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Abstract: 
As music production moves from the big professional studios into small bedroom studios, Headphones 

become more commonly used for monitoring. This brings a new set of problems based on the limitations 

of headphones compared to loudspeakers. This research explores how a bass enhancement algorithm 

impacts the results when mixing low frequency audio on headphones. This is done through a simple 

mixing experiment where subjects are tasked with balancing the amplitude of a low frequency element 

in a song, both with and without a bass enhancement algorithm enhancing the headphone monitoring. It 

is shown that while subjects do not perceive a difference in difficulty with this task, the results differ as 

subjects overall mix the bass frequencies lower in amplitude when aided by the bass enhancement 

algorithm. It is concluded that the bass enhancement algorithm is useful in this manner.  
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Introduction 
This research investigates the viability of using bass enhancement algorithms when monitoring on 

headphones. The research is focused specifically on mixing low frequency sounds in bass heavy music, 

as this is particularly problematic for headphone monitoring. This is done with a listening test where the 

subjects adjust the amount of bass in a mix. This is intended as a scaled down representation of the 

mixing process. When the term bass is used in this essay, it refers to the low frequency spectrum of 

audio. Not the instrument. 

The context 

In today’s music industry with fewer big professional studios, the bedroom studio is increasingly 

common. With this follows a higher prevalence of headphones used for monitoring rather than 

loudspeakers. This transition has presented the mixing engineer with new problems, different to those 

associated with loudspeakers. In order to find a solution to these problems, they must first be identified 

and defined. Firstly, what is a bedroom studio? 

The bedroom studio 

The expression “bedroom studio” doesn’t necessarily refer to a bedroom, but is an expression used here 

for small home studios, setup in a room that is not specifically suited or built for the task. A studio fitted 

into a corner in a small apartment is one example. The very nature of the bedroom studio comes with a 

number of problems for monitoring. Acoustics being the most obvious one. Bothered neighbors being 

another. To get a broader perspective on what modern bedroom producer’s home studios look like, 

various internet communities where people post pictures of their studios were explored. As an example 

of what was found, one studio was built in what appears to be an attic. The walls are very low and turn 

inwards with the ceiling about half a meter from the floor. Directly behind the computer screen, there is 

a window. The monitors are placed as close to the angled ceiling as they can get without any absorbers 

or diffusors behind them. The room overall is small with barely room to stand up straight in the middle, 

where the angled ceiling connects. The back wall is angled in the same way and is only a few meters 

behind the studio chair. While the angled ceiling makes this an exceptionally difficult example, it helps 

highlight the issues found in several similar home studios. The small room with hard surfaces directly 

behind the monitors and directly in front of the listener will cause plenty of early reflexes. The angled 

ceiling will make room modes highly unpredictable. The biggest problem however would be the small 

size of the room.  

Solutions 

Acoustic problems are countered by absorbers, diffusors and bass traps. With small bedroom studios, 

the problem is that small studios are small and bass frequencies have long wavelengths which will result 

in problems in the lower frequency ranges. Reflections in the back wall will cause unevenly spread room 

modes that cancels out some frequencies while enhancing others. Higher frequency problems can be 

manageable, but when your studio is also your living room, big bass traps and absorbers may not be a 

practical option. Deep bass frequencies have very long wavelengths. Meaning, you need very thick 

absorbers for them to have any effect at all on the desired spectrum. Therefor the acoustics of bedroom 

studios are often far from ideal, particularly in the lower frequency spectrum. The problem only becomes 

greater the smaller the room is, as reflections and room modes become stronger and more unevenly 

spread. 

An alternative solution 

To quote the prominent producer and mixing engineer Thomas “Plec” Johansson: “Spend 10 000 SEK 

on some good headphones and you save 1 000 000 SEK on acoustics.” (Personal communication, 
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December 6, 2017)(Quote translated from Swedish) With headphones, the acoustics of the room are not 

an issue. Nor will any neighbors be bothered by a late night mixing session. For these reasons, 

headphones are commonly used in bedroom studios, both for production and mixing. King, Leonard, & 

Sikora, (2011) showed that people mix differently on headphones than they do on loudspeakers. Their 

study found that people mixed differently on headphones, but it also showed different results for 

different genres. But their study focused on the mixing of lead vocals or a lead instrument and did not 

consider the differences in bass perception on headphones or the bass content in the different genres. 

While they found a problem with monitoring on headphones in comparison to loudspeakers, it is possible 

that they failed to identify the source of the problem due to the frequencies involved with their 

experiment. 

The problems with headphones 

This leads on to the motivation and aim of the research: How do bass enhancement algorithms impact 

mixing decisions when monitoring on headphones? And further, can a bass enhancement algorithm be 

beneficial when monitoring low frequency material on headphones? Headphones come with a different 

set of problems as compared to loudspeakers. Differences in stereo imaging, lack of crosstalk and a low 

audibility of lower frequencies being some of the most obvious. Crosstalk due to the stereo isolation of 

headphones, makes it difficult to detect phase problems that would be troublesome on loudspeakers. It 

is therefore possible to create a mix that sounds great on headphones, but has severe issues when played 

on loudspeakers. The stereo imaging of headphones gives a different perception of width than 

loudspeakers, with the extreme left and right being at a full 90 degree angle rather than the 30 degree 

common with studio monitors. Subkey, Cabreara and Ferguson (2005) showed that listeners were able 

to detect both location and image size of frequencies as low as 25 Hz. This implies that both stereo 

imaging and lack of crosstalk would have an impact on the perception of low frequency audio on 

headphones. While relevant, these two factors are left outside the scope of this research as they only 

come into play if the bass frequencies are at all audible. Therefor the focus is on the audibility of the 

bass frequencies. There are several reasons why the lower frequencies are not as audible on headphones 

as they are on loudspeakers. The size of the membrane being one. The cone excursion quadruples for 

each octave down in frequency. (Larsen & Aarts. 2002) Due to this, the diameter of the cone directly 

impacts how effective different frequencies are reproduced, with a greater diameter improving the 

reproduction of longer wavelengths. The way we perceive low frequency audio being another. Bass 

frequencies are felt through physical impact and bone conductivity as both an aural and visceral 

experience much as they are heard. (Larsen et al. 2002) This again due to wavelengths. With headphones 

the membranes are very small. It is not uncommon to use 15 inch membranes in a subwoofer, while the 

membranes in high quality studio headphones can be as small as one inch. This means that it requires a 

lot of energy to reproduce low frequency wavelengths with these membranes. This is also seen in the 

frequency response curves of headphones, where the curve rolls off lower the further into the bass 

spectrum it goes. And with the audio originating in headphones, there is obviously no physical impact 

or bone conductive hearing going on in the rest of the body. In summary: Lower bass frequencies are 

difficult to mix on headphones due to the fact that they are not heard as clearly as when mixing on 

loudspeakers. 

The bass enhancement 

A bass enhancement algorithm enhances the perception of bass. It makes low frequency audio more 

audible and can make the bass sound louder, deeper and more prominent in a mix (White, 2003). So 

why is a bass enhancement algorithm considered as a possible solution for the monitoring problems on 

headphones? To explain this, one needs to distinguish between different types of bass enhancements. 

There are enhancers that give a linear boost and enhancers that give a nonlinear boost. A linear boost is 
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simply gaining the signal at the desired frequency. This is not ideal for headphones as this could lead to 

not only distortion but in the worst case even damaging the headphones due to the aforementioned 

relation between membrane size and effect. A nonlinear boost (Larsen et al. 2002) simulates the sound 

of a lower frequency by reproducing the overtones, using the concept of the missing fundamental. As 

explained by Larsen & Aarts the method works by passing the signal through a nonlinear device - in 

their case a diode -  while applying high pass filtering both before and after this device and then mixing 

the result back in with the original signal. The first high pass filter is to remove and unwanted low 

frequency rumble, below the desired frequency range. The second high pass filter is to remove the 

original low frequency content from the enhanced signal, so that the only thing being added to the 

original signal is the enhancement. (Larsen et. al, 2002) 

This means the speaker does not need to play the actual tone, or at least does not need to be boosted in 

the range of the original tone and can therefor work in a frequency spectrum that is more suitable for the 

membrane size. Another effect of this is that the sound is moved into a frequency spectrum most 

sensitive to the human ear, as can be seen on the Fletcher Munson Equal Loudness Curve in Figure 1.

 

Figure 1Fletcher Munson Equal loudness Curve. (Oarih. 2006) 

This has the added benefit of the sounds not needing to be played quite as strongly to be audible to the 

human ear. Simply put, frequencies that are easier to reproduce are used to fool the listener into thinking 

she can hear low frequency sounds. This is a technique that is commonly used on smaller home stereos 

or computer speakers to give the impression of the speakers being larger than they are. It is also 

commonly used as an effect in music production, where it can be used to give a bass guitar a more 

powerful sound, or to make a song translate better to laptop speakers or smartphones. However, no 

research has been made on using this method as a help in the actual mixing process, when big 

loudspeakers are not available. Take the example of the bedroom producer. A lot of dancefloor oriented 
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music is produced by such producers. They are likely to mix the music on headphones that can’t properly 

reproduce low frequency audio and the same music is then played back in clubs with subwoofers and 

even infra bass systems that reliably play as low as 20 Hz and lower (Funktion One, 2006).  

The research question 

This is the motivation for the research question. To study how bass enhancement algorithms impact 

balancing decisions and see if there is a possible benefit to using bass enhancement to improve low 

frequency audibility when monitoring on headphones. Specifically for mixing bass heavy music. If such 

a benefit can be found, this would enable more reliable headphone monitoring for bedroom producers 

who work on bass oriented material, with less risk of surprises when playing the results on a larger 

loudspeaker system. The expectation and hypothesis is that if this algorithm works as intended, test 

subjects will be mixing the bass lower in the enhanced versions of the tracks. This due to the previously 

stated issues with bass frequencies not being properly audible when monitoring on headphones. 
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Method 

Method overview 

The interesting factor to test for, is how the balancing choices differ when listening through the bass 

enhancement. To explore this, a test was conducted using 4 different stimuli where each stimuli was 

used twice. Once with enhancement and once without. The adjustments made by the subjects are 

recorded as automation curves that can easily be read and compared in a decibel scale afterwards. While 

the measurements give answers to “what” differs, an interview was conducted with the intention to 

answer the “why” of any measured results. In order to find suitable settings for the enhancement 

algorithm, a pre study was conducted where test subjects adjust the settings to their preference, based 

on reference listening through full range loudspeakers with subwoofers. 

The bass enhancement 

For the enhancement, the VST plugin Waves MaxxBass (Waves 2018) was chosen. This decision was 

made based in the plug being fairly common for conventional bass enhancement. It is also running an 

algorithm based on the same missing fundamental concept as is being explored here and is claimed to 

be fairly transparent tonally. The use of a single plugin was decided upon due to this research being 

more generally conducted, to see if there is a benefit to be had. If different plugins have different results 

is left for future research. In order to find a suitable configuration for the bass enhancement plugin, a 

pre study was conducted. 

The headphones 

The headphones decided upon was Sennheiser HD518 with a Motu Ultralite MK3 for the headphone 

amplifier. The headphones were chosen for ecological validity as well as availability. These headphones 

are open and have a frequency response curve that gets close to the really high end studio headphones 

such as Sennheiser HD800, (HeadRoom 2018) but are in a price range that makes them more easily 

available for the fictional bedroom producer. Other similarly common headphones such as 

Beyerdynamics DT770 were considered, but they were found not to be as linear in their frequency 

response. In particular, they showed an uneven bass response and was therefore discarded. 

The stimuli 

For both the pre study and the primary study, special care was taken with the stimuli. Music from 

relevant genres was chosen. Special attention was put on finding stimuli that had problematic aspects in 

the bass region when listening on headphones. Examples of such problems could be a kick going very 

deep in frequencies that are barely perceived on headphones, but that has a big physical impact on 

loudspeakers. When lacking the low frequency content this could be difficult to adjust correctly as the 

most audible part of the kick drum would instead be the high frequency click part, rather than the impact 

of the bass frequencies. This means there is a big risk of adjusting the kick too loud for the mix as the 

primary part of the kick drum is not properly heard on headphones, resulting in an overly boomy mix. 

Another example could be a bassline that plays melodic content in the lower frequencies. Mixed too 

strong, it could dominate the song. Mixed too softly, it could leave the song lacking content, since for 

example modern dub techno tend to be minimalistic in content and have the bass play a very central 

role. Another problem to look for was where the enhancement algorithm might interfere with other 

instruments in the midrange frequencies, where the bass overtones are created by the bass enhancement 

algorithm. Different tracks were used as stimuli for the pre-study and the primary experiment. 

Pre study stimuli 

For the pre study, two dub-techno tracks by the artist JGB were used. The tracks were ”Gjutjärnspanna” 

and “Kunskapen om permanentat hår” These tracks have plenty of low frequency information of the 
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type that can be considered problematic on headphones. For example, there is a bassline constructed 

purely of sine waves that plays a melodic sequence in the 50 Hz area clearly visible in Figure 2. This is 

a dominant feature when listening on loudspeakers, but on headphones it is difficult for this element to 

generate enough energy. From each track, a sample of about 2 minutes was selected. This sample was 

then looped to give the test subjects as much time as they needed to adjust the desired settings. The 

segment to be looped was chosen based on content. For example one of the tracks was cut to start just 

after the intro and stop just before a musical break in the arrangement, resulting in a sample with an 

overall even amount of spectral content and instrument variation. See Figure 11 and Figure 12 for FFTs 

of these. 

 

Figure 2. 

The pre study 

Three test subjects were chosen. These subjects all had several years of mixing experience and they 

were familiar with the genre of music to be used. The test was conducted in an acoustically treated studio 

with thick absorbers in the front and diffusors in the back. The layout of this studio can be seen in Figure 

24 in the appendix. The monitoring was done through Klein & Hummel (0 410 & 0 870) speakers that 

give a very high quality of listening for reference. Test subjects were allowed to freely switch between 

listening in speakers and headphones to get as good a comparison as possible. They were tasked with 

adjusting the settings of the bass enhancement plugin to best replicate the impression of bass that was 

had from listening over speakers. The parameters that were adjusted was the amount of boost and the 

crossover frequency. While there were other parameters available, like filter type and compression ratio, 

these were not used in the experiment to keep it simplified enough to be controllable. The filter type was 

left at the default type 12 dB per octave and the compression ratio was left at 1:1, to minimize the 

destructiveness of the algorithm. The headphones used were the same as for the primary experiment. 

The stimuli was played back through Ableton Live 9. Each subject started with the same session files. 

One session file for each track, where the plugin was set to a crossover of 0 Hz and a boost of 0 dB to 

minimize any impact the initial settings might have on their preference. No time restrictions were put 

on this part as the objective was to get as good a result as possible from the bass enhancement algorithm 

before proceeding with the primary experiment. 
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Pre study results 

The following results were had: 

Stimuli 1     

  Frequency Gain 

Subject 
1 

65 1,4 

Subject 
2 

41 2,3 

Subject 
3 

80 2,1 

    

Stimuli 2     

  Frequency Gain 

Subject 
1 

49 3,4 

Subject 
2 

77 −2,7 

Subject 
3 

80 −0,9 

  

From these results an average setting was calculated to crossover frequency 65,333 and gain 0,9333 as 

seen in Figure 3.These settings were then used in the Bass enhancement algorithm for the primary tests. 

 

Figure 3 Waves Maxxbass configured based on the pre-study results. 

Primary study method 

For the primary study, a target of 12 test subjects was set. These were required to have previous mixing 

experience. For this reason only students from the audio engineer program and musicians with previous 

mixing experience were considered applicable for the experiment. The tests were conducted in an 

isolated room with a minimum of outside disturbances.  
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Figure 4. The test setup. 

The test subjects 

The total number of test subjects was 12. All of the subjects were audio engineers. Their average age 

was 24,5 years and the average mixing experience was 4,8 years. The genre experience varied greatly 

between the participants. Figure 5 shows the total number of genres listed. None of the participants 

expressed having experience specifically with Techno or Dub, but this does show a diverse group of test 

subjects with a wide genre experience. 

 

Figure 5, Genre experiences listed by subjects. 
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Primary experiment stimuli 

For the primary experiment, five different tracks were used. One for the training example and four for 

the actual experiment. These were from two different genres. Industrial techno and Dub techno. The 

tracks were Etapp, Platå, Look Upwards and Onytta by Mattias Engvall and Dub On Arival by Andreas 

Tilliander. These were chosen based on the differences in spectral content and arrangement intensity as 

can be seen in Figure 14 to Figure 21, The Dub tracks are generally calmer, but make use of melodic 

sequences in the lower bass registry. Track 2 in particular goes very deep in the bass frequencies, playing 

a melodic sequence between 20 and 30 Hz. The industrial tracks are more intensive in their structure 

with more mid-range elements that could potentially conflict with the overtones created by the 

enhancement algorithm. The industrial techno tracks also have a lot of low frequency content in the kick 

drum, which is an important element in this genre of music. This selection of stimuli gives all of the 

previously described factors of interest that impact the test.  

Experiment configuration 

Each stimuli is presented twice. Once with the enhancement algorithm and once without. These were 

presented right after each other to make it possible to ask the test subjects about perceived differences 

in difficulty in mixing them. To avoid listener training to have an impact on the test results, the tracks 

were setup so that the enhanced and unenhanced of the first two are in one order and the second two are 

in the opposite order. This way there was always an even division between the two orders. For the 

training example, no enhancement at all was applied since the purpose for that track was to make the 

subjects comfortable with the test procedure, reduce stress and lessen the impact the order of the tracks 

has overall. Also subjects were allowed to adjust the listening volume during the training example. 

However during the actual experiment, no adjustments to listening volume was allowed, to avoid making 

this a factor in the results. 

One factor that presented a problem was the interview. Having the interview last, after all the tests have 

been made would interfere the least with the tests. But it would also mean that the test subject’s memory 

of the first stimuli would be less clear and likely the last stimuli would have a greater impact on the 

results than the first. However, having an interview after each stimuli would make the task more tedious 

and with the interview questions being repeated four times, the repetitiveness would likely result in less 

thorough answers and less engagement from the test subjects. Another factor was that the test was using 

two different subgenres of music with different aspects of interest. Therefore the decision was reached 

to present the stimuli in pairs of two, with an interview after each pair. Each pair have one track from 

each genre but the same internal order of enhanced and unenhanced versions, as shown in Table 1. This 

also enabled the interviewer to ask about perceived differences between mixing the different genres, 

without having the genre differences crossover with the order of the individual stimuli in enhanced and 

clean versions. To ensure that the order of the tracks did not have an effect on the overall results, out of 

the 12 test subjects, no two had the tracks and settings presented in the same order. 

Table 1. Example of stimuli order 

Enhanced Unenhanced Enhanced Unenhanced Interview Unenhanced Enhanced Unenhanced Enhanced Interview 

Dub Dub Techno Techno   Techno Techno Dub Dub   

track 1 track 1 track 2 track 2   track 3 track 3 track 4 track 4   

                    

Unenhanced Enhanced Unenhanced Enhanced Interview Enhanced Unenhanced Enhanced Unenhanced Interview 

Techno Techno Dub Dub   Dub Dub Techno Techno   

track 2 track 2 track 1 track 1   track 4 track 4 track 3 track 3   
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Unenhanced Enhanced Unenhanced Enhanced Interview Enhanced Unenhanced Enhanced Unenhanced Interview 

Techno Techno Dub Dub   Dub Dub Techno Techno   

track 3 track 3 track 4 track 4   track 1 track 1 track 2 track 2   

For the primary experiment, each track was restricted to a maximum of about 2 minutes instead of having 

the tracks loop indefinitely. This was done in order to get a measure on the time needed for each track, 

since the time needed can also give an indication on how difficult each version of the tracks were to 

mix. While the order of the tracks can be expected to greatly impact this, the aforementioned sorting of 

the order per test subject would balance over time since there is an even division between enhanced and 

unenhanced tracks being presented first. The total length of two minutes was based off of the time 

needed for the pre study, where each participant was done in less than one minute for each example. 

The session files were built from stems, where the stem containing the lowest frequency material was 

the one to be adjusted by the subjects, seen as the topmost channel in Figure 6. On three of the tracks 

this was the kick drum. On one it was a bassline. The kick drums had their primary frequency content 

around 50-60 Hz while the bassline played a sine based melody between 20 and 30 Hz.  

 

Figure 6. The session setup in Ableton live. Automation curves from subject 8. 

              

 Bass stem 
  

TDR Kotelnikov 
         

           

               

 Stem 2 
          

Waves MaxxBass 
  

Master out  

         

               

 Stem 3 
                

            

              
Figure 7. Flow diagram illustrating the routing of the audio signal through the plugins. The signal flow is from left to right, 

with all stems being mixed into the Waves Maxxbass plugin on the master channel. 

Figure 7 shows how the different plugins and channels were configured. Track levels were adjusted to 

have a somewhat equal loudness. For adjusting the amplitude of the bass track, the output gain of a TRD 
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Kotelnikov compressor plugin was used. This method and plugin was chosen for several reasons. The 

plugin in question is designed to be bit transparent (TDR, 2018) and therefore has no measurable impact 

on the audio signal at 0 dB gain reduction. This means that when set to a threshold where the 

compression is never triggered, it has virtually no impact on the audio. This plugin also has very fine 

precision in it’s encoders. While this means it will take longer to adjust the gain, it also means that more 

exact settings can be achieved. When each track starts, the output gain is adjusted to -20 dB. The lowest 

setting that can be set in the plugin. At this setting, the track is not audible at all over the other tracks 

and the subjects get a clean start to each example of each track. A Presonus Faderport was used as the 

controller interface for the experiment. A cover plate was placed over the controller, so that the only 

visible controls were the rotary controller and the fader. The rotary controller is of the endless type, 

meaning the test subjects will not get a physical or visual reference to how much they have turned up 

the bass track in the mix. 

The interview 

The interview was of the semi structured type. It started out with an open question about the experiment 

in general. If they found it difficult or easy. If this did not lead on to an answer elaborate enough, this 

was followed up with in what way it was difficult, or if there was some aspect in particular that had an 

impact on their decision in setting the amplitude of the bass track. Subjects were then asked if there was 

any difference in difficulty between the first and second track of the two. The follow up question was in 

what way or what was different. After that, subjects were asked if there was a perceived difference in 

the difficulty in mixing the two versions of each track. If needed, this was followed by a question about 

what was different. Lastly subjects were asked if there was anything else that came to mind that had not 

been discussed yet in the interview. 

The written survey 

In order to measure perceived difficulty, subjects were handed a simple survey where they were to grade 

each track based on which one they found easier to mix as seen in Figure 22. This presented them with 

a 5 grade scale to answer the simple question of which one was the easier, ranging from A was easier, 

thru no difference to B was easier. This was answered directly after each different stimuli. 

Prior to the test session, subjects were read an instruction, explaining the experiment procedure and the 

different steps. To keep this instruction the same for each subject, this was read to them from a 

manuscript by the test leader. This can be found in the appendix as Figure 23. 

Method for analysis 

After completion of the tests, the results were compared using paired T-Tests for the quantitative data. 

This way it was easy to determine if there was a significant difference between the enhanced and the 

unenhanced versions. The same was then done to the data gathered from the written surveys. These two 

data give a comparison between actual difference and perceived difference. 

Interviews. Method of analysis 

For the interviews a framework was decided upon for gathering the qualitative data. The recording of 

each interview was analyzed based on a method described by Merriam, S. B. in the book Qualitative 

Research (Merriam S. B, 2014). For each test subject, whenever something was said that describes why 

something was perceived as more difficult or easier, this description was written down. The reference 

was compared to the session file for the particular test subject to verify which stimuli was involved and 

if it was referring to the enhanced or unenhanced version of said stimuli. These results were then sorted 

into two categories based on if they relate to how it sounded or how it was to work with. These quotes 

were then simplified into shorter phrases or words that more precise describe the meaning taken from 
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them for easier analysis. For example if one test subject described how it was easier to hear the relevant 

frequencies. Another described how the track was clearer and a third described how one track had a 

clarity in the sub frequencies that the other version lacked. All these three can be said to describe a better 

clarity. So in the summary these would be sorted as three counts for the term “Clarity” which would be 

a positive in these cases. In this way all quotes were sorted and arranged to form a comprehensive 

description of the total data gathered from the interviews. However, care was taken not to combine 

words where they, though similar, could be interpreted as having different or further meaning. For 

example “muddy” and “thicker”, while implying indistinct sound were not combined with “indistinct”, 

since they express more information about the character of the sound than “indistinct” alone would. 
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Results and analysis 

Results and Analysis Naming Explanations 

In the results the stimuli are referred to by number rather than track title. These are the tracks referred 

to: 

Training example: Etapp - Mattias Engvall 

Track 1: Platå - Mattias Engvall 

Track 2: Dub On Arival - Andreas Tilliander 

Track 3: Look Upwards - Ekoteknik (Mattias Engvall) 

Track 4: Onytta - Mattias Engvall 

See Figure 13 to Figure 21Figure 18. Stimuli 1: Platå - Mattias Engvall in the appendix for spectrograms 

and FFTs illustrating frequency content. Further, A and B refers to the enhanced and unenhanced 

versions of the tracks. A is the version with bass enhancement and B the unenhanced. 

Measurement results 

Table 2 lists all the measurement results. The value taken as the result data is the last value where each 

automation curve ends. Meaning this is where the subject informed the test leader that they were done 

with the stimuli. Values are in decibel relative to the original mix of the track, where 0 dB is the original 

level. 

Table 2. Measurement results. 

Subject no. Track 1 Track 1 Track 2 Track 2 Track 3 Track 3 Track 4 Track 4 

1 −1,7 3,4 0,6 3 0,5 −1,2 3 5,6 

2 9,7 10 1,4 5 6,7 9,7 9,1 11,7 

3 −0,5 −1,2 −5,5 −3,1 −1,6 −0,3 1,9 4,4 

4 6,3 6,3 −2 1,1 5,9 6,7 6,7 6,7 

5 −1,1 1,4 −3,4 −0,3 1,4 2,7 2 3,4 

6 −5,2 −1,6 −4,1 −0,5 2,2 3,4 3,3 1,4 

7 −1,2 1,3 1,1 3,4 2,7 5,6 3,6 2,8 

8 4,4 3,8 0,8 2,7 3,8 1,1 6,4 6,1 

9 3 4,2 −0,2 −6,7 4,2 5,6 5 2,7 

10 3,9 2,7 2 1,7 0,9 5 3 3,9 

11 −6,1 −5,5 −3,6 −7,7 −0,3 1,3 −0,3 0,3 

12 −2,7 −8,4 −7,2 −11,2 −1,4 −0,9 0,5 0,2 

 Enhanced Unenhanced Enhanced Unenhanced Enhanced Unenhanced Enhanced Unenhanced 

 

Figure 8. Y axis shows number of entries. X axis shows dB rounded up. and Figure 9 shows the spread 

when all enhanced results were compared to all the unenhanced results. 
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Figure 8. Y axis shows number of entries. X axis shows dB rounded up. 

 

Figure 9. Spread shown in decibels. 
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These data were compared using a paired t-test. The mean difference was found to be 1 dB between the 

unenhanced and the enhanced versions. Two outliers were found using 1,5 times IQR. These were 

removed from the paired t-test shown in Table 3. However a separate t-test was performed with them 

included which found the critical t-value was still exceeded, as shown in Table 4. This shows a 

statistically significant difference between the unenhanced and the enhanced versions of the tracks. Test 

subjects mixed the bass lower wen the bass enhancement algorithm was used. 

Table 3. Paired t-test results. Outliers excluded. 

 Unenhanced Enhanced 

Mean 2,480217391 1,47391304 

Observations 46 

t-value 2,94187098 

P(T<=t) twotailed 0,0051399 

t-critical 2,01410339 

Mean difference 1 dB 

Table 4. Paired t-test. Outliers included. 

 Unenhanced Enhanced 

Medelvärde 1,968541667 1,20625 

Observations 48 

t-value 2,058457484 

P(T<=t) twotailed 0,045113732 

t-critical 2,011740514 

Mean difference 0,7 dB 

 

The histogram in Figure 10 shows the spread of the data gathered from the written surveys dealing with 

perceived difficulty in mixing the different versions of the stimuli. The results are summarized for all 

tracks. A t-test was conducted on these results as well, but here no significance was found. While the 

results seem to lean towards the enhanced version being perceived as easier, in fact the t-value was very 

low at only 0,23 where the t-critical was 2,01. 
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Figure 10. Survey data histogram. 

Table 5. Paired t-test. Survey results 

 Enhanced Unenhanced 

Mean 0,52083333 0,479166667 

Observations 48 

t-value 0,2301904 

p(twotailed) 0,81894283 

t-critical  2,0117405 

 

The time taken for each test was measured and compared. The average time for the enhanced versions 

of the stimuli was 50 seconds while the unenhanced had an average of 52 seconds. A paired t-test showed 

a t-value of 0,893. Since the t-critical was 2,011, no further analysis was done on that data. It is worth 

mentioning that time ran out on one track for one of the test subjects, however, the subject was satisfied 

with the end result and the result was therefore included. 

Summarized interview analysis. 

Here A refers to the enhanced version of the stimuli, while B refers to the unenhanced. Table 6 below 

shows the summarized results based on the method described earlier in this paper. The number column 

indicates the number of occurrences. Where more than one attribute is combined in the same box, this 

came from the same subject while explaining the same concept. Linear/Predictable was said regarding 

the bass responding in the way the test subject expected it to when increasing the gain. The amplitude 

gain felt more linear, while the opposing non-linear/unnatural example describes how the gain was not 

responding in that same manner on the unenhanced example. While positive and negative quotes are 

somewhat equally divided between the enhanced and unenhanced versions of the stimuli, a pattern can 

be seen in the wordings used. While the unenhanced version is praised for not being as obtrusive and 

being less muddy, the enhanced version is being praised for having the correct bass content and being 

more pleasant. The full interview data can be found in Table 7 in the appendix. 
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Table 6. Summarized interview data. 

A: How it sounded    B: How it sounded    

Positive # Negative # Positive #  Negative # 

More pleasant 1 Unclear 1 Punch 1 Unclear 1 

Audible sub 2 Thicker 1 Distinct 1 Empty 1 

Correct bass content 1   Clarity 1 muddy 1 

Clarity 3   Audible sub 1   

    Less obtrusive 1   

    Less muddy 1   

        

A: To work with    B: To work with    

Positive # Negative # Positive # Negative # 

Easier to find/position 1 n/a   better response 1 Non-linear/Unnatural 1 

Linear/Predictable 1   Easily placed 1   
 

Further interview analysis 

Additionally most interview subjects gave answers that related to the general task of mixing bass on 

headphones or answers that could not safely be tied to one or the other of the versions. These answers 

were documented separately in Table 8 as they were found to hold information that was still relevant to 

the experiment.  

Several test subjects expressed how they listened for other things than the bass in order to find the bass 

on headphones. For example, listening to how the other elements in the mix react. If something else gets 

muddy or masked when the bass is increased. Half the subjects mentioned listening for the groove. How 

the rhythm of the track varied when the bass was increased or lowered in order to find a suitable level. 

Five of the subjects expressed having difficulties with this due to the intensity of some tracks. Eight of 

the test subjects found that the order in which the stimuli were presented had a big impact on how 

difficult it was. This due to the learning period needed for each track before they found a reference point 

of what to listen for. Once that was found, the second version presented was claimed to be easier. Four 

of the test subjects expressed finding track number two to be extra difficult. That particular track has a 

bassline that plays far deeper in frequency than the other tracks, which should according to the theories 

presented in the introduction, make it exceptionally difficult for headphones to reproduce correctly. A 

few of the test subjects mentioned either how low frequency elements are difficult or how they felt they 

did not have access to the full spectrum that they needed for the task. In many cases the test subjects 

expressed how the unenhanced versions of the stimuli were easier to hear and mix, but showed results 

where they had set the unenhanced version at a stronger or much stronger gain than the enhanced 

version. One test subject expressed how the different versions of the tracks played different roles due to 

the difference in how they behaved. For example if one version had more low-end content in the kick, 

this would make it a bas element. But when lacking the low frequency content, it would become a 

percussive element and would then be balanced differently to fit that role. In several cases, subjects 

claimed the unenhanced B version to be easier to hear properly, while balancing the B version louder or 

even much louder than the A version. 
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Discussion 
As shown in the results and analysis, these measurements show a significant difference in how strongly 

people mix bass on headphones when using a bass enhancement algorithm for the monitoring. It can 

therefore be assumed that the enhanced version was more audible. The lower frequencies were more 

easily heard by the test subjects and as a result were adjusted lower than the unenhanced counterparts. 

The unenhanced versions were not heard as clearly on the same level and was therefore adjusted to a 

stronger amplitude, resulting in a more bass heavy mix. It is also interesting to note that once gained to 

a comfortable level, the resulting sound is often described differently. Even though the enhanced version 

was described as for example muddy, this does not mean that the unenhanced and less muddy version 

is the correct one. Rather it would be assumed that the muddiness derives from frequencies that were 

otherwise not heard on headphones and therefor can’t be taken into account when balancing the mix. 

This would result in an incorrectly balanced mix since the decisions are not based on all the relevant 

information.  

But while there is a conclusive difference in how the test subjects balanced the mix, there is no 

conclusive evidence from the surveys or interviews to show that the test subjects perceived a difference 

in difficulty. This is in agreement with the presented hypothesis. It is naturally not easy to know when 

you are not hearing something. So when the frequency range is not heard, the test subject will try to find 

a satisfying mix with what they can hear rather than by guessing about what they cannot hear. This 

would lead to the kind of results found here. In fact one of the subjects expressed how the B version – 

The unenhanced version - of the stimuli was easier to hear properly, however that subject had mixed the 

B track far louder than the A track. This shows how the bass enhancement helped the test subject reach 

a more appropriate balance than he would have achieved without it, as the B version of the mix would 

have been unpleasantly strong in the lower frequency range on loudspeakers.  

It is also interesting to note that track number 2 was found to be extra difficult by several of the test 

subjects. One reason for this could be that this track in particular has the main bas content between 20 

and 30 Hz, while the other tracks have their primary bass content in the 50-60 Hz range. This limitation 

could be an interesting factor to research further, to see if the deeper frequency range can be managed 

with a different configuration of the algorithm, or if there is a limit to how much this can be helped. 

As previously mentioned, the stimuli were chosen based on the problems they would bring. Two of the 

stimuli were chosen from a genre with more intensity and activity in the mid-range frequencies where 

the bass enhancement would recreate the bass overtones. As expected, several test subjects noted 

difficulties in finding the correct level due to masking and the intensity or clutter in the frequencies they 

were listening for. Possibly this could be helped by finding a better setting for the bass enhancement 

plugin for these kind of tracks. Here is another possible point for further research. Can the results be 

improved by genre specific presets for the enhancement? 

Overall the results was a louder bass than the original mix both with and without the bass enhancement. 

While the original mix should not be seen as the one correct answer, it does present a strong reference 

point in that it is a professionally produced mix, balanced to this amplitude by professionals on high 

quality monitors. This further shows that the bass enhancement algorithm brings the results closer to 

this reference point, when compared to the results of the unenhanced headphone monitoring. 

However, while the bass enhancement helps, there is still information lacking compared to monitoring 

on loudspeakers. To explore this further, a different experiment would be needed, comparing mixing on 

monitors to mixing on headphones with the bass enhancement algorithm. It could also be of interest to 

explore other bass enhancement algorithms and plugins or different settings in the same plugin to find 
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a better representation of the lower frequencies. This is further implied by the many subjects who 

described how they didn’t feel they had access to the full spectrum when monitoring on headphones. 

Critique of the methodology 

The interview could have been structured better in order to get more usable data. While a semi structured 

interview is considered good practice to not steer the interview subject too much, in this case it could 

have been beneficial to direct the interview a bit more after the initial open questions in order to tie in 

the data to the A and B versions of the stimuli. With the current results, there was a lot of data that could 

not be reliably directed towards the enhanced or unenhanced version of the stimuli, but instead ended 

up as more general information. Possibly this could have been handled better by the interviewer with 

better follow up questions. 

The fact that time was a factor in the test could have been more clearly explained to the test subjects. 

Having this more clearly stated might have given a different result for that data. This is a problematic 

factor though, as putting more pressure on the test subjects performing the test fast might have side 

effects on the other results. It is therefore difficult to know if this was the right decision or not. 

For the pre study it could be argued that the variation of stimuli should have been more representative 

of the stimuli used in the primary experiment. The tracks used were of the same genres, but a different 

result might have been achieved had a track with more problematic mid rage been included. This could 

be argued to go beyond the scope of this study though, but it is something that would be important to 

deal with in further research if looking into the differences in behavior for different genres and tracks 

with different frequency content. 

Future research 

Considering the feedback regarding track number 2, It would be of interest to research further if the 

deeper frequency range can be managed with a different configuration of the algorithm, or if there is a 

limit to how much this can be helped. 

It would also be relevant to research if a different configuration of the plugin would help counter the 

masking issues found in the more busy tracks. Can the results be improved by more genre specific 

configurations?  

Also as previously mentioned, it would be relevant to further explore how monitoring on headphones  

with the bass enhancement algorithm compares to monitoring on loudspeakers. This would give further 

insights into how reliable the method really is. 

And lastly, further research should be put into different enhancement algorithms, different plugins, 

different settings within the same plugins and possibly even hardware bass enhancers to find the best 

possible configuration for the task. 
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Conclusions 
To answer the research question. How do bass enhancement algorithms impact mixing decisions when 

monitoring on headphones? Is there a possible benefit to using bass enhancement in this way? Yes. This 

research shows that there is a benefit to using bass enhancement algorithms in this way. While not fully 

compensating for the problems with monitoring bass frequencies on headphones, it does appear that the 

bass enhancement helps alleviate some of the issues. It helps with hearing more of the low frequency 

content that would otherwise not be audible when monitoring on headphones. This is shown both by the 

test results and by some of the qualitative data gathered from the interviews, where subjects expressed 

how they could hear more sub bass or how the frequency content was more correctly represented. 
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Apendix: 

FFT’s of the stimuli: 

These represent the original mix as supplied by the artists. 

 

Figure 11. Pre study track1. FFT 

 

Figure 12. Pre study track 2. FFT. 
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Figure 13. Training track. FFT. 

 

Figure 14. Track 1. Platå - Mattias Engvall. FFT. 
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Figure 15. track 2. Dub On Arival - Andreas tilliander. FFT. 

 

Figure 16. Track 3. Look Upwards - Ekoteknik (Mattias Engvall) FFT. 
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Figure 17. track 4. Onytta - Mattias Engvall. FFT. 

Spectrograms of the stimuli. 

based on the original mix as supplied by the artists.  

 

Figure 18. Stimuli 1: Platå - Mattias Engvall 
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Figure 19. Stimuli 2: Dub On Arival - Andreas tilliander 

 

Figure 20. Stimuli 3: Look Upwards - Ekoteknik (Mattias Engvall) 

 

Figure 21. Stimuli 4: Onytta - Mattias Engvall. 
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Interview results. Not translated. 
Table 7. Interview results. Pre translation. *n/a indicates no data directly tied to A or B could be derived. 

Subject: Quote p/n Type  Summary per subj. p/n Type 

1 B mer punch i kicken pos hur det lät   B: Punch pos hur det lät 

 

3A: Svårt att höra. 
smälte in i andra ljud. 
mycket ambiens. neg hur det lät   A: Otydlig neg hur det lät 

 3B: Distinktare pos hur det lät   B: Distinkt pos hur det lät 
        

2 B: Tydlig low end pos hur det lät   B: Tydigare pos hur det lät 

 A: skönare sound pos hur det lät   A: Tjockare/Otydligare neg hur det lät 

 A: Tjockare neg hur det lät   A: Skönare sound pos hur det lät 

 a: Otydligare   hur det lät      
        

3 
A: Djupare sub som 
är lättare att hitta pos 

beteende/att 
göra   A: mer hörbar sub pos hur det lät 

 

B: "Någon form av 
tydlighet som inte 
kommer fram" neg hur det lät   

A: Lättare att hitta (pga 
tydligare sub) pos 

att jobba 
med 

 A: Mer subbigt pos hur det lät   B: otydlig neg hur det lät 

 B: Mer subbigt pos hur det lät   B: mer hörbar sub pos hur det lät 
        

4 B: Bättre respons pos 
beteende/att 
göra   B: bättre respons pos 

att jobba 
med 

 

A: Lättare att höra 
subben pos hur det lät   A: mer hörbar sub pos hur det lät 

        

5 A: Rätt basinnehåll pos hur det lät   A: rätt basinnehåll pos hur det lät 

 B: mer tom neg hur det lät   B: Tom neg hur det lät 

        

6 
B: inte lika 
påträngande pos hur det lät   B: Mindre påträngande pos hur det lät 

        

7 B: Muddigt neg hur detlät   B: muddigt neg hur det lät 

 A: tydlighet pos hur detlät   A: tydlighet pos hur det lät 
        

8 B: Olinjärt neg 
beteende/att 
göra   B: olinjärt/Onaturligt neg 

att jobba 
med 

 B: lite som ett fasfel neg hur det lät   A: linjärt/Förutsägbart pos 
att jobba 
med 

 A: linjärt Pos 
beteende/att 
göra         

 B: onaturligt neg hur det lät         

 

A: förutsägbar. 
betedde sig som 
förväntat pos 

beteende/att 
göra         

 

B: krävde annat 
tänkande pga hur det 
lät. började maska neg 

beteende/att 
göra         

        

9 B: inte lika grötig pos hur det lät   B: mindre grötigt pos hur det lät 

 B: lättare att placera pos 
beteende/att 
göra   

B: lättare placera (pga 
tydlighet) pos 

att jobba 
med 
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10 n/a*       
        

11 
A hörde allt lite 
tydligare pos hur det lät   A: Tydligare pos hur det lät 

        

12 A: lite tydligar pos hur det lät         

         A: Tydligare pos hur det lät 

 

Table 8. Interview data, not directly tied to A or B. Pre translation. 

Generella utlåtanden och reflektioner: Antal förekomst 

    

Inte tillgång till det registret (i lyssningen) 1 

Lyssnade efter förändringar i mellanregistret 1 

Turordningen spelar roll 8 

Lyssnar efter ”Ompfet” 1 

Arrets intensitet/rörighet försvårar 5 

Särskilt svårt Basgången. 4 

”Känner när man sätts i gung” 1 

Kicken tunn/klickig 1 

Lyssnar efter det övriga arret/rytmiken 6 

Svårt med lurar man inte är van vid 1 

Det man trodde skulle hnda, hände inte riktigt 1 

Svårt med lågfrekventa element 1 

upplevde ingen skillnad 2 

Lättare med basgången 1 

 

Table 9. Paired T test results for average time taken per test. 

 Enhanced Unenhanced 

Mean 50,10416667 51,89583333 

Observations 48 

t-value -0,8939572 

p(twotailed) 0,375899805 

t-critical  2,01174051 
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The survey form 

 

Figure 22. The survey 
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The written instructions for the test leader 

 

Figure 23. The written test instructions. Not translated. 
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Scematics of room used for pre-study  

 

Figure 24. The studio used for the pre study. 


