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ABSTRACT 
The notion that compressed music performs more effectively in automobiles as a consequence of the background 
noise present has been widely accepted, and particularly relevant to classical music that traditionally 
encompasses a very large dynamic range. The environmental noise can act as a masking agent that can interrupt 
the listening experience when sections of the music fall below the noise level. Similarly, it has been assumed that 
the hyper-compression of contemporary popular music fulfills a similar function when using ear bud headphones 
in noisy environments. This study examines this assumption and can find no evidence to support the practice. It 
is suggested that contemporary music most likely does not have a sufficiently large enough dynamic range 
regardless to support its use in this instance. 

1 Introduction 
The use of hyper-compression is a “prevailing 
expectation within the creative system of music 
production, sustaining a myth that has been 
developing since the mid-twentieth century as a 
consequence of the ‘louder is better’ paradigm” [1]. 
With the introduction of digital look-ahead limiters 
in the 90s, practitioners were presented with the 
capability of increasing RMS levels of music to the 
upper-most limits of digital storage and 
reproduction. Hyper-compression is a term that 
represents an extreme variant of dynamic range 
reduction (DRC), specific to outcomes presented by 
the type of limiter mentioned; “a process which 
maps the dynamic range of an audio signal to a 
smaller range” [2]  

In turn, this process results in a dramatic increase in 
perceived loudness when music is reproduced in 
comparison to other non-compressed examples. It is 

well documented that perceived loudness is a key 
factor in regards to listener preference in that, “if 
you play the same piece of music at two different 
volumes and ask people which sounds better, they 
will almost always choose the louder” [3]. It has 
been argued that this predilection for louder has 
been the driving force behind the use of hyper-
compression, although there are most likely many 
other factors at play. These considerations have led 
artists and music companies to actively seek 
increases in recording levels, such that their product 
was relatively ‘louder’ than its competitors.  

Within the creative system of music production, the 
continued use of hyper-compression by audio 
practitioners should suggest that there are defensible 
aesthetic or scientific justifications for employing 
hyper-compression. However, as Vickers asserts, 
“the topic is awash in speculation, conjecture and 
unstated assumptions” and that many of these 
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assumptions are “a rather slippery subject in 
between art and science” [3]. One such assumption 
is that hyper-compression is advantageous to the 
listening experience when listening to music via ear 
bud headphones when excessive environmental 
noise is present. The introduction of personal media 
players (PMDs) such as the Apple iPod have 
“reconfigured and recontextualised” music away 
from the physical artefact to the virtual and “moved 
it out across the spaces of everyday life, a process 
that transcends boundaries between public and 
private zones” [4]. PMDs have moved the listening 
experience away from the home to noisy 
environments; for example, the one experienced 
when travelling on public transport. It is assumed 
that environmental noise acts as a masking agent 
that can interrupt the listening experience when 
sections of the music fall below the noise level 
[4][5][6]. Therefore, hyper-compressed music, with 
its constant level, would seemingly reduce the 
effects of this problem. This would be in-line with 
arguments posed previously that compressed music 
works more effectively in automobiles as has been 
considered the case with very dynamic music genres 
such as classical [7]. This of course has led classical 
FM radio stations to implement compression on the 
program output, especially during ‘drive time’ hours 
of the day.  However, can the same argument be 
levelled at contemporary music genres that exhibit 
much less dynamic variance to start with before they 
are hyper-compressed? 
 
This study attempts to address the assumption that 
hyper-compressed music is advantageous to the 
listening experience when environmental noise is 
present whilst listening via ear buds. It is specific in 
its targeted approach by asking subjects to compare 
music stimuli of five differing genres (pop, rock, 
dance, acoustic and classical) that have no dynamic 
range reduction, to that which is hyper-compressed 
(similarly to most commercial music) when typical 
environmental noise is present. Subjects were 
presented with a pairwise forced-choice comparison 
of the stimuli via an Apple iPod and ‘ear bud’ 
headphones. The subjects were then asked to 
indicate their preference. For four of the five genres 
tested, stimuli were sourced from un-compressed 
multi-track masters. The classical stimulus was 
processed as a pre-mixed stereo recording. In 

addition, the music stimuli were loudness 
normalised after the hyper-compression process, so 
that preference choices observed between musical 
programs would not depend on loudness differences 
between stimuli. Of particular interest was whether 
choices would differ between genre and other 
demographic considerations. 

2 Method – Music Stimuli Generation 
and preparation 

2.1 Selection Criteria of Musical Stimuli 

Five musical pieces representing five genres where 
chosen: pop, rock, dance, acoustic and classical. 
Classical was included as a ‘control’ stimulus. A 
specific piece of classical music was chosen that 
displayed a very wide dynamic range from very 
soft to very loud and it was assumed that the 
hyper-compressed version would be chosen as the 
compression would make the quiet section more 
intelligible and favourable to the listener. The other 
genres were chosen as typical examples of 
contemporary music with dynamic ranges typical 
of each genre. The song titles and performers are as 
follows:  
 

• Pop: Shadows Always Waiting (Part 1) by 
Black Dove 

• Dance: Keep It Natural by Cosima De Vito 
(Taylor Square remix). 

• Rock: You’re Just Too Young For Me by 
Celebrity Drug Disasters. 

• Acoustic: By Your Side by Jimmy Somerville. 
• Classical: The Lark Ascending by Vaughn 

Williams. Conducted by Neville Marriner. 
 
Criteria for the selection of the music stimuli was 
established regarding instrumentation, tempo and 
compositional structure typical of each genre. The 
criteria for each genre is as follows: 
 
Rock: Live drums, electric bass, electric guitar, slide 
guitar, acoustic guitar, lead vocal and multi-layered 
backing vocals. A tempo of 120 BPM (beats per 
minute). 
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Dance: Sampled electronic drums, synth bass, 
synthesisers, sound FX, lead vocal and multi-layered 
backing vocals. A tempo of 128 BPM. 
 
Pop: A mixture of electronic and live sampled 
drums, synth bass, electric guitar, electric piano, 
sampled strings, synthesisers, lead vocal and multi-
layered backing vocals. A tempo of 105 BPM. 
 
Acoustic: Acoustic piano, acoustic guitar and 
singular lead vocal. A tempo of approximately 90 
BPM. 
 
Classical: Violins, violas, cellos, basses (stringed 
orchestra) and violin soloist. No vocal present. A 
tempo of  ‘allegro molto’ (lively and moderate). 

2.2 Equipment 

The musical stimuli were processed using the audio 
system described below: 

• Logic Audio (9.1.8).  
• Apple MacPro 2.4 GHz dual quad-core 

computer.   
• MOTU 1296 audio interface.  
• Apogee Mini-DAC converter.  
• Genelec 1031A powered loudspeakers.  
• Plug-ins supplied within Logic Audio and 

various Waves plug-ins included in the 
‘Mercury’ pack.  

2.3 Processing of Stimuli 

Multi-track masters were sourced and mixed to 
approximately the same mix bus output level with 
no mix bus processing (mastering) present. The 
exception was the classical recording as no mix bus 
processing was present. The recordings were edited 
to segments with a length of between 19 and 31 
seconds, representing the dominant musical theme of 
the composition, such as the chorus or main melody. 
Typical processing of individual elements was 
performed during the mixing including: 
equalization, compression, reverb and delay. All mix 
masters were then peak normalized to 0dBFS. The 
five musical stimuli were further processed 
(‘mastered’) using plug-ins supplied for this specific 
purpose in the Logic Audio software package; 
‘Multipressor’ (multi-band compressor) and 
‘Adaptive Limiter’ (look-ahead brick-wall limiter). 

The aim was to represent a typical mastering 
strategy that could establish a reduction in dynamic 
range representative of the process know as ‘hyper-
compression’. Multi-band compression was applied 
first and then limiting, as is the normal practice in 
mastering. The parameters for ‘Multipressor’ are 
based on a pre-set supplied called ‘Linear medium 
MP’ designated for this type of processing 
(Appendix A). The parameters for ‘Adaptive 
Limiter’ were developed from initialised settings to 
achieve results common of heavy ‘brick-wall’ 
limiting (Appendix B and C). The final ‘Gain’ level 
of 10 dB achieved the target amount of hyper-
compression that, to a trained ear, was noticeably 
distorted and comparable to the type of extreme 
hyper-compression that has been criticised in 
[3][8][9][10][11]. The processing was repeated for 
all five musical excerpts resulting in a total of 10 
stimuli; 5 uncompressed and 5 hyper-compressed. 

2.4 Loudness Normalisation of Stimuli 

As the compression magnitude is increased, so does 
the RMS of the signal (by as much as 6 dB), causing 
an increase in perceived loudness. It was planned for 
pair-wise comparisons of each of five musical 
programs, specifically in terms of whether the 
hyper-compression was favourable to the listening 
experience. Therefore, it was important for these 
different versions to be very similar in perceived 
loudness. Otherwise, preferences could be 
prejudiced toward the auditory attributes associated 
with loudness and not the perceptual cues associated 
with compression. Accordingly, all stimuli were 
loudness normalised using an EBU R128 compliant 
loudness meter; The NuGen Audio VisLM-H 
loudness meter, to the target Loudness Unit Full 
Scale (LUFS) level of -23 LUFS with an accepted 
tolerance of ±1 LUFS [12].  

3 Method – experiment preparation 
Since the aim of the experiment was to determine 
whether hyper-compression is advantageous when 
listening to music through ear bud headphones when 
environmental noise is present, careful consideration 
was placed on experimental procedure. It was 
thought that, if the listening task were to be 
conducted in an actual noisy environment, recreating 
exactly the same Sound Pressure Level (SPL) of 
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environmental noise present for each subject would 
be extremely problematic due to the possibility of 
constantly changing conditions. In addition, the 
potential for variation in the way ear buds would be 
positioned in the pinnae of subjects due to varying 
pinnae size, would also affect the amount of spectral 
attenuation of the environmental noise due to 
shadowing effect of the ear buds themselves. It was 
therefore decided that the listening task should be 
conducted in a controlled environment with a 
consistent environmental noise included within the 
program. This would ensure a constant relationship 
between program music and environmental noise. 

3.1 Recording of Environmental noise 

An ambisonic recording was conducted at the 
Student Union cafeteria of the University of Sydney 
during a lunchtime period at approximately 1:30pm. 
The number of students present was approximately 
200-250. Due to the nature of this large indoor 
environment having no apparent acoustic treatment, 
the ambience could be considered quite loud and 
diffuse. An SPL measurement reading of 78dBA 
was recorded using a calibrated Bruel and Kjaer 
model 2250 sound level meter. The recording was 
implemented using a Soundfield Mark V C492 
microphone and Sound Devices four-track hard disc 
recorder, model 744T. The microphone was placed 
roughly in the centre of the room and the ambience 
recorded for approximately 10 minutes. The four 
channel interleaved wave file was imported into 
Logic Audio (audio system outlined in 2.2) and 
edited to a length of 5 minutes, excluding extraneous 
noises such as wind coming through the automatic 
doors, or the microphone being bumped by passing 
students. 

3.2 Reference Levels and Calibration of 
Stimuli 

It was necessary to calibrate the level of the musical 
stimuli in relationship to the environmental noise to 
create an accurate and realistic listening experience. 
In addition, the iPod’s output and the overall SPL 
experienced by the subjects required precise 
calibration. 

3.2.1 Transfer Function of Ear Bud 
Shadowing 

To present the environmental noise within the 
program itself, it was first necessary to measure the 
amount of frequency specific attenuation the ear 
buds would cause when placed in the pinnae 
(shadowing)(Figure 1).  
 

 

Figure 1: The ear buds, when placed in the pinnae, 
create a shadowing effect that alters the spectral 

properties of the environmental noise when entering 
the ear canal externally. To recreate the effect of the 

environmental noise within an audio program 
delivered by the ear buds, this transfer function must 

be taken into consideration.  

White broadband noise was produced via a 
loudspeaker system consisting of a Lab Gruppen C 
Series C48:8 amplifier, Dolby Lake Processor 
LP4D12 and a Turbosound TA-500 loudspeaker in 
the reverberant chamber of the Acoustics Laboratory 
of the University of Sydney. This white noise was 
recorded using a Bruel and Kjaer Head and Torso 
Simulator (HATS) 4128C, RME ADI-8QS converter, 
with Adobe Audition Version 3 running on a custom 
built Windows 7 Enterprise x64 computer at three 
different locations within the room. At each of the 
three locations, recordings were made with the 
Apple ear bud headphones placed in the ears of the 
HATS and then without them. A Fast Fourier 
Transform (FFT) of the recording with no ear buds 
was subtracted from an FFT of the recording with 
ear bud, and the mean of the three different locations 
calculated. A filter was devised from this process 
with the response illustrated in Figure 2. 
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Figure 2:The filter response of the Apple ear bud 
headphone transfer function when place in the 
pinnae of the Bruel and Kjaer, Head & Torso 
Simulator (HATS). Note the 6 dB reduction at 

approximately 3.8 kHz in the area where hearing is 
arguably most sensitive. 

3.2.2 Binaural Processing of Environmental 
Noise 

The ambisonic recording of the environmental noise 
was processed to a binaural format in a two-step 
process. The first step of the process involved beam 
forming to several directions on a sphere. The 
resulting beam formed signals were convolved with 
HRIRs (Head Related Impulse Responses) obtained 
from the measurements of a head and torso 
simulator (HATS) [13]. The resulting two channel 
(binaural) sound file was then filtered using the filter 
derived from the transfer function of the ear bud 
shadowing as shown in Figure 2. 

3.2.3 Level Calibration of Stimuli Relative to 
iPod Output 

To create a realistic simulation of someone listening 
to music in a noisy environment, it was at first 
necessary to achieve a level balance between the 
music stimuli and environmental noise at the ears. 
This required to calibrate the output level of the iPod 
and match the level of the musical stimuli to typical 
listening levels and the level of background noise to 
the levels described in section 3.1.  
 
Recordings of calibration tones with a known 
reference were made for both ears of the HATS. To 
measure the output level of the Apple iPod, a 1kHz 
tone at -12dBFS as a 16bit, 44.1kHz wave file (iPod 
reference tone), was transferred to the iPod shuffle 
and played with the volume control raised to the 
maximum level. The output of the ear buds was 
recorded in situ via the HATS (Figure 2). The 
resulting measurements at the HATS ears provided 

the offset required to relate the iPod playback level 
to a SPL at the HATS ears. All the stimuli were 
adjusted according to this offset to produce the 
required level at the ears when the iPod volume 
control is at maximum level.  
The environmental noise was calibrated to 78dB as 
per the sound level measurement of the environment 
where the recording was made. The level of the 
musical stimuli was calibrated to 85dB, a level that 
is considered to be within the ‘medium/comfortable’ 
listening range [14]. 

3.3 Construction of Audio Program for 
Listening Task 

The stimuli were presented to the subjects as a pre-
produced audio program. This ensured that the 
subjects listening times were kept constant. Verbal 
instructions on how to proceed with the listening 
task, the musical stimuli, the environmental noise 
and additional verbal prompts were arranged in an 
audio program with a length of approximately 25 
minutes. A more detailed explanation of how this 
program was arranged is provided in (4). 
 
The vocal prompts were scripted in a Word 
document and then transferred to audible speech 
(audio file) via the Apple ‘Text to Speech’ function; 
alleviating the need to record a voice-over. The 
audio program was compiled using a DAW (Logic 
Audio) at 44.1kHz, 16bit and then encoded to MP3 
(250 kbps). This was to recreate any quality loss due 
to ‘lossy’ data compression; a typical format that 
music is presented on a personal media player. The 
completed audio program was then transferred to an 
iPod shuffle for the listening task. 

4 Method – Listener Preference Task 
The A-B (pairwise) forced choice listening task took 
place in the control room of the audio studio at the 
University of Sydney, providing an environment 
with some degree of acoustic isolation to avoid the 
introduction of any added unwanted extraneous 
environmental noise that might affect the results. 
The subjects were presented with the pre-produced 
MP3 audio program contained within an iPod 
shuffle. This included detailed verbal instructions on 
the listening task, prompts as to when stimuli were 
about to commence, which version of stimuli they 
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were about to listen to whether it be version A or B, 
and when to enter a response. Subjects were 
prompted to record their preference within a given 
time frame of 10 s. The verbal prompts and musical 
stimuli were arranged in an appropriate order with 
suitable temporal spacing. The environmental noise 
played continuously throughout the program, 
commencing after the initial instructions. The music 
stimuli from the five different musical genres 
included four repetitions of each genre to estimate 
choice proportions, therefore the listening task 
consisted of a total of 20 pairwise presentations. 
These repetitions included an equal number of either 
order, i.e. commencing with either the unprocessed 
or processed versions first. The overall order of the 
pairs was semi random, in that no similar pair or 
genre type was presented consecutively to provide a 
greater indication that subjects were indeed able to 
discriminate between stimuli pairs and make a 
meaningful response, or not.  
 
Subjects were asked to record their preference on a 
written questionnaire for either A or B versions of 
the paired musical stimuli. The subjects were not 
informed that one of the stimuli was hyper-
compressed or that there was any specific difference 
between versions. They were however, given 
specific descriptive terms to guide them in their 
decision making; which version is more favourable 
to listen to, provides greater detail and more clear 
and intelligible. They were also asked to consider 
the genre of music and to consider which version 
sounded more appropriate in this sense. Subjects 
were finally assured that there was no right or wrong 
answer in the listening task, but that their own 
preference was in fact the ‘correct’ decision.  

4.1 Equipment 

An MP3 (250 kbps) audio file was reproduced via an 
Apple iPod Shuffle with standard Apple ‘ear bud’ 
headphones. 

4.2 Subjects 

The 30 subjects who participated were separated into 
groups according to three main demographic criteria: 
gender (25 male to 5 female), musical training (20 
trained to 10 untrained listeners) and age (which 
ranged from 25 to 68 years of age). Subjects were 

screened informally for any obvious hearing 
impairment. Trained subjects were those considered 
to either have professional experience in audio 
production or extensive musical training. Untrained 
subjects had neither of the above. 

5 Results and analysis 
The analysis was carried out using IBM SPSS 
Statistical software, supervised by the University of 
Newcastle Statistical Services. Frequency of choices 
between non-compressed and hyper-compressed 
stimuli was 48.3% to 51.7% respectively, initially 
indicating that preferences were random and no 
consensus could be reached. Choice proportions, 
genre and demographic groups were further 
analysed. 

5.1 Choices as a Function of Proportions 

Each pairwise comparison was repeated four times 
with equal number order to assist in determining 
whether subjects could discriminate between stimuli 
and make meaningful responses. The assumptions of 
a Pearson Chi Square test were met: a value of 2.59; 
degrees of freedom = 3; P = 0.459. This rejects H0 
that subjects were able to discriminate between 
stimuli and/or prefer hyper-compressed music. 

5.2 Choices as a Function of Genre 

Five musical genres were presented to subjects. The 
assumptions of a Pearson Chi Square test were met: 
a value of 3.804; degrees of freedom = 4; P = 0.433. 
This rejects H0 that musical genre would have an 
influence on preferences. 

5.3 Choices as a function of Gender 

25 male and 5 female subjects participated. The 
assumptions of a Pearson Chi Square test were met: 
a value of .342; degrees of freedom = 1; P = 0.599. 
This rejects H0 that gender would have an influence 
on preferences. 

5.4 Choices as a Function of Training 

20 trained and 10 un-trained subjects participated. 
The assumptions of a Pearson Chi Square test were 
met: a value of .013; degrees of freedom = 1; P = 
0.908. This rejects H0 that training would have an 
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influence on preferences. 

5.5 Choices as a Function of Age 

15 subjects aged 18-30 and 15 subjects aged 31 - 68 
participated. The assumptions of a Pearson Chi 
Square test were met: a value of .00; degrees of 
freedom = 1; P = 1. This rejects H0 that age would 
have an influence on preferences. 

6 Conclusion and Discussion 
The aim of this study was to address the assumption 
that hyper-compression is advantageous to the 
listening experience when environmental noise is 
present whilst listening via ear buds. It has been 
assumed that environmental noise acts as a masking 
agent that could interrupt the listening experience 
when sections of the music fall below the noise 
level. Therefore, hyper-compressed music, with its 
constant level, has been suggested to be beneficial in 
this instance. The study required subjects to compare 
music stimuli of five differing genres (pop, rock, 
dance, acoustic and classical) that have no dynamic 
range reduction, to that which is hyper-compressed 
(similarly to most commercial music) when 
environmental noise is present. Subjects were 
presented with a pairwise forced-choice comparison 
of the stimuli via an Apple iPod and ‘ear bud’ 
headphones. The subjects were then asked to 
indicate their preference for one of the two stimuli 
presented. The music stimuli were loudness 
normalised after the hyper-compression process, so 
preference choices between musical programs would 
not be dependent on loudness differences between 
stimuli.  
 
The experimental results as indicated in (5) suggest 
that the preference responses from the 30 subjects 
were random and that there was no consensus for 
either un-compressed or hyper-compressed music. 
The choice proportions, which should be an 
indicator of the subject’s ability to discriminate 
between the perceived dynamic range of the stimuli 
pairs, were evenly distributed suggesting that the 
subjects were guessing. Genre is another important 
factor to consider. The genre classical was included 
as a control variable due to its inherently larger 
variance in dynamic range. It was considered that it 
should be relatively easy for subjects to discriminate 

between stimuli and, if hyper-compression was 
indeed beneficial to the listening experience, 
subjects would have formed some kind of 
consensus. However, this was not the case as that 
genre scored no better or worse than any other. In 
fact, preferences for all the five genres were evenly 
distributed. Furthermore, within the three 
demographic groups (training, age and gender), 
‘trained’ listeners, which included experienced audio 
engineers, did not perform any better that the un-
trained listeners. Preferences again were evenly 
distributed similarly to age and gender. 
 
It is therefore suggested that, within the scope of this 
study, hyper-compression may have no apparent 
benefit to the listening experience under these 
circumstances. As a point of difference to other 
preference tests concerning hyper-compression 
[1][15][16][17], this study focuses on how the form 
serves the function; how music functions within a 
specific environmental condition with the inclusion 
of hyper-compression. As such, aesthetic concerns 
that have been widely reported as being dominant 
factors within the loudness wars’ ongoing debate [3] 
are of far less consequence to the assumed utilitarian 
benefit that hyper-compression may present in this 
instance. There are, however, several factors that 
should be taken into consideration, common to many 
of the studies aforementioned. Ronan et al. assert 
that the “program material is known to have a 
dramatic effect on the outcome of an experiment” 
and when the “perceptual differences are unknown, 
as is the case with hyper-compression, the goal is 
impossible to achieve with any degree of certainty” 
[18]. Their research is possibly the first to address 
this inadequacy “given the multi-dimensionality of 
music material”. This may go a long way to explain 
why studies performed have been largely unable to 
make a meaningful correlation between listener 
expectations and complaints widely made of the 
practice. The authors are under no pretext that the 
choice of musical stimuli used (and duration) in this 
study were chosen from a broad sample and 
therefore, far from ideal. Furthermore, four of the 
five musical genres (excluding classical) contained 
passages that exhibited “perceptual stationarity” in 
that there were no transitions between verses and 
choruses (or quieter sections). Considering that it 
was assumed that hyper-compression aids the 
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listening experience when musical sections fall 
beneath the level of the masking agent, the macro-
dynamic nature of a program music may be of 
greater concern rather than the micro-dynamic. 
Furthermore, only one background noise level was 
used. Follow up studies could include variation in 
the levels between music and background noise. 
 
The perception of dynamic range concerning micro-
dynamics has been the subject of ongoing research. 
Hjortkjær et al. in their study assert that “listeners 
were not sensitive to differences in dynamic range 
compression with respect to either the subjective 
preference or perceived depth” and that their data 
“suggest[s] that listeners are less sensitive to even 
high levels of compression than commonly claimed” 
[15]. They also state to have used stimuli of 15s 
duration which would suggest that the study 
concentrated on micro-dynamics, as the “use of 
short samples shifts the focus to evaluating micro-
dynamics rather than macro-dynamics” [18]. With 
this in mind, and coupled with the inclusion of a 
strong masking agent such as environmental noise, it 
is more than likely that the perception of micro-
dynamics was further hindered making it less likely 
for subjects to discriminate between non-compressed 
and hyper-compressed stimuli. The use of longer 
program material containing exaggerated macro-
dynamic elements may be an appropriate 
consideration for further research into this specific 
topic. 

That said, the genre classical did have a wide 
variation of dynamic range and performed no better 
than the other genres. This could indicate that a 
much larger dynamic range would be required to 
present a potential problem to the listening 
experience, certainly greater than what is commonly 
evident within popular music. The authors, 
therefore, would strongly argue that considering that 
contemporary music by and large has little dynamic 
variation before the hyper-compression process, 
does not validate the excessive use of hyper-
compression for the reasons mentioned in this paper. 
If, for example, instances whereby music with a very 
large dynamic variance were encountered, it would 
be prudent to enable the user to administer DRC 
within the PMD to suit the music and environment 
rather than in the mastering process; much like how 

classical FM radio stations process the station output 
during drive-time hours. 

7 Appendices 

7.1 Appendix A – ‘Multipressor’ 
parameters. 

Sti Thresh B1 B2 B3 B4 Out 

1 N/A      

6 -21dB 0 0 -1dB -2dB 2.4dB 

Attack 65ms 30ms 47ms 26ms  

Release 55ms 26ms 32ms 32ms  

Crossover points: 110Hz, 580Hz and 3100kHz 

Auto-gain (off)      Look ahead 13.200ms     Ratio (all bands) 3:1 

7.2 Appendix B – ‘Adlimiter’ parameters. 

 
Stimuli Gain Input Scale Out Ceiling 

1 N/A   

6 9 -1.4dB -0.03dB 

Mode: OptFit            Look ahead 50ms            Remove DC (on) 

7.3 Appendix C – Peak, RMS and DR 
Values 

Stimuli Peak RMS DR 

Rock 1 -0.19 dB -13.21dB 12 

Rock 2 -0.44dB -6.59dB 5 

Pop 1 -0.22dB -12.43dB 10 

Pop 2 -0.43dB -6.40dB 5 

Dance 1 -0.27dB -11.80dB 10 

Dance 2 -0.43dB -6.37dB 4 

Acoustic 1 -0.20dB -11.64dB 10 

Acoustic 2 -0.44dB -6.73dB 5 

 
Note: DR ratings of the stimuli as measured with the 
Tischmeyer Technologies Dynamic Range Meter. The 
resulting values are found to be comparable to those of 
commercial recording measured and correspond to the 
suggested rating system. The classical genre was excluded 
in these measurements as this particular genre type is 
incompatible with the algorithm. 
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