestra pit right under the loudspeaker at 4 m that resonates quite a lot. From my own 
earlier experiences in Blackbox, those resonances lies somewhere between 50 - 80 Hz. 
The orchestra pit doesn’t only affect the loudspeaker at 4 m but the whole room, but 
because I have tuned every loudspeaker to flat in the listening position they all have the 
same conditions as possible in that room. 

We can also see that Subject 6 and 7 did some drastic EQ on the loudspeaker at 4m where 
they boost it quite a lot in the High frequencies compared to what the other Subjects did. 
Especially the Subject 7 who did the boost with 7,6 dB we might see as an outliner for 
this test. Why this Subject might have done those drastic EQ is because some subjects 
said during the test that it felt wrong to reduce high frequencies as the loudspeaker are 
further away. Many Subjects had in mind that according to the physics of acoustics the 
high frequencies will be reduced more the longer the distance is to the speaker, and 
therefore some of them might wanted to add some high frequencies just by looking at the 
EQ graph at the console. This test might have been more optimized if the subjects were 
blindfolded or the EQ display would have been hidden somehow, so they couldn’t see 
what they are doing to the EQ but just use their ears.  

It also has to be mentioned that before the test and tuning was performed, I did a trial 
setup of the test and listened to the loudspeaker and noticed that one speaker behavior 
was quite strange. It sounded more distorted and gave the impression of a different 
frequency content than the other three speakers. Of course I marked that one so I knew 
which one it was when I did the setup for the real test and it was the one at the 4 m 
distance. I think it was good that those strange numbers in the results was occurred by 
that loudspeaker because that strengthens the reliability of the difference between the 
speakers that the strange numbers were occurred by a strange speaker standing on the 
orchestra pit. I didn’t want to place that loudspeaker at the 8 m distance because that’s the 
furthest distance and I wanted a full functional loudspeaker at that distance. Also the 
reference speaker at 1 m, I also wanted a fully functional speaker, otherwise the subjects 
would be given an incorrect Genelec reference. The speaker at 2 m I also wanted a fully 
functional speakers because that’s was the first speaker that the subjects were going to 
EQ, and wanted that to be the next speaker to the reference. That’s why unfortunately I 
had to place the “uncorrect sounded” loudspeaker at 4 m on the orchestra pit floor, but at 
the same time I think it was the best placement of the speakers in my test with that kind 
of problem. But as can be seen in the graph (Fig. 6) after tuning, they are all as flat as 
possible. 
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The tuning of the systems was made by the output EQ of the Yamaha 01v96 console and 
the loudspeaker were connected to the four “omni out”. That EQ is limited to a four band 
EQ. The test would have been more optimized if I could have used an output EQ with 
more bands to “fine-tune” some small problem areas. I wasn’t able to get four identical 
EQ’s with more than four bands without let the signals be converter do the digital domain 
and back to analog again using soundcard and a DAW. 

Improving the method 

For my test I would have liked to do sine sweeps of every speaker after one subject is 
finished with its test. The microphone would have been placed at the same position as it 
was when I measured the system for the first time when making the system tunings. That 
would have given me new correct frequency response for every speaker at every 
frequency. Also it would have been great if I did measurements with a dummy head in 
the listening position to see what we really hear. As mentioned in the introduction a 
single microphone recorded frequency response is not the same frequency response that 
we hear when we listen to the same material. A dummy head would then give a much 
more reliable frequency response of what we humans actually hear. If every loudspeaker 
were measured with a dummy head and the tunings were made due to that frequency 
response I’m sure the results would have been a little different and showing us a more 
correct frequency response of what we are hearing, although a dummy head or even a 
measurement software can not simulate how our hearing works. 

There is no specification anywhere about the slope of the shelving filter in the Yamaha 
01v96, which makes it hard to present the exact frequency graphs. This could have been 
measured without loudspeaker but as I was running out of time with my test this wasn’t 
performed. 

The most important variable and part that could optimize the test a lot are the 
loudspeakers. Genelec 1030 is a very small near-field monitor that has limited low 
frequency reproduction, why the frequency was set to 100 Hz and not 63 Hz as presents 
the X-curve (ISO 2969). Unfortunately it was impossible to get a bigger size of Genelec 
loudspeakers to perform my test, but it would have given me a more credible and fair 
listening test situation, due to the X-curve comparison. The X-curve at 2 kHz as you can 
see in the introduction (Fig. 1), drops off with 3 dB per octave. That kind of low-pass 
filter is not included in the Yamaha 01v96 that’s why I was limited to use a shelving 
filter, but as we study the curves for 4 m and 8 m and compare them to the X-curve, we 
see that the drop off is about 3 dB at 4 kHz, which is similar to the X-curve. X-curve is 
often applied to loudspeakers in cinema and the distance to those speakers can definitely 
be between 4 and 8 m depending where you sit. 

For this test to be applied on the live sound reinforcement situation it has to be tested at a 
concert venue, where you are in that kind of environment that concerts often are 
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performed. According to my test results the X-curve would function very good to make 
loudspeaker at certain distances to sound more equal to near-field monitors. Something 
that has to be in mind is that there is one other parameter in live sound that is important, 
and that is the excitement effect, where you can feel the sound-power of low frequencies 
in your body. With that parameter in mind, the low frequency reduction of the X-curve 
might not be that suitable to use in live sound reinforcement depending on the room size 
and situation and of course what kind of systems you use. Live sound are often 
reproduced from 90 - 100 dB SPL therefore it is important to reduce the high frequencies 
so it becomes suitable to listen to.  

As mentioned in the background, that some people despite the x-curve and says it reduces 
too much of the high frequencies and that flat is the preferable. We can see that my test 
supports the x-curve because people do want reduced high frequencies when the speakers 
are placed at a certain distance from listening position. But maybe x-curve reduces too 
much of the high frequencies, a shelving filter as used in the experiment is more 
preferable to make the sound more suitable to listen to and still have some of the highest 
frequencies left in the reproduction of the sound 

My setup is also made to be as similar and equal to a real world performance as possible 
and how engineers work with the mixing console. 

Possible explanation to the brightness phenomena 

This essay has not investigated the answer why the speakers become so bright when the 
distance is further, but during my experiments and background research, possibilities 
become apparent, that it has to do with several parameters and phenomenon. The 
measuring curve by the microphone and analyzer in the listening position doesn’t give the 
same impressions by the listener when they listen to the sound, although the frequency 
content is almost the same for every distance. The rooms impacts a lot, especially when 
the listeners are placed in the diffuse field of the radiated sound from the loudspeakers in 
the room, as Staffeldt describes in his work. Where it has to do with the energy content 
during a certain time, when the reflections builds up more energy density [4]. The whole 
frequency spectrum will then be boosted by more energy that will increase the overall 
experienced volume, and because of our hunting instinct that our ears are more sensitive 
to the higher frequencies than the lower (as shown by Fletcher-Munson curve) [6], our 
brain and hearing function might distort the sound to make it sounds brighter than the 
analyzer represents to us according to the measuring. But in that case if there were more 
energy in the sound, the microphone and analyzer would measure it, reproduce and show 
us that specific frequency curve. And not present a flat frequency response. 

A second theory is that when you place a loudspeaker at a further distance from another 
speaker, you have to boost the volume of the furthest speaker to compensate for equal 
sound pressure level in the listening position. When gaining an amplifier to boost the 
volume of a loudspeaker, the diaphragm will make bigger movements, and more 
distortion is involved. A measuring microphone placed at listening position connected to 
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an analyzer who displays the frequency response from 20 Hz to 20 kHz will not be able 
to show us the specific distortion products; it will just show up as a frequency response 
graph in the analyzer. Most sound engineers in live sound applications are just looking at 
the frequency response graph for tuning their system. If we analyze the speaker when 
reproducing sound at higher sound level, it is often the small high frequency driver 
diaphragm that will be broken first because it can’t be feeded with as much power as the 
midrange/bass-diaphragm. Which in the end means that the high frequencies will be more 
distorted at a certain SPL than the mid and low frequencies due to the limitations of 
electrical signal power these diaphragm can handle. And as mention in the section above 
about the sensitivity of our ears, clip distortion is easier for humans to hear in high 
frequencies than in low frequencies, which could be one explanation of the brightness 
phenomena that we experience from distant sound sources. 

A theory that is also supported by Lennart Nilsson (Swedish professor of acoustics) 
(personal communication, Winther, 2013) is, that the high frequency driver radiates the 
sound with a certain coverage angle, as we know. Which means that the closer you get to 
the driver the more energy there will be focused in that position. If you move away from 
the speaker driver the splaying of the sound will be wider and less energy will be focused 
in that position. That means that our two ears will register direct sound in a different way 
than a single microphone that is usually omnidirectional in measuring applications [3]. 
Which in the end means that it is a measuring problem with this brightness and flat 
frequency response. That a perceived flat frequency response is not flat even though the 
microphone measurement is flat. 

Although as mentioned in the introduction that human ear works very different compared 
to a microphone, I believe and have own experience that the most accurate and best way 
to equalize a live sound system is a combination of them both. The microphone can give 
us much more information than just frequency response, which can help a sound system 
sound better without doing to much with the EQ. Maybe theirs (Winther, Johansson) own 
curve is not the optimal curve for live sound and this research maybe help them to 
improve their tuning of the systems and how to think about it. The interesting part of this 
test is to see if I can find any pattern between the EQ that the subjects apply of the 
distances and see the similarities and differences between the ISO-standard of the X-
curve. But the main purpose with this research is to highlight the problem with this 
brightness for sound engineers and give some recommendations on how to improve their 
system tuning and how to think of it. After each subject performed the test, I explained to 
them what the research was about and what I’m looking for. I showed them the X-curve 
and how we perceive sound from a loudspeaker at a great distance and compared it to the 
near-field listening situation. None of the subjects had never heard of the X-curve before 
and didn’t know about the problem with brightness for flat tuned speakers at a great 
distance. I hope next time they are in a situation where they setup the speakers at a 
distance from the listening position, no matter if it is in live sound reinforcement or far-
field monitor listening, they have this phenomenon in mind, and at least know about it. 
But in the end it all comes to human perception and what we prefer, because we are the 
listeners and the audience.  



	
   31	
  

 

 

Conclusion 
The main purpose if this essay was to highlight the brightness phenomena with the sound 
that occurs when loudspeakers are placed in the far-field of you. 

The essay presents that if you want to achieve that near-field monitor sound quality from 
a loudspeaker setup placed in the far-field/diffuse-field, you need to apply some kind of 
EQ curve to that system to make it sound like the near-field experience. It also tells us 
that the X-curve is made by a reason with the high frequency roll off and why it is 
necessary and the results in this essay supports it. The negative critics to the X-curve 
might be avoided by using a similar curve from my experiment. Because of the lesser 
high frequency roll off that some people were reacting to, that it was too much. Modern 
music and movies today has another type of sound content and contains more sound 
energy than old music and movies that was used when the X-curve invented. That might 
be one reason to use a newer curve that will be more suitable for modern soundtracks. 

Future work 

Then future investigations might be to use the inverse ear response curve (inverted 
Fletcher and Munson curve) and compare it to the X-curve in real world live sound 
reinforcement situation and do a subjective listening test to see what the subjects prefer 
listening to. Also see if the X-curve actually reduce too much high frequencies as some 
people claims and focus more to use shelving filters. Also use a dummy-head as the 
measurement microphone of the loudspeaker systems to see any differences or 
similarities compared to a single microphone. 
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Appendix: 

 
Appendix 1. Listening position with the Yamaha 01v96 and the CLIO setup for 
measurment 
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Appendix 2. Loudspeaker configuration in Blackbox with 1m, 2m, 4m and 8m placement 
distance 
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2m Low  High 

Subject 1 -4,6 dB -2,4 dB 

Subject 2 0,3 dB -1,2 dB 

Subject 3 1,7 dB 1,8 dB 

Subject 4 6,8 dB -1,1 dB 

Subject 5 -5 dB 2,1 dB 

Subject 6 -5 dB -0,1 dB 

Subject 7 2,9 dB -1,2 dB 

Subject 8 -6,4 dB -2,2 dB 

Subject 9 -5 dB -3,1 dB 

Subject 10 -5,8 dB -2,7 dB 

Table 1. EQ changes by every subjects at the loudspeaker at 2m. 
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4m Low  High 

Subject 1 -7,1 dB -3,8 dB 

Subject 2 -4 dB -4,1 dB 

Subject 3 -1,6 dB -2,8 dB 

Subject 4 -11,7 dB -4 dB 

Subject 5 -7,7 dB -1,9 dB 

Subject 6 -11,4 dB 3,2 dB 

Subject 7 -6,4 dB 7,6 dB 

Subject 8 -11,2 dB -5,8 dB 

Subject 9 -8 dB -5 dB 

Subject 10 -10,5 dB -6 dB 

Table 2. EQ changes by every subjects at the loudspeaker at 4m. 
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8m Low  High 

Subject 1 -3,1 dB -1,2 dB 

Subject 2 -4 dB -4,9 dB 

Subject 3 -2,1 dB -1,9 dB 

Subject 4 -4,6 dB -3,2 dB 

Subject 5 -7,4 dB -1,2 dB 

Subject 6 -9 dB -1,4 dB 

Subject 7 -7,1 dB -6 dB 

Subject 8 -9,1 dB -6,3 dB 

Subject 9 -7,2 dB -3,8 dB 

Subject 10 -10,6 dB -6,4 dB 

Table 3. EQ changes by every subjects at the loudspeaker at 8m. 
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