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The purpose of this study was to evaluate how the BS.1770 Loudness Standard is affected by 
the amount of difference signal present in the signal being measured, and if this affection is 
different between the two playback systems Headphones and Loudspeakers. The study was 
restricted to rock music productions in a stereo format. The results obtained from the study 
might provide useful information to mixing and mastering engineers, as it evaluates the 
correlation between spatial information and subjective loudness. The study consisted of an 
active listening test, containing six stimuli with different Sum and Difference Ratio (SDR). The 
test was done in both headphones and loudspeakers, and the difference in volume as set by 
the subjects were noted. The results from the headphone version and the loudspeaker version 
were then compared in a paired t-test to see if there was a significant difference between the 
two formats. The results pointed to the factors of Playback System and SDR to have non-
significant effect on the results. After analyzing the possible error sources, it became apparent 
that other factors had a far greater effect on the results. The results imply that the BS.1770 
Loudness Standard can accurately measure the loudness of a given stereo rock music material, 
despite the fact that it does not consider the differences between the channels when 
conducting the measurement. Whether or not the effect being studied is significant in other 
conditions is not verified, due to the restrictions of the study. Further studies would be needed 
in order to verify the findings of this study, preferably with more attention to detail since there 
were apparent flaws in the method used. 
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Introduction 
 
Since the standard algorithm for calculating and measuring loudness – known as ITU-R 
BS.1770 – has been introduced into the world of audio distribution (ITU-R, 2015), we have 
been experiencing vast improvements in terms of consistency. Whether it is a music 
streaming service, television programme or radio broadcast, we can be sure to enjoy a 
normalized audio stream. This means that the need to constantly adjust the output volume 
of your playback system between for each new audio programme has more or less been 
eliminated. The loudness algorithm now takes care of that. 
 
Still, one might ask the question about whether the algorithm really is the perfect solution in 
its current state. It is obviously far more preferable than having to do the normalization by 
hand, but there is still room for improvement. Studies have shown – as will be discussed 
later – that there are flaws in the algorithm that (for example) are dependent on the type of 
audio signal being measured (music, speech etc.). If the specifics of the loudness algorithm 
where evaluated in more detail, then perhaps these flaws could be corrected. By doing this, 
it could really become the ultimate solution for a consistent perceived volume across all 
audio platforms. This study will focus on one of these specifics; the signal relationship 
between the measured channels in terms of audio content. A stereo signal can contain more 
or less correlated audio content, meaning some parts of the signal is the same (or close to 
the same) in both channels. While the amount of signal correlation surely has an impact on 
the spatial perception of the audio (as explained later in the Background chapter), it is not 
clear whether or not the loudness is impacted by this. Knowing the limits of signal 
correlation and its possible impact on the loudness could prove very useful for mixing and 
mastering engineers, as they more often than not have artistic decisions do deal with. 
Perceived loudness is a factor in almost all types of commercial music and having as much 
control as possible over the end result is at the very least not a negative thing. Having to 
compromise a work of art because of a technical factor might not be a decision that many 
mixing and mastering engineers look forward to. 
 
Then there is the factor of the playback system. While listening through loudspeakers is a 
very common way to consume music, headphones are arguably even more popular because 
of their portability. To be able to listen to music anywhere and without disturbing people 
around you is a huge deal. However, the fact that loudspeakers and headphones are 
different playback systems by their very nature (also explained in the Background chapter) 
pose a possible problem for mixing and mastering engineers. Does this mix that I created on 
loudspeakers translate well in headphones, and vice versa? And if there are compromises to 
be made, are they going to affect the perceived loudness of my mix? This is a question that 
will be examined in this study. 
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Background 

Different types sounds are perceived differently in terms of loudness. This is something that 
has been researched and investigated for a long time. Humans are not equally sensitive to all 
audible frequencies, and our perceptions of loudness also vary across the spectrum. 
Arguably the most widely known research in the subject’s early days would be the one by 
Fletcher & Munson (1933). The authors presented the famous Equal-Loudness Contours as a 
result; a visual representation of how different frequencies require different amounts of 
sound pressure levels in order to be perceived equally loud. They defined loudness as “the 
magnitude of an auditory sensation” (Fletcher & Munson, 1933, p. 377). Their research was 
however limited to perceptions of sinusoids with constant dynamics and so the results are 
not directly applicable to complex dynamic audio content, for example, music. However, 
complex signals are what sound engineers work with every day.  

Music is by nature a complex audio signal. It is usually presented in stereo and contains 
changing dynamics, phase shifts, level differences etc. The relationship between the two 
channels is often described in the term MS (middle and side), or Sum and Difference. Sum is 
the part of the signal that is the same in both channels, and the Difference is the part of the 
signal that is different. This Difference signal in relation to the Sum signal creates the 
perceived width of the stereo panorama, and an increase in the difference signal often 
results in the sensation of increased width. Mixing techniques that create difference are 
used often and are practical since they are easy to set up, and the amount of impact is highly 
adjustable. They are used for either the entire mix or individual instruments. But what are 
the connections between this illusion of width and perceived loudness?  

A balanced mix is one of the mixing engineer´s primary goals. Balance is achieved by panning 
out the sources in the stereo panorama, as well as setting a balance of the individual sources 
in the mix. Understanding how positioning, stereo width and loudness work together – as 
well as their limits – would give mixing engineers a greater insight into how they can achieve 
an optimal balance in their mixes with minimal creative sacrifice. For mastering engineers, it 
is perhaps even more important, since they are even more constrained by the loudness 
factor. More knowledge about this is certainly desirable, since todays streaming services all 
use normalizing algorithms that is very much based on the BS.1770. Streaming services are 
also the main source of content for the general music consumer, and so it makes to have as 
much knowledge as possible about the limits of this format. 

Loudness – The fundamental principles  

Today we have a recommended standard for measuring loudness that is used to measure 
complex dynamic signals (ITU-R, 2015). However, nowhere in this recommendation is it 
stated that the difference signal is treated any differently from the sum signal. So, these 
measurements do not take the spatial information of the signal into account when the 
loudness is calculated. There is also only one specified algorithm for these measurements, 
and the same algorithm is used for all types of content: sports, TV, music, talk shows etc. 
However, these types of signals differ greatly in terms of spectral content, dynamics and 
amount of difference signal. A study by Begnert, Berg & Ekman (2011), showed that there 
were in fact a difference between perceived loudness and measured loudness in various 
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broadcasting signals. Up to 2.8 decibels of difference was observed, which clearly indicates 
that the loudness algorithm isn’t perfect. Although the ITU-R BS.1770 standard and 
measuring algorithm has been updated in 2015, it could be a good idea to question whether 
it is sufficient in light of the study by Begnert et al (2011). According to Blauert (1997) the 
difference in perception between a stereo material containing no difference signal and 
material containing a lot of difference signal is quantifiable. Blauert ś findings are described 
later, but first: Let ś investigate the basic concepts of loudness.  

When Fletcher & Munson (1933) investigated loudness in the early days of radio 
broadcasting, they argued that simply comparing sounds in terms of their sound pressure 
level is not representative of their perceived loudness. The reality is that there are numerous 
factors involved, and one of the most significant ones of them is frequency content. The 
results from these experiments are relevant to this day, since they represent amplitudes that 
are perceived as equal across the audible spectrum. They were however limited to sinusoids 
of constant dynamics, and so it is fairly hard to use the results in a practical situation (such as 
music production). Back then, if you wanted to measure the difference in loudness between 
two complex sounds with changing dynamics – like two songs in a broadcasting context – 
the best way was probably to compare them subjectively by ear. This subjective evaluation 
of loudness is still relevant in the present day, but now we have also developed algorithms 
that can measure loudness objectively in a more precise way.  

Since a variety of models for loudness has been proposed, Johnston (2008) studied the case 
of loudness in different types of audio signals in detail. He came to a conclusion about what 
a general loudness algorithm must consider in order to measure loudness correctly. 
Changing dynamics, energy and bandwidth should be carefully considered, since these 
parameters vary greatly between different kinds of content. Any algorithm whose purpose is 
to measure loudness in a variety of sound sources must take this into consideration, 
according to Johnston. He emphasizes that this would be especially important for music in 
particular. However, he did not mention difference signals and if he thought that it had any 
impact on the loudness models. The case of difference signals (also known as incoherent 
signals) presented over headphones was briefly touched upon by Fletcher & Munson. This 
was not researched in any great detail by them, but simply mentioned. Blauert (1997) has 
done a great deal of research on the subject of the relationship between signals in stereo 
(although not directly focused on loudness).  

Spatial perception – Signal relationships  

Blauert defines several fundamental principles for how signals with different types of 
relationships to each other are perceived from two radiating sound sources. In this case, the 
two sound sources correspond to either speakers or headphones. He defines a total of three 
signal types:  

When the signals radiated from the two sound sources are identical at the source, they are 
considered coherent – this can be compared to the previously mentioned sum signal in a 
sum and difference configuration. Blauert also considers two signals to be coherent if they 
only differ in one or more of the following ways: Identical waveforms but different  
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amplitudes, a phase delay, or a complete polar shift (meaning a 180°	phase shift). All of 
these criteria have to be independent of frequency, or else the signals are no longer 
considered to be coherent. When there are no similarities whatsoever between the two 
signals, they are instead incoherent. As a middle point, signals can be partially coherent, 
meaning that they are not identical, but they have similarities that are detectable by the ear. 
This final case is probably the most common type of signal that we are exposed to. It is also 
worth noting that (arguably) almost all music in stereo should by this definition be 
considered as partially coherent. Something worth clarifying at this point is that an 
incoherent signal is not exactly the same as a difference signal by definition. Since the 
difference signal is derived by taking one signal, flipping the phase 180°, and adding it to the 
other signal it is possible for a given difference signal to contain information that are just 
phase differences. As Blauert stated, a signal can still be considered to be coherent if a pure 
phase delay is present, meaning that a difference signal can be considered to be a coherent 
signal in some cases. Blauert also points out that the degree of coherence between the 
signals is an important factor to consider, and that it greatly impacts the perception.  

Blauert explains that a stereo signal can be coherent/incoherent to a varying degree – hence 
the term partially coherent – and the perception varies along with the degree of coherence. 
What this means for a music signal in music production is that the amount of coherent vs. 
incoherent content in the signal affect how a listener perceives the music. To explain how 
the degree of coherence affects the listener ś perception, Blauert builds on Chernyak and 
Dubrovsky (1968) to explain his concept. They conducted an experiment in which the 
subjects would listen to broadband noise in headphones, and the degree of coherence could 
be varied in the manner of: 0 ≤	K ≤	1. K = 1 would mean coherent signals, and K = 0 would 
mean incoherent signals. The subjects were given a piece of paper with a semicircle on it and 
was asked to sketch the projection of the position of the auditory event. This semicircle was 
supposed to represent the upper half section of the head. The results were as follows: 
Incoherent signals (K = 1) was perceived as a solid and relatively narrow auditory event at 
the top of the semicircle (this position would approximately correspond to the listener ś 
forehead). As the degree of coherence dropped the auditory event appeared over a greater 
area (widening outwards towards the ears), but with the same center of gravity. The area 
kept on increasing until the point of about K = 0.2, where two separate events would appear 
at each ear. This suggests something interesting: The hearing mechanism seems to tolerate a 
relatively high amount of incoherence when determining the projection of a single auditory 
event, and two separate events appear only when we approach the extreme. Worth noting 
is that as the degree of coherence decreases the lateralization blur is increased as well; 
although not in a linear fashion. Lateralization blur (as investigated by Zerlin, 1959 and 
Jefress, Blodgett and Deatherage, 1962, via Blauert, 1997) increases rather slowly as the 
degree of coherence is decreased, only to increase rapidly at the point of K = 0.2 (where two 
separate events appear). Blauert states that this is to be interpreted as an increase in 
diffuseness of the spatial location of the auditory event.  

But what are the implications of these observations for music mixing? In a musical context, 
this explains why overdubs (electric guitars, for example) are perceived as a “wall of sound” 
instead of separate sources when they are panned to separate locations in the stereo 
panorama. The guitar dubs are not identical, but similar enough for the ear to interpret  
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them all as a single event. Thus, they are partially coherent to a low degree – probably 
somewhere around K = 0.2-0.4 – which are perceived as a wide auditory event. If these 
overdubs are not tight in terms of playability, then the “wall of sound” will appear somewhat 
blurry as a result of the ever-decreasing level of coherence. To which degree this blur is a 
problem in a music mix is up to debate, since this type of overdubbing is very common 
practice in music genres such as rock and metal. 

It is important to note that calculating the degree of coherence in a piece of music is a very 
complex procedure, as compared to broadband noise (as done by Chernyak and Dubrovsky, 
1968). An easier approach is to examine the Sum and Difference signal instead, while taking 
the known facts about the degree of coherence into account when analyzing the results. 
Now that we have a general understanding about what influence the degree of coherence 
has on the perception of a stereo signal, we can look at how these signal relationships 
translate when they are played back. The two main tools for playback of a stereo signal is 
loudspeakers and headphones., and it is these two tools that we will look at next.  

Headphones and Loudspeakers  

The perceived position of the auditory event is determined by the difference in intensity and 
time of arrival of the sound at the two ears. When considering headphones and 
loudspeakers, two somewhat different scenarios are presented to the listener: Headphones 
presents the two channels in a stereo material separately to each ear, with practically no 
crosstalk whatsoever. There are effectively only two transmission paths. Here it is relatively 
easy to practically achieve the case of two incoherent signals, since the two sources and the 
audio input at the ears are separated from each other with respect to the left and right 
channels: The left channel only reaches the left ear, and the right channel only reaches the 
right ear. The transfer function is close to linear in this case, meaning that what comes out at 
the sources are very similar (if not close to identical) to what actually reaches the ears of the 
listener. Possible distortion of the audio signal produced by the headphones in question is 
not considered in this case. 

When listening to loudspeakers, there is a different scenario. In a typical listening situation, 
the loudspeakers are placed so that they – together with the listener – form an equilateral 
triangle with the speakers facing the listener. Blauert (1997) explains that when a signal is 
played from the left speaker, it reaches both the left and the right ear. The same goes for the 
right channel, giving us a total of 4 transmission paths (compared to headphones where 
there is effectively only two). If two incoherent signals were to be played through a pair of 
loudspeakers (one in each channel), the input at the ears would no longer be incoherent 
because of this crosstalk. Instead we get a partially coherent signal. In the case of coherent 
signals, we do in fact retain the complete coherence if the listener remains in the optimal 
listening position. Something worth noting though, is that the output at the speakers differ 
from the ear input signals because of the crosstalk. The crosstalk distorts the source signal 
somewhat, and so the ear input signals are no longer identical to the output from the 
speakers (although still coherent with respect to each other). This applies to both coherent 
and incoherent signals.  
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Lastly, the threshold of hearing for binaurally presented sounds is not the same as 
monaurally presented sounds (Blauert, 1997, p. 258). Therefore, we can immediately 
understand that the threshold of hearing of sound sources that are (for example) hard- 
panned to the left and right in a stereo mix will be perceived differently in headphones and 
loudspeakers. Upon realizing all these facts about loudspeakers and headphones, one 
immediately understands that they are two completely different kinds of scenarios when it 
comes to stereo playback. Perhaps that is why many mixing engineers spend a lot of time 
mixing in headphones; to ensure that there is not too big a difference when a mix made 
mainly in loudspeakers are played back through headphones. Headphones are very 
commonly used by consumers, and so it is a very reasonable thing to optimize a mix for both 
loudspeakers and headphones. Yet since there is a difference, there are arguably possible 
drawbacks to applying certain mixing techniques to both loudspeakers and headphones. A 
consistent playback experience on the two may very well mean a sacrifice in creativity. 
Again, this is arguably even more important for mastering engineers since they are more 
constrained by the loudness factor than mixing engineers. It could however be the case that 
a greater knowledge about the nature of stereo signals – coherent and incoherent signals at 
its core – in headphones and loudspeakers would enable engineers to circumvent these 
problems.  

Spatial Perception and Loudness  

Loudness and spatial perception are two fields that have been researched extensively, but 
separately. Fletcher & Munson laid out the fundamental principles, and many authors (such 
as Johnston) has taken the subject further. Loudness algorithms are standard practice today, 
and they take many things into consideration when measuring the loudness. Difference 
signals is however not among these things, even though it is something that can heavily 
influence our perception of the auditory event (as shown by Blauert). Worth noting is that 
incoherent signals and Difference signals are not the same by principle (as mentioned 
earlier), so this is not true for every case. Since Blauert rarely touches on the subject of 
loudness, there are no obvious connections between that and the results he presents. The 
spatial attributes such as “wide”, “narrow”, “blurry”, “sharp” could be directly related to 
loudness, but the extent of this relationship is not apparent. An observation by Lim (2013) is 
that people generally prefer clarity over spaciousness in a stereo recording. Lim tested 
different stereo microphone techniques, and also concluded that near-coincident techniques 
were generally preferred. Lim explains that these techniques provide good localization 
(Dooley, 1958 via Lim, 2013). This solidifies the fact that listeners tend to prefer clarity over 
spaciousness. Lim also argues that near-coincident techniques provide a combination of the 
strengths in coincident techniques (clarity) and spaced techniques (spaciousness), since both 
of these attributes are desirable. On the side of loudness, we can see that people associate 
higher loudness levels with a more intense listening experience and higher fidelity (Wadell, 
2013). Wadell also explains that the ear is more sensitive around the 3 kHz area (which can 
also be observed in the Equal Loudness Contours (Fletcher & Munson, 1933)), and thus 
increases or decreases in amplitude in that frequency area will affect the loudness more 
than in the other areas of the audible spectrum. After considering these points, one realizes 
that the different elements – instruments in particular – in a music production and the way 
they are recorded play a key role in the perception and loudness of a recording. It is also 
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worth considering what these elements provide in terms of coherent or incoherent signals 
to the stereo signal.  

Applications in a music production  

Mono-sources in a music production that are panned to the center are to be considered as 
coherent, as the same signal is sent to both the left and the right channel. Since the source 
only is one channel, a difference signal is not present by definition. Elements in a rock music 
production that are panned this way are often the kick drum, the snare drum, the electric 
bass and the lead vocal. These are almost always stationary, and thus they are almost always 
coherent in both channels throughout the entire mix. Elements that have a varying degree of 
coherence in the mix are usually overdubbed guitars, a piano/synthesizer, room mics, 
overhead mics, and stereo effects (reverb). These instruments can be captured (ignoring the 
effects for the time being) by a variety of different microphone techniques. Using a 
coincident microphone configuration (XY for example) to record an acoustic guitar will sound 
profoundly different that if a spaced pair (AB for example) was used. These two techniques 
both output a stereo signal that is partially coherent, but in different ways. A coincident 
microphone pair will have less phase differences than a spaced pair, for example. A spaced 
pair also often consists of two omnidirectional microphones, and thus more reflections from 
the surroundings are captured. You could state the following about these two techniques: A 
spaced pair (AB) will capture more reflections from the surroundings than a coincident pair 
(XY), and these reflections are different in each of the two microphones as they are not 
stationed on the same spot in the room. This will result in an increase of incoherence, and 
also an increase in phase difference because of the reflections. A coincident pair will have 
almost no phase differences compared to a spaced pair but will pick up less reflections as 
the microphones are directional. Since they face different directions, the two microphones 
will also pick up different parts of the instrument in question, and thus the two channels 
cannot be completely coherent. Depending on the distance from the source, more or less 
reflections are captured with this technique. Now that we have an understanding of the 
differences in stereo microphones techniques, what instruments are relevant when 
considering these applications?  

For the sake of limiting the discussion to a reasonable length, some of the typical 
instruments in a rock production is considered. Instruments that have a central role in the 
production, as well as instruments that are recorded in stereo has a relevance when 
considering the applications of varying degrees of coherence in a music production. An 
acoustic guitar is primarily a mid-range instrument, and it is also often recorded with a 
stereo pair. The same goes for the piano; although it has a slightly wider range in terms of 
frequencies. These two instruments are often found in a typical rock production and has a 
central role. Other stereo recorded sources that are commonly found in rock productions is 
the overhead mics and the room mics for drums. They can be recorded with basically any 
type of stereo microphone configuration, which makes them relevant. They are a big part of 
how a drum kit sounds in a rock production, and the drums are often a big part of that 
production. These three instruments –guitar, piano and drums (counting the overheads and 
room mics as being a part of the drums) – could be considered as being most relevant in a 
rock production when considering the degree of coherence, since they have central roles in 
the production. They also vary a lot in terms of how they are recorded, and the chosen 
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recording technique determines the degree of coherence of these elements. Other elements 
worth considering are effects such as reverb. It is commonly used for lead vocals but can 
also be found on almost all of the individual instruments. Reverb adds artificial reflections in 
the stereo panorama, and since most reverbs are in stereo, it could be considered as a 
partially coherent signal. They are (like the room mics in a drum kit) something that adds to 
an already existing signal, rather than being an independent element.  

Summary of the background 

Spatial perception and loudness are something that has been extensively researched as 
separate subjects, but not together. In order to understand what implications a change of 
the degree of coherence has on the perceived loudness of a stereo music material, one must 
examine the different elements in the production. It is necessary to understand to what 
extent these elements impact the production, since some elements have a greater role than 
others. A drastic change of the degree of coherence in the overheads of a drumkit might not 
make as big of an impact as a change in a piano. It is also necessary to examine the mix as a 
whole and it ś degree of coherence when mixing. There are a variety of ideals when mixing, 
and these ideals might shape the way a mixing engineer approaches a piece of music. Thus, 
the degree of coherence might be affected as a result of trying to follow these ideals. The 
case of loudspeakers vs. headphones is also an important factor to consider, since they by 
definition present a stereo signal in different ways.  

As discussed earlier, to measure the degree of coherence in a piece of commercial music is 
not easily done. The method used by Chernyak and Dubrovsky (1968) is based on broadband 
noise, and is not directly applicable to music. Instead, one might try to look at the Sum and 
Difference signals instead since they are far easier to measure accurately. It would be 
interesting to compare different pieces of rock music (in headphones and loudspeakers) but 
with differing Sum and Difference Ratio to see to what extent it affects the perceived 
loudness. The facts about the degree of coherence would be taken into account when 
analyzing the results. It would also be interesting to compare the current loudness algorithm 
(BS.1770) with these results. If proven consequential, it could potentially contribute to an 
improvement in the loudness algorithm we have today.  

The nature of the signal processing  

Since calculating the degree of coherence in a piece of stereo music is very complex, looking 
at the Sum and Difference signals is arguably a more reasonable thing to do. The degree of 
coherence could (as mentioned earlier) instead be examined after the fact to add additional 
information to the discussion. Sum and Difference is acquired by using an MS-matrix (Mid 
and Side) and works by applying the following calculations on the stereo signal: 

Mid	(Sum) = L + R	
Side	(Difference) = L − R 

And when measuring loudness according to BS.1770, the following formulae (simplified) is 
used: 
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Figure 1. The BS.1770 Loudness standard simplified, in the case of two channels. 

It is important to consider at what step of the process the loudness measurement is being 
applied, as significantly different results will be shown depending on when the measurement 
was done. Consider two separate audio channels, one with a 1 kHz tone and another with a 
1 kHz tone with the polarity swapped. If these two channels were to be summed, a complete 
cancellation would occur. If this sum would be measured according to BS.1770 we would 
therefore get a result of -inf. LU. However, if the two channels were to be measured as a 
stereo file according to BS.1770 (pre summation), then the separate powers of each channel 
would be added together instead. As previously mentioned, BS.1770 does not look at the 
correlation between the two channels. This pre summation measurement will therefore 
yield the same result as if the two 1 kHz tones had the same polarity when measured (see 
Table 1). It can also be seen in this case that if the two 1 kHz tones had the same polarity, 
the pre and post measurement would be the same as well. 
 
Table 1. A comparison between two stereo signals with 1 kHz tones, but with different polarity 

relationships  

 
 
When talking about LU (Loudness Units), two identical powers that are added together will 
mean an increase by 3 LU. This does not mean that the signals have to be identical in terms 
of frequency and phase content, only that their contributed energy is the same. Upon 
learning this, we can also get more insight by comparing the measured LU values of a 
“normal” stereo file and a special version called “SND” (Sum and Difference) This special 
version contains the Sum in one channel and the Difference in the other. 
 
Table 2. A comparison between two stereo signals with uncorrelated content, and “SND”-versions. A 

second comparison with correlated content is also present 

 
 
 
 
 

Channel Content BS.1770 (Pre Summation) Summation BS.1770  (Post Summation)
L 1 kHz (Power: X) Power: 2X 2X Power: 2X
R 1 kHz (Power: X)

L 1 kHz (Power: X) Power: 2X 0 (Cancellation) Power: 0 (Cancellation)
R 1 kHz Polarity swap (Power: X)

Channel Content BS.1770 (Pre Conversion) SND Conversion BS.1770 (Post Conversion)
L 1 kHz (Effect: X) Effect: XY Sum (Effect: XY) Effect: 2(XY)
R 233 Hz (Effect: Y) Difference (Effect: XY)

L 1 kHz (Effect: X) Effect: XY Sum (Effect: XY) Effect: 2(XY)
R 233 Hz Polarity swap (Effect: Y) Difference (Effect: XY)

L 1 kHz (Effect: X) Effect: 2X Sum (Effect: 2X) Effect: 2X
R 1 kHz (Effect: X) Difference (Effect: 0)

L 1 kHz (Effect: X) Effect: 2X Sum (Effect: 0) Effect: 2X
R 1 kHz Polarity swap (Effect: X) Difference (Effect: 2X)
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In table 2 it can be observed that when the content in the two channels are uncorrelated 
(meaning that they have no similarities whatsoever), the measured results differ depending 
on if the SND conversion was made or not before measuring. When the content is 
uncorrelated, the BS.1770 measurement Post Conversion is twice as large as Pre Conversion 
regardless of polarity differences. This is equivalent of 3 LU. If the content was completely 
correlated, then we would instead get the exact same results in the pre and post 
measurements, regardless of polarity. Note that when the difference signal is calculated for 
the uncorrelated audio (1 kHz and 233 Hz), we end essentially end up with a simple addition 
of the power from the left and right channels. Since there is no correlation between the two 
channels, it also doesn’t matter if the polarity is swapped. The result will be the same, as can 
be seen in table 2.   
 
The comparison done in table 2 is an extreme case. When considering a piece of commercial 
rock music, the content would neither be fully correlated nor fully uncorrelated. Arguably, a 
piece of commercial rock music might lie somewhere in the middle between these two 
extremes. Different pieces of music are mixed with different amounts of uncorrelated 
content, and thus we can expect different results from different mixes when doing a 
comparison like in table 2. However, what can be taken from this comparison is that there is 
a possible difference in measured LU when the piece of music is divided into SND format. 
This difference can go up to 3 LU, depending on the amount of uncorrelated content. This 
observation will not be pursued any further in this study, since it does not directly affect the 
experiment nor the analysis of the data. It could however be interesting to note that 
changing an ordinary stereo file into SND-format does introduce some changes that have an 
effect on the measured loudness. 
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Method 
 
Introduction 

One of the purposes of the study is to provide useful insight to mixing and mastering 
engineers. Therefore, the idea was to capture the opinion of a typical music consumer; 
meaning that they are not necessarily trained listeners. The insight would provide further 
knowledge about the possible limits of the attributes known as spatiality and loudness, 
which prior to this study, has not been explored extensively. A listening test was done, in 
which the subjects were asked to match the volume of two audio sources; one stereo and 
one mono version of the same stimuli. The subjects did not have any information about the 
differences between the sources. Six Stimuli with different amounts of SDR – Sum and 
Difference Ratio – (see “Choosing and preparing the Stimuli” below) and they did the entire 
test twice; once on loudspeakers and once in headphones. 

Subjects 
 
The total amount of subjects that completed the listening test was 15. The subject group 
contained students from Musikhögskolan (a part of Luleå University of Technology) in Piteå, 
Sweden. This means that the background of the subjects was somewhat diverse; audio 
technology, journalism, music, dance and teaching are the programmes that are available at 
Musikhögskolan. Arguably, this group might not qualify as general music consumer in all 
circumstances. However, for the purpose of this study it will suffice. The main point was to 
make sure that the subject group does not contain only trained listeners. Subjects which 
studied audio technology are the ones which were considered trained listeners in this study. 
The number of trained listeners that completed the test were about 6, meaning that a little 
over a third of the subjects were trained listeners.  
 
Equipment 
 
The equipment used for the preparation of the stimuli consisted of the following: 
 
-A computer (Mac OS) 
-Grimm Audio LevelOne (A loudness measuring- and normalizing software) 
-Rogue Amoeba Audio Hijack Pro (A software used for acquiring the stimuli) 
-Avid Pro Tools (A DAW, commonly used in professional audio) 
 
The equipment used for the listening test consisted of the following: 
 
-A computer (Mac OS) 
-Avid Pro Tools 
-Presonus 22VSL (An audio interface with 4 output channels) 
-Presonus Faderport (A midi-interface with a fader that is linked to the channels in Pro Tools) 
-2x Genelec Triamp 1022A (A pair of studio monitors) 
-Stax SR-Lambda (A pair of headphones, electrostat. Used with included amplifier) 
-Microphone cables (XLR & TELE connections) 
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Choosing and preparing the stimuli 
 
As the study focuses on rock music, the stimuli had to fulfill certain criteria in order to be 
classified as rock music. When selecting appropriate stimuli, the stimuli had to contain the 
following elements in order for the stimuli to qualify as rock music: 
 
-A standard drum kit (Kickdrum, snare, cymbals. Toms are optional, but not required) 
-An electric bass guitar 
-Either an acoustic guitar or an electric guitar 
-Lead vocals 
 
The stimuli are not limited to these, meaning it can also contain other elements such as 
piano, synthesizers, organ, choir vocals, percussion. 
 
Table 3. The initially collected stimuli, showing LUFS and LU values  

 
 
14 different stimuli were initially collected. Table 3 shows all of these, expressed in LUFS and 
LU. A complete list of song titles and artists can be found in attachment 1 In order to have a 
higher probability of finding stimuli with varying LUFS values in their Sum and Differences 
(meaning different LU values for the SDR), a greater number of stimuli was initially collected. 
This allowed for a selection of the most appropriate stimuli to be used in the final 
experiment. The stimuli were collected by using the software Audio Hijack Pro and the 
streaming service Spotify. A total of 5 versions were produced. 
 

• Stereo (The original stereo file) 
• Sum (The sum signal, one channel) 
• Sum_2 (The sum signal duplicated into two channels) 
• Difference (The difference signal, one channel) 
• SND (The Sum signal in one channel and the Difference signal in the other) 

 
All of these versions were then put into the program called Level One; a loudness 
normalizing software. The software normalized all the audio files to -23 LUFS, and also 
provided the information about the loudness. The column SDR was calculated by taking the 

Difference
Stereo Sum Sum_2 Difference SND SDR

My Sweet Shadow -15.2 -16.8 -13.8 -17.2 -14.0 0.4
The Starless Sleep -13.8 -15.3 -12.3 -16.0 -12.6 0.7
Farewell -15.3 -16.5 -13.5 -18.3 -14.3 1.8
Cusp of Eternity -14.8 -15.8 -12.8 -18.7 -14.0 2.9
Nothing Else Matters -16.6 -17.5 -14.4 -20.9 -15.8 3.4
Alexandria -14.8 -15.6 -12.6 -19.4 -14.1 3.8
The Sound Of Muzak -17.1 -17.9 -14.8 -21.9 -16.4 4.0
There She Goes Again -15.5 -16.3 -13.3 -20.3 -14.9 4.0
Diamond Eyes -15.1 -16.1 -13.5 -20.8 -14.8 4.7
Even Flow -15.4 -16.0 -13.0 -20.8 -14.8 4.8
Back In Black -18.7 -19.2 -16.2 -24.7 -18.2 5.5
Show Yourself -15.7 -16.2 -13.2 -22.0 -15.2 5.8
Paranoid -15.5 -16.0 -13.0 -22.6 -15.1 6.6
Harvest -13.7 -14.0 -11.0 -22.1 -13.4 8.1
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Sum version minus the Difference version. The SDR will be used as a reference for analysis 
later on, as it is a measurement that is highly relevant in this study. The versions used for the 
actual experiment was Stereo and Sum_2. The reason for using Sum_2 instead of Sum was to 
make sure that there were no alterations when playing the stimuli through the software 
used for the experiment; Avid Pro Tools. If the Mono version of the stimuli were to remain as 
a one channel audio file, it would have been subject to Pro Tools´ panning processing. This 
was avoided by making it a stereo file and simply panning out the two channels to the left 
and right. This way, the panning processing will not affect the signal on its way out from the 
software to the playback system. After this, some additional calculations and name 
alterations were done. 
 
 
Table 4. The stimuli used in the final experiment, showing LU values and the new names 
 

 

The three stimuli with the highest SDR and the 3 stimuli with the lowest SDR were the ones 
that were used in the final experiment. As seen in Table 4, the stimuli were given new names 
and the difference between the SND version and the Stereo version was calculated. This 
difference contains important information about the stimuli, which will be discussed next. 

A closer look at the measurements 

As can be seen in table 4, there is a difference between the original stereo version and the 
SND version – even though it is the exact same stereo signal but expressed in Sum and 
Difference format instead of stereo (L & R). The SND version does in fact measure a higher 
value that the stereo version. Because of the nature of how a Sum signal and a Difference 
signal is calculated, combined with how the loudness algorithm works, there will be a 
difference in measured LUFS between these two versions. The difference between the SDR 
and the original stereo version is within the range of 0-3 LU. This is consistent with the 
phenomenon explained in the background: the potential difference in measured loudness 
between a stereo file compared to a Sum and Difference version of the same source 
material (see The nature of the signal processing). 

Difference
New Name SND - Stereo SDR

My Sweet Shadow Stimulus 1 1,2 0,4
Harvest Stimulus 2 0,3 8,1
Show Yourself Stimulus 3 0,5 5,8
The Starless Sleep Stimulus 4 1,2 0,7
Paranoid Stimulus 5 0,4 6,6
Farewell Stimulus 6 1,0 1,8
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Procedure 

The collection of data was made through an active listening test. The listener did twelve 
trials in total, divided into two parts: first six trials in loudspeakers and then six trials on 
headphones. The order of the trials was randomized beforehand, and this randomized order 
was the same for both parts of the test. For each trial, the listener was presented with two 
audio sources, containing two versions of the same material. One version was the original 
stereo mix and the other was a mono version (Sum_2). The purpose of this was to compare 
the realistical scenario of an audio signal containing some difference signal, and the scenario 
of having no difference signal at all. 

The subject was able to adjust the level of the mono version on a fader (a Presonus Fader 
Port) and was asked to match the level of the mono version so that both versions were 
perceived as equally loud. The Fader Port was connected so that the value set by the fader 
was linked to a fader in Pro Tools, meaning that the exact value was shown in the DAW. The 
stereo version had a fixed level, uncontrollable by the listener. The subject was able to 
switch between the versions in a DAW (Avid Pro Tools, a function called solo latch). The 
physical fader did not show any values, and the level meters in Pro Tools was obscured from 
the listeners view. At the start of the experiment, the stereo version was set to 0 dB in Pro 
Tools, and the mono version was set at -inf. The listener therefore always had to turn up the 
mono version until they were satisfied. The test also had two variations; one where the 
mono version was controlled, and one where the stereo version was controlled. Besides this, 
the two versions were identical. Every other listener did the second version. The group that 
did the first version will be referred to as the “Mono group” and the group that did the 
second version will be referred to as the “Stereo group”. 

The initial goal was to design the experiment so that after being instructed, the listeners 
would be able to go through the entire experiment themselves. Due to lack of equipment 
and time however, this was not possible. The test leader had to manually switch between 
each trial, since the switching process involved selecting new tracks manually with the 
Presonus Fader Port, as well as correctly selecting a new loop region in the DAW. In order to 
save time – and ensure that the test was done correctly – the test leader did the transitions 
between the trials. This allows the subjects to solely focus on the task, while also minimizing 
the risk of errors since the test leader is less likely to commit an error. The initial goal was to 
make this all these steps automated to a single button, using the Window Configuration 
option, and the User Defined Keys option in Pro Tools. In order to use this option correctly, 
time as well as access to a DAW-controller that supports User Defined Keys was required. 
This was not available at the time of the experiment, and therefore the process was done 
manually instead. 
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Location of the listening test 
 
The location of the listening test was in G132 at Musikhögskolan in Piteå (A part of Luleå 
University of Technology). The room in question is a small studio recording space with the 
following dimensions: Depth = 6 m, Width = 3 m, Height = 4 meters (4.5 in the back half 
section, closest to the point of view) For a picture of the location used as well as the setup, 
see attachment 2. 
 
Statistical analysis of the data 
 
The purpose of the statistical tests that are about be presented is to identify if there is a 
significant difference between the Loudspeaker group and the Headphone group for each 
stimulus. The difference between the groups (within subjects) will be tested against each 
other in a paired T-test with a significance level of p = 0.05. The null hypothesis is that there 
is no significant difference between the difference means for each stimulus, and that SDR 
has no impact on the difference mean. Since the SDR of the stimuli is not spread in a linear 
fashion – but rather grouped in high and low SDR – a t-test with an average of the means for 
these two groups will also be done. The purpose of this is to see if there is a significant 
difference between these two groups that have either low or high SDR. Finally, a test for 
correlation using Pearson´s R will be done by plotting the means of the stimuli against their 
SDR, as well as plotting a trendline between the difference means and the stimuli (sorted 
low to high SDR). 
 
Worth noting is that the results of the subjects that did the second version of the test (the 
Stereo group) has to be reversed; meaning the numeric value has to be changed from 
positive to negative, and vice versa. In order for the t-test to show any meaningful results, 
this has to be done since otherwise the adjustment will be reversed for half of the subjects. 
This could otherwise potentially mask the significance for the effect being studied, which is 
how SDR affects the difference means. 
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Results 
 

 
Figure 2. Results for each stimulus, shown as paired box plots. Sorted low to high SDR. 
 
The median values of all stimuli show a value that is 0<, as seen in figure 2. The only outlier 
present can be found in the results from the Headphone group at Stimulus 6. 
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Table 5. T-values of all stimuli, with accompanying dispersion measures. 
Sorted low to high SDR 

 

 
 
The t-values in table 5 does not exceed the critical t-value of ±2,15. They are all in the range 
of ±0.70. 
 
 
 
Table 6. T-values for the Low-SDR group and the High-SDR group with accompanying dispersion measures 
 

 
 
As seen in table 6, neither of the two groups exceed the critical t-value of 2.15. The effect 
size is also small. 
 

Stimulus 1 Stimulus 4 Stimulus 6 Stimulus 3 Stimulus 5 Stimulus 2
Sample Size 15 15 15 15 15 15
df 14 14 14 14 14 14
Mean of difference -0.06 -0.03 -0.14 0.09 -0.17 0.02
Standard deviation 0.69 1.08 1.11 1.05 1.00 1.06
Variance 0.47 1.17 1.22 1.09 1.00 1.12
T-value -0.34 -0.12 -0.49 0.32 -0.67 0.07
Critical T-value 2.15 2.15 2.15 2.15 2.15 2.15
Cohen´s D -0.09 -0.03 -0.13 0.09 -0.17 0.02

Low SDR High SDR
Sample size 15 15
df 14 14
Mean of difference -0.08 -0.02
Standard deviation 0.59 0.69
Variance 0.34 0.47
T-value -0.51 -0.13
Critical T-value 2.15 2.15
Cohen´s D -0.14 -0.03



 18 
  

Analysis 
 
Confidence intervals 
 
The following graphs show the results of the paired t-tests in graphical form. Since it is the 
difference between the two groups Headphones and Loudspeakers (within subjects), the 
means as well as the confidence intervals has to be ≠0 in order to show significance. If the 
confidence intervals from the individual stimulus overlap the value 0 on the y-axis, the 
results from the paired t-test should be interpreted as being non-significant. 
 
 

 
Figure 3. The mean of the difference between Headphones and Loudspeakers for all stimuli. Confidence 
intervals of 95% (p = 0.05) are also shown. Sorted low to high SDR. 
 
 

 
Figure 4. The mean of the difference between Headphones and Loudspeakers for the stimuli groups Low-
SDR and High-SDR. Confidence intervals of 95% (p = 0.05) are also shown. 
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When looking at figure 3, it becomes clear that there is not enough difference between the 
Headphone group and the Loudspeaker group on either stimulus to show any significance. 
The 95% confidence intervals overlap the value 0, which points to a non-significant 
difference between the two groups. The confidence intervals for the Low-SDR group and the 
High-SDR group in figure 4 show similar results. Table 3 and 4 shows these observations in 
numerical form. 
 
Correlation 
 
The following graph and table displays the correlation between the difference means and 
SDR for all stimuli. This is done by adding a trendline to the means, as well as calculating the 
linear correlation coefficient Pearson´s R. 
 

 
Figure 5. Difference means between the Headphones group and the Loudspeakers group for all stimuli, 
with trendline. Sorted low to high SDR. 
 
 
Table 7. Pearson´s R plotting Means against SDR. 
 

 
 
The coefficient Pearson´s R in table 7 points to a low linear relationship between mean 
difference and SDR. The trend line in graph 4 illustrates this further. 
 
Summary of the Initial analysis 
 
There is no indication that there is a difference between the two groups Headphones and 
Loudspeakers, and neither is there any indication that the factor of SDR has any effect on 
the results.  
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After observing the outcome of the analysis, one might want to do further statistical analysis 
to see if there is another effect that may be playing a part in the results. The statistical 
analysis done so far has been done with respect to the hypothesis  that playback system and 
SDR has an effect on the results, but now that that doesn’t seem to be the case, it makes 
sense to investigate other possible effects. To get a grasp of what these other possible 
effects might be, possible error sources will be discussed next. 
 

Additional Factors and Error Sources 
 
First, the following has to be considered: When looking back at figure 2, one can observe 
that the data values collected were all in the range of ±2,5 dB. This indicates that the effect 
being studied is small. Therefore, even small systematic errors will play a big part in the 
results.  
 
One possible systematic error that could play a part in the results is due to the fact that the 
fader that the subjects adjusted always started from -inf. As shown by Flanagan (1955), 
humans seem to be unable to determine differences in sound intensity that are smaller than 
1,5 dB. This threshold was obtained when untrained listeners compared the same stimuli but 
with different amplitudes, with a gap of 5 seconds between the two. The threshold value of 
1,5 dB were also determined by the criteria of 50% success rate, meaning that more than 
half of the subjects were able to successfully identify the difference. Comparing the results 
from Flanagan´s study with this one, one might argue that the threshold in the latter case 
could be even lower. The subjects in this study did not have a time gap between the two 
versions and were also able to freely switch between the versions an unlimited number of 
times. They also didn´t have any time restriction, meaning that they could listen to the two 
versions for a considerable amount of time before making a decision. Since the faders were 
always brought up from -inf., there is a possibility that all subjects stopped at a value that is 
lower than the actual value they aimed for (because of the phenomenon showed by 
Flanagan (1995)). They simply can’t hear the small difference in level and are therefore 
satisfied with putting the fader at a slightly lower level. Now; let´s examine this possible 
systematic error in greater detail. 
 
For about half of the subjects (the Stereo group), the data points test are reversed (i.e. 
switched sign). The possible systematic error will be blurred as the reversed sign of half of 
the data points will yield an average effect of 0 (this is what is meant with the word 
“blurred”; that the effect will be undistinguishable since it is spread out evenly across the 
data). However, if the data points had not been reversed, the effect of the factors Playback 
System and SDR would not have been possible to measure in the first place. One way to 
determine the effect of this systematic error is to do a second t-test, without reversing the 
values “stereo-adjust”-half of the values. The effect size of this new t-test can then be 
compared with the effect size from the initial t-test. If a bigger effect size can be observed in 
the new version, then one might suspect that this systematic error does in fact have a 
significant effect on the results. 
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Examining the error sources 
 
Table 8. The t-values of the initial t-test and the non-changed version, with accompanying dispersion 

measures. The ratio of the effect sizes from each t-test is also shown 
 

 
 
It can be observed in table 8 that the effect size is largely different for three out of six 
stimuli. The ratio for Stimulus 1 is for example 3.78, which means that the No Change-
version has an effect size that is 3.78 times greater than in the Change-version. Similar 
results can be seen when comparing the t-values; they are greater in he No Change-version 
than in the Change-version. This comparison illustrates that the systematic error is in fact be 
having an effect on the results, but mainly for the stimuli that have a low SDR. The ratio 
seems to get lower as the SDR gets higher. 
 
After observing this systematic error, might be of interest to do even further statistical 
analysis. There might be even more factors that have an effect on the results, such as which 
signal the subjects adjusted (stereo or mono). 
 
Further statistical analysis 
 
When the method for this study was formulated, it was assumed that which signal the 
subjects adjusted would not have an effect on the results. The fact that the listening test was 
constructed to that half of the subjects adjusted the mono version and half adjusted the 
stereo version was in order to randomize the trials. Generally, it is always a good idea to 
incorporate randomization, whenever possible, to counteract he possibility of systematic 

Change
Stimulus 1 Stimulus 4 Stimulus 6 Stimulus 3 Stimulus 5 Stimulus 2

Sample Size 15 15 15 15 15 15
df 14 14 14 14 14 14
Mean of difference -0.06 -0.03 -0.14 0.09 -0.17 0.02
Standard deviation 0.69 1.08 1.11 1.05 1.00 1.06
Variance 0.47 1.17 1.22 1.09 1.00 1.12
T-value -0.34 -0.12 -0.49 0.32 -0.67 0.07
Critical T-value 2.15 2.15 2.15 2.15 2.15 2.15
Cohen´s D -0.09 -0.03 -0.13 0.09 -0.17 0.02

No change
Stimulus 1 Stimulus 4 Stimulus 6 Stimulus 3 Stimulus 5 Stimulus 2

Sample Size 15 15 15 15 15 15
df 14 14 14 14 14 14
Mean of difference 0.22 -0.42 -0.37 0.07 -0.20 0.02
Standard deviation 0.65 0.99 1.05 1.05 0.99 1.06
Variance 0.42 0.98 1.10 1.10 0.99 1.12
T-value -1.31 -1.64 -1.35 0.27 -0.78 0.07
Critical T-value 2.15 2.15 2.15 2.15 2.15 2.15
Cohen´s D 0.34 -0.42 -0.35 0.07 -0.20 0.02

Stimulus 1 Stimulus 4 Stimulus 6 Stimulus 3 Stimulus 5 Stimulus 2
Ratio (Cohen´s D) 3.78 14.00 2.69 0.78 1.18 1.00
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errors. Now; Since the originally examined factors doesn’t seem to have any significant 
effect, it makes sense to examine all possible factors in order to try to figure out if they have 
an effect. Therefore, this particular effect – whether the subjects adjusted the stereo signal 
or the mono signal – will be evaluated.  
 
A two-sample t-test between the Mono group and the Stereo group (which now includes the 
Headphone condition and the Loudspeaker condition), will be done on both the Change-
version and the No Change-version. These two new t-tests will henceforth be referred to as 
Two-sample Change and Two-sample No change. The results can then be compared (like in 
table 7) in order to further evaluate the effect of the factor Adjusted Signal. Since it has been 
shown that neither the factor of Playback System (Headphones/Loudspeakers) nor SDR 
seem to have a significant effect on the results in the previous t-tests, one might assume 
that the results from the newly proposed t-tests (Two-sample Change and Two-sample No 
change) will not be significantly affected by these factors either. The sole reason for 
changing the sign on the data points from the Stereo group was to enable the possibility of 
finding a positive effect for SDR, and if this change had not been done, it would be 
impossible to see the effect of the SDR factor. Now that we have seen that SDR didn’t have a 
significant effect on the results from the first t-test, we can assume that this factor won´t 
significantly affect the results in the new t-tests. Since the factor of Playback System 
(Headphones/Loudspeakers) didn’t show any significance either, these two conditions could 
be combined when doing the new t-tests. In addition to this, the data points for all the 
stimuli will be included in the new t-tests as a single data series. Since the difference in SDR-
values between the stimuli has been shown to have little to no significance in the first t-test, 
this can be done without fear of the SDR factor significantly affecting the results. However, 
since it was observed in table 6 that the effect size was different for the Low-SDR stimuli and 
the High-SDR group, an additional t-test and comparison will be done on these two groups. It 
is possible that the effect of the Adjusted Signal as well as the systematic error can vary 
between these two groups of stimuli. 
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Table 9. The observable effects in the new t-tests 
 

 
 
Table 9 illustrates which factors that can/cannot be observed in the new t-tests. The new t-
test Two-sample Change will display the confounded effect of the factors SDR and Adjusted 
Signal. Since we have observed that the factor SDR does not have any significant effect, it 
could be considered neglible. It could therefore be argued that the results from Two-sample 
Change will only show the significance of the factor Adjusted Signal, but it will be somewhat 
blurred by the systematic error (that the subjects always put the fader too low), just like in 
the first t-test. The other new t-test Two-sample No change will display the effect of the 
factor Adjusted Signal as well as an offset caused by the systematic error. This offset will 
however not affect the t-value since both the stereo group and the mono group has this 
offset. If all of the new t-tests produce a significant result, then it strongly points to a 
significant effect that is caused by the Adjusted Signal factor. 
 
Table 10. The results from the new t-tests Two-sample Change and Two-sample No change. Both the tests 

for all stimuli and for the two stimuli groups Low and High-SDR are shown 
 

 
 
When looking at the results from the new t-tests as displayed in table 10, it can be observed 
that all t-tests display high t-values. They all exceed the critical t-value by far, and also show 
a big effect size. The t-value and the effect size on the All Stimuli No Change t-test show a 
larger value than the All Stimuli Change t-test. One could assume that this is because the 
former displays the effect of only the Adjusted signal factor, while the latter displays the 
effect of the Adjusted Signal factor as well as the systematic error. The systematic error will 
still offset the results in the All stimuli No change t-test, but will not directly affect the t-
value since both the stereo and the mono groups have this offset. The same is not true for 

Effects
Adjusted Signal SDR Systematic Error

Change Observable Neglible Blur
No Change Observable Not Observable Offset

All Stimuli Low-SDR High-SDR
Change No change Change No change Change No change

Stereo
Sample size 84 84 42 42 42 42
Mean 0.80 -0.80 0.86 -0.86 0.74 -0.74
Standard deviation 0.74 0.74 0.64 0.64 0.83 0.83
Variance 0.55 0.55 0.41 0.41 0.70 0.70

Mono
Sample size 96 96 48 48 48 48
Mean 0.16 0.16 0.07 0.07 0.25 0.25
Standard deviation 0.81 0.81 0.87 0.87 0.74 0.74
Variance 0.65 0.65 0.76 0.76 0.54 0.54

df 178 178 88 88 88 88
T-value 5.51 -8.29 4.94 -5.80 2.90 -5.91
Critical T-value 1.97 1.97 1.99 1.99 1.99 1.99
Cohen´s D 0.82 -1.23 1.03 -1.21 0.61 -1.25

Mean Difference 0.64 -0.96 0.79 -0.93 0.48 -0.99
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the All Stimuli Change t-test, where the systematic error will somewhat blur the results (just 
like in the initial t-test). The same observation can be made on the Low-SDR and the High-
SDR t-tests: the t-values and the effect sizes are larger in the No Change version than in the 
Change version. The same reasoning about the effects displayed in the results can be used 
here. Additionally, it can be observed that in the Change category, the High-SDR version 
displays the lowest t-value and effect size. This should be interpreted as the blurring effect 
of the systematic error having the greatest impact on this group of stimuli. Despite this 
blurring effect, it does still provide a significant result. 
 
The difference in means between the stereo and the mono groups for all the No Change 
versions are around 1 dB, and around 0,5 dB for all the Change versions. The former is 
arguably more interesting than the latter, since the systematic error is still present in the 
Change version. In the No Change version however, it is not. This particular observation of a 
1 dB difference is especially interesting and will be brought up in the discussion. 
 
Conclusion of the Analysis 
 
The results seem to indicate that the null hypothesis – that there is no significant difference 
between the difference means and that SDR has no impact on the difference mean – cannot 
be rejected. After observing a systematic error as well as having done further statistical 
analysis on the data, it is also clear that the factor Adjusted Signal has a far greater effect on 
the results than the factors Playback System and SDR.  
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Discussion 
 
When this study was first initiated, it was first believed that the two factors Playback System 
and SDR was a key factor when evaluating subjective loudness. While the literature 
discussed in the background did not directly back this theory, it surely did provide the means 
to suspect that it was a possibility. After analyzing the collected data however, it became 
clear that Playback System and SDR does in fact not play a significant role when evaluating 
the perceived loudness of a piece of stereo rock music (at least not for this particular 
method). The BS.1770 Loudness Standard seems to be very accurate, despite not taking the 
relationship between the channels into account. Neither does it seem to be impacted by the 
playback system used, since no significant difference could be observed. The factor of 
Adjusted Signal proved to have a far greater impact on the results, and this was not 
expected. In fact, it was initially believed to absolutely not have an impact. It turns out the 
opposite was true. One might give a thought as to why that is. 
 
It is entirely possible to believe that the version the subjects heard first (stereo or mono) 
created a reference for them when doing the listening test. This reference then impacted 
the way they adjusted the other signal more than the difference in SDR between the stimuli, 
as well as which playback system they heard the stimuli through. The approximate 
difference of 1 dB between the means of the stereo group and the mono group (meaning 
that the stereo group always put the fader 1 dB lower, as seen in table 8) is also significant 
with respect to the purpose of the study: to provide useful information to mixing and 
mastering engineers. A difference of 1 dB that is dependent on which version you heard first 
is a factor that is especially critical when mastering, since a difference of 1 dB is considerable 
in this context. Let´s say you are comparing a mono and a stereo version of your mastered 
track, and you want to listen for critical differences between the two. A difference of 1 dB 
will surely impact this judgement. As a consequence, it might also affect the way the limiter 
is used since this 1 dB difference will impact the perceived loudness. The end results might 
be a change in the total LUFS of the mastered track that is entirely dependent on the 
phenomenon in question, and not due to an artistic choice. This is something to be aware of. 
This effect is also consistent, regardless of what SDR the stimuli in question had. The 
systematic error present in the Change version of the t-test did however show an indication 
of having an increased effect on the stimuli with high SDR, since the difference in effect size 
and t-value between the Low-SDR group of stimuli and the High-SDR group was 
considerable. To strengthen this observation of a 1 dB difference, the phenomenon might be 
subject to further investigation. To the extent of the authors knowledge, this observation 
has not been investigated by other authors in the field of audio technology. 
 
Even though the results strongly pointed to the fact that there is no significant difference 
between headphones and loudspeakers with respect to SDR in a loudness context, the 
method used in this study is obviously flawed in many regards. It could (for example) be 
beneficial to collect data from more subjects and do two separate studies; one where only 
the stereo signal is adjusted and one where only the mono signal is adjusted. The results 
could then be compared in order to see if the Adjusted Signal factor is still having a 
significant impact. The factors of Playback System could be investigated again (to confirm or 
question the results found in this study), as well as other possible factors. It would also be 
beneficial to run the test in a more controlled environment, such as a properly treated 
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control room. The fact that the loudspeakers where placed in a suboptimal room in this 
particular study was unfortunate, and may have had an effect on the results. Since the effect 
being studied is arguably very small, every small improvement on the listening test might 
change the outcome of the results. There might also be a bigger observable difference in 
other genres of music (or between other genres). Since this study was restricted to rock 
music, it can only provide insight on this particular genre. Lastly, uncompressed audio stimuli 
could also be used. The effects of lossy audio compression could very well be affecting in the 
results, and using uncompressed audio could alter the results. 
 
In the background, the degree of coherence was discussed at great length. Due to the fact 
that this factor is hard to measure in a reliable way however, it was not used as a basis for 
comparing the stimuli used in the listening test. Instead, SDR was chosen as it is considerably 
easier and more reliable in terms of measurement. Since the results strongly pointed to the 
fact that the SDR did not have a significant effect, one might ask the question if the degree 
of coherence does. As discussed in the background, the degree of coherence and the SDR 
does have many similarities but also some critical differences: a difference signal can, for 
example, still be considered coherent, if it only introduces phase or amplitude differences. 
The comparison between the two is a difficult procedure that requires certain background 
information about the production process. Was an AB or XY microphone technique used 
when recording the acoustic guitar? What about the overheads? The Hammond organ? Was 
there any additional signal processing done to the signals that could introduce any form of 
distortion to the signal? Was this distortion identical in the stereo pairs? These are questions 
we do not have the answer to and will have a hard time finding without proper 
documentation. Suffice to say, most modern productions use less stereo microphone 
techniques than older productions. Since most of the stimuli were modern rock/metal 
productions (released after the year 2000), it could be argued that mostly isolated mono 
channels were used in the recording. This is very common practice in this type of genre, and 
these mono sources are then panned out in order to fill the stereo panorama. A classical AB 
or XY microphone recording technique were most likely not used when recording the 
foundation of the music (guitars, bass, vocals). Overheads, Hammond organ and acoustic 
guitar could be a different story, but whether or not these few elements significantly impact 
the degree of coherence of an entire mix is debatable. The comparison of SDR and the 
degree of coherence is complicated, and to the extent of the authors knowledge, a straight 
forward method for doing this comparison does not exist. 
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Appendix 
 
1: The titles and artists of all stimuli 
 

 
 

Song Title Artist
My Sweet Shadow In Flames
The Starless Sleep Avatarium
Farewell Kamelot
Cusp of Eternity Opeth
Nothing Else Matters Metallica
Alexandria Kamelot
The Sound Of Muzak Porcupine Tree
There She Goes Again Electric Boys
Diamond Eyes Deftones
Even Flow Pearl Jam
Back In Black ACDC
Show Yourself Mastodon
Paranoid Black Sabbath
Harvest Opeth
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2: The Room Used for the Listening Test 
 

 


