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ABSTRACT 

Dynamic range compression is a nonlinear audio effect that re-
duces the dynamic range of a signal and is frequently used as part 
of the process of mixing multi-track audio recordings. A system 
for automatically setting the parameters of multiple dynamic 
range compressors (one acting on each track of the multi-track 
mix) is described. The perceptual signal features loudness and 
loudness range are used to cross-adaptively control each com-
pressor. The system is fully autonomous and includes six differ-
ent modes of operation. These were compared and evaluated 
against a mix in which compressor settings were chosen by an 
expert audio mix engineer. Clear preferences were established for 
the different modes of operation, and it was found that the auton-
omous system was capable of producing audio mixes of approx-
imately the same subjective quality as those produced by the ex-
pert engineer. 

1. INTRODUCTION 

Multi-track audio mixing is the production of a coherent sound 
mixture from multiple, individual audio sources, and is usually 
performed by skilled and experienced audio mix engineers. The 
signal processing operations routinely used in audio mixing in-
clude level balancing, spectral equalisation, spatial positioning 
and dynamic range compression (DRC). These and other pro-
cesses are applied to individual tracks, or sub-groups of tracks, in 
order to produce an audio mixture in which the constituent sound 
sources are appropriately balanced, which sounds subjectively 
pleasing and which achieves a certain artistic intention. 

The majority of digital audio effects (DAFX) are designed 
for single channel applications and process an audio input based 
on parameters which are specifically chosen by the user. Ad-
vances in digital signal processing have lead to the investigation 
of adaptive DAFX [1] in which the effect parameters are set au-
tomatically based on signal features with little or no user interac-
tion. Yet very few of the DAFX currently available on the market 
are designed to automate any of the mixing process. The poten-
tial advantages of such DAFX are enormous – from allowing 
non-experts to produce quality mixes with little or no prior expe-
rience, to speeding up the workflow of professional mix engi-
neers. For this reason, the development of tools designed to au-
tomate different audio mixing tasks (‘intelligent multi-track 
DAFX’) is a growing area of research.  

Individual sound sources within a multi-track mix must be 
processed not in isolation but with respect to all other sound 
sources, or a subset thereof. Intelligent multi-track DAFX are, 
therefore, cross-adaptive inasmuch as the automatic control of 
one channel in the mix depends on features derived from other 
channels. Prior work has developed such systems for source en-
hancement, stereo panning, level and fader adjustment and spec-
tral equalisation [2-6]. 

DRC has many applications when it comes to mixing multi-
track audio. Typical examples include controlling the transient 
attack of percussive instruments such as drums, raising the over-
all loudness of a sound source by applying compression with 
make-up gain and providing a more consistent signal level [7]. 
The purpose of this paper is to develop and evaluate a system 
which, using high level, perceptual audio features, automatically 
and cross-adaptively applies DRC to individual tracks within a 
multi-track mix. 

2. DYNAMIC RANGE COMPRESSION 

DRC is a nonlinear audio effect that narrows the dynamic range 
(i.e. the difference between the loudest and quietest parts) of a 
signal. This is achieved by applying an attenuation to the signal 
whenever its level exceeds a given value. The set of parameters 
that can be used to describe a generic dynamic range compressor 
are threshold, ratio, knee, attack time, release time and make-up 
gain. 

Threshold is the level above which the input signal is attenu-
ated. Ratio is the amount of attenuation that is applied (for exam-
ple, a ratio of 3:1 would result in a 1 dB increase in output signal 
level for every 3 dB increase in input signal level above the 
threshold). Knee is the dynamic range over which the ratio in-
creases to its specified value (low values result in so-called 
‘hard’ knees and high values result in ‘soft’ knees). Attack time 
is (approximately) the time it takes for the compressor to reach 
the desired attenuation ratio once the signal overshoots the 
threshold (or enters the knee region), and release time is (approx-
imately) the time it takes for the compressor to return to a state of 
no attenuation once the signal returns back to a level below the 
threshold. Make-up gain is applied uniformly to the whole output 
signal after attenuation. 

The basic goal when mixing multi-track audio is to ensure 
that the individual sound sources are blended together into a co-
herent-sounding whole, and modest amounts of DRC are particu-
larly suitable for this task. 

There are a number of different possible compressor design 
choices one can make when implementing DRC. In this paper, a 
digital implementation of a feed-forward monaural compressor 
with a smoothed de-coupled peak detector was used [8]. It should 
be noted, however, that the intelligent, multi-track dynamic range 
compression method described herein is independent of the com-
pressor model. 

3. LOUDNESS AND LOUDNESS RANGE 

Two key signal features, loudness and loudness range, are used 
to control the application of DRC in this system. Although loud-
ness is a subjective quality, objective measures have been rec-
ommended which approximate the characteristics of the human 
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hearing system. In this paper, the standard developed by the In-
ternational Telecommunication Union, as described in ITU-R 
BS. 1770-2 [9], is used. Specifically, for a monaural signal, the 
loudness is defined as: 
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where y[i] is the input signal after it is passed through a head-
related transfer function filter and then a high pass filter. The unit 
of this loudness measurement is the LU (Loudness Unit), which 
is similar to the dB. 

In general, short-term loudness measurements of a signal will 
vary over time. Loudness Range (LRA) quantifies the amount of 
this variation. It can be thought of as the perceptual equivalent of 
dynamic range, and is therefore of interest when considering in-
telligent DRC systems. A technical definition of LRA is given by 
the European Broadcasting Union (EBU) in Tech-3342 [10]. This 
specifies that loudness measurements are taken in sliding analy-
sis windows of length 3 seconds with at least 66% overlap be-
tween consecutive windows. The resultant vector of short-term 
loudness measurements is then processed using a two-stage cas-
caded gating scheme. The first stage is an absolute gate set to -70 
referenced relative to the maximum possible loudness of a digital 
signal (0 LU Full Scale). The second stage is a relative gate set to 
20 LU below the integrated loudness of the absolute gated signal. 
‘Integrated loudness’ is a measure specified in EBU Tech-3341 
[11] and is intended to give a single overall loudness measure-
ment for an entire piece of audio. LRA is then defined as the dif-
ference between the 10th and 95th percentiles of the twice-gated 
loudness measurements. 

LRA is a natural signal feature to consider when looking at 
DRC but the 3 second time scale over which the EBU definition 
measures loudness may not be appropriate. DRC is often used to 
reduce the dynamic range of a signal over much shorter time 
scales, for example to reduce transient attack over time scales 
less than 50 ms. The most appropriate time scale to use in order 
to approximate human perception of dynamic range is still a mat-
ter for research [12]. In this paper, LRA is calculated using loud-
ness measured in 400 ms sliding windows at a rate of 7.5 Hz (i.e. 
67% overlap of consecutive windows). Windows of length 10 ms 
and 3 seconds were also considered. However, it was found that 
when using 10 ms windows LRA is almost always high, since at 
this time scale signal peaks are captured, and it is more a measure 
of instantaneous amplitude variation than loudness range. Con-
versely, when using 3 second windows, LRA tends to be low 
since typical musical audio signals are often relatively uniform at 
this time scale. 400 ms was therefore considered to be a good 
intermediate window length, since it was usually found to result 
in large variations in LRA across different tracks of any given 
multi-track audio recording. 

4. SYSTEM DESIGN 

The system was designed to produce a monaural output mix by 
automatically applying intelligent dynamic range compression 
with make-up gain to each individual track of a multi-track audio 
recording. The overall signal flow diagram is shown in Figure 1. 

4.1. Pre-Gain Automation 

The primary component of the system is the signal dependent 
and cross-adaptive automation of DRC. However, automation of 
the basic gain of each track in the mix is also included since this 

is perhaps the most fundamental task of any mixing process and 
is vital if the output is to sound at all reasonable. The aim of this 
automation is to ensure that all tracks have equal loudness within 
the mix. Pre-gain is applied to individual tracks, before they enter 
the compressor, so that the integrated loudness of each is equal to 
the maximum integrated loudness of the tracks before adding the 
gain. Adding a gain of G dB to a digital signal is achieved by 
multiplying all samples by a factor of 10G/20. Occasionally, this 
will result in one or more samples with an absolute value greater 
than 1, i.e. the signal will be ‘clipped’. If such clipping is detect-
ed on any of the tracks after this gain stage, then, to avoid distor-
tion, cross-adaptive normalisation is applied by multiplying all 
tracks by 1/max{xclip[n]}, where xclip[n] is the post-gain signal 
with the highest clipping level. This process ensures that clipping 
is avoided but equal loudness between all tracks is maintained. 
 
 














 

















































 












 
















 











 





































 

Figure 1: Signal flow diagram of the Intelligent Multi-
Track Dynamic Range Compression system. 

4.2. Compressor Automation 

In order to minimize undesirable DRC artefacts (such as ‘breath-
ing’, ‘pumping’ and ‘drop outs’ [13]), attack and release times 
are automated using the spectral flux of the signal [14-16]. This 
approach is described in detail by Giannoulis et al [17]. Two 
separate modes of operation are defined to automate the com-
pressor’s threshold, ratio and knee parameters. 

4.2.1. ‘Threshold’ Mode 

In ‘threshold’ mode, the compressor ratio is fixed at ∞:1 and the 
knee is set to the absolute value of the threshold. The amount of 
DRC is then controlled with the threshold parameter alone. As 
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the threshold is lowered, the compressor is triggered more fre-
quently and the knee becomes wider (or ‘softer’). See Figure 2A 
for an illustration of the input-output characteristics of a com-
pressor in ‘threshold’ mode. 

4.2.2. ‘Ratio’ Mode 

In ‘ratio’ mode, the amount of DRC is controlled via the ratio 
parameter alone. A fixed moderately hard knee of 3 dB was cho-
sen for this mode. In general, a signal with a higher root mean 
square (RMS) level requires a higher threshold in order to have 
the same amount of DRC applied as a signal with a lower RMS. 
Therefore, in ‘ratio’ mode, the compressor threshold is fixed rela-
tive to the RMS of the signal. After some investigation, 12 dB 
below the RMS was found to be a suitable level. The input-
output characteristics of a compressor in this mode are shown in 
Figure 2B. 
 

        











































        



























 















 

Figure 2: Input-output characteristics of an automatic 
dynamic range compressor in A) ‘threshold’ mode and 
B) ‘ratio’ mode. 

4.3. Make-up Gain Automation 

Make-up gain is included in most compressor designs to allow 
the overall loudness of the output and input signals to be bal-

anced. In this system, it is automated such that the integrated 
loudness of the compressor output is equal to the integrated 
loudness of the input and cross-adaptive normalisation is used to 
avoid clipping, as described in section 4.1. 

4.4. Cross-Adaptive Control 

The appropriate amount of compression for each individual track 
is automatically and cross-adaptively determined by analysing 
the LRA of all tracks in the mix. Two basic hypotheses were 
formulated a priori in order to design the cross-adaptive algo-
rithm: 1) that DRC reduces LRA in a roughly monotonic way, 
and 2) that successful multi-track DRC helps to produce a coher-
ent mix of sound sources by compressing tracks with higher LRA 
more than those with lower LRA, such that the difference be-
tween the highest and lowest track LRA is reduced. 

Experiments were carried out to quantify the effect of DRC 
on LRA in each of the two compressor modes (‘threshold’ and 
‘ratio’). Seven multi-track audio recordings, covering a variety of 
different genres, were used. These were the same recordings used 
later for the subjective listening tests (see section 5.1). Each re-
cording had up to 7 individual tracks, giving a total of 41 indi-
vidual signals for testing. For each signal, LRA was calculated 
before and after applying DRC. In ‘ratio’ mode, the compressor 
ratio was varied from 1:1 to 10:1. In ‘threshold’ mode, the com-
pressor threshold was varied between –25 dB and +25 dB rela-
tive to the signal’s RMS. 

The cascaded gate used when calculating LRA is designed to 
discount the noise floor of the signal and sections of silence. Ap-
plying make-up gain, particularly when the amount of DRC is 
high, can cause the noise floor to be amplified to the extent that it 
passes through the gate and is included in the LRA calculation. 
This is undesirable and can lead to anomalous LRA measure-
ments. Therefore, the active sections of a signal were defined as 
those which contribute to the pre-DRC LRA measurement. Post-
DRC LRA was then calculated based on the active sections only.  

Figure 3 shows how different amounts of DRC affected the 
LRA measurements. The results in Figure 3A were obtained us-
ing an auto-compressor in ‘threshold’ mode, so that a lower 
threshold (moving left to right on the graph) corresponds to an 
increased amount of DRC. Averaged over all 41 test signals, the 
change in LRA was found to vary smoothly with threshold and, 
as expected, LRA decreased as the compressor threshold de-
creased. However, there was wide variation across the test sig-
nals. This comes from the fact that the maximum achievable 
amount of absolute LRA reduction is dependent on the LRA of 
the pre-DRC signal itself. It also appeared that, for many signals, 
there was a lower limit below which it was not possible to reduce 
LRA via DRC alone. Similar results were observed using an au-
to-compressor in ‘ratio’ mode (see Figure 3B). 

So it was verified that, for most signals, DRC can be ex-
pected to reduce LRA in a monotonic fashion, i.e. LRA decreases 
as the amount of DRC increases. However, it was found that this 
is certainly not true in all cases and there does not seem to be an 
obvious way of predicting, even approximately, to what extent 
LRA of a given signal will change after applying DRC. 

Let’s define the LRA range (denoted ΔLRA) of a multi-track 
recording as the difference between the highest and lowest LRA 
of individual tracks. Using the hypothesis that DRC improves the 
quality of multi-track mixes by reducing ΔLRA, a cross-adaptive 
algorithm was developed to automate the remaining single con-
trol parameter of the compressor (ratio if in ‘ratio’ mode, or 
threshold if in ‘threshold’ mode). The overall amount of DRC 
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that is appropriate for a multi-track audio mix is largely a matter 
of personal taste and, therefore, three different levels of ‘touch’ 
were defined for the system: a ‘light’ touch results in an overall 
reduction in ΔLRA of 3 LU, a ‘medium’ touch reduces ΔLRA by 
6 LU and a ‘heavy’ touch reduces ΔLRA by 9 LU. 
 
 




























    


















  












 

Figure 3: Post-DRC loudness range using an auto-
compressor in A) ‘threshold’ mode and B) ‘ratio’ mode. 
Median change in LRA with 25th and 75th percentiles 
(boxes), full extent (whiskers) and outliers (crosses). 

The cross-adaptive algorithm is as follows: no DRC is ap-
plied to the track with the lowest LRA; the largest reduction of 
LRA is sought for the track with the highest pre-DRC LRA; and 
the LRAs of the remaining tracks are reduced proportionally.  

Specifically, for each track in the mix, a target LRA (i.e. the 
ideal post-DRC LRA) is defined as: 

/5$7(L) = /5$(L)−∆/5$UHG

(
/5$(L)− /5$(Lmin)

/5$(Lmax)− /5$(Lmin)

)
(�)

 
where i is the index number of the track, LRA(i) is the pre-DRC 
loudness range of track i, imin = argmini(LRA(i)), imax = 
argmaxi(LRA(i)) and ΔLRAred is the amount by which ΔLRA is to 
be reduced (dependent on the touch parameter). 

Since it is not possible to know in advance precisely which 
compressor settings will result in the required LRA reduction for 
each track, these are found by iteration. Starting values are based 
on the empirical data presented in Figure 3 (using the average 
reduction in LRA for a given ratio or threshold). In ‘ratio’ mode, 
the best ratio is found to the nearest 0.1 dB. In ‘threshold’ mode, 
the best threshold is found to the nearest 0.5 dB. Figure 4 shows 

an example of the target and achieved LRA reductions for tracks 
in a multi-track mix using Eq. 2, with different compressor 
modes and touches. 
 

   
























































 

Figure 4: Example of pre- and post-DRC LRA for a mul-
ti-track audio recording using auto-compressors in ‘ra-
tio’ or ‘threshold’ mode with three different touches 
(light, medium and heavy). 

5. EVALUATION 

The system described above has six different forms of operation 
defined by the choice of compressor mode (‘threshold’ or ‘ratio’) 
and touch (light, medium or heavy). Ultimately, it may be desira-
ble to have a user-defined ‘touch’ parameter within the system, 
so that the overall amount of DRC can be broadly controlled 
manually. However, it may be less desirable to retain an option 
regarding the mode of the auto-compressor since the difference 
between ‘threshold’ and ‘ratio’ modes would not be at all obvi-
ous to the average user. For this reason, and to investigate the 
performance of the automatic system compared with a manual 
application of multi-track DRC, subjective evaluations were car-
ried out. The six different forms of automatic operation were 
compared together with a mix in which DRC was applied manu-
ally and a mix in which no DRC was applied. 

5.1. Multi-Track Test Signals 

Seven multi-track audio recordings were used to test and evaluate 
the system. They covered a range a musical genres: four 
Rock/Indie songs, two instrumental Jazz pieces and one Acoustic 
Folk song. For each recording, a 20 second excerpt was chosen 
manually based on the following criteria: 

1. The excerpt should be representative of the whole record-
ing: it could be a section of a verse, a chorus or a transition, but 
all tracks should be active (i.e. all instruments included in the 
recording should be playing) for most of the excerpt. 

2. It must be possible to reduce the ΔLRA of the excerpt by 
at least 9 LU using our approach, i.e. the pre-DRC ΔLRA must 
be at least 9 LU and all of the target LRA reductions must be 
successfully achieved in both compressor modes for all touch 
settings. 

3. Different automatic mixes (using different compressor 
modes and touch settings) should sound audibly different, to the 
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extent that a non-expert listener would, with careful listening, be 
able to differentiate between them. 

The test recordings were obtained from an online resource 
[18] and were downloaded as completely raw stems, i.e. no mix-
ing, effects or post-recording processing had been applied al-
ready. The recorded instruments included: electric/acoustic gui-
tar, electric bass guitar, double bass, piano, violin, acoustic drum 
kit and vocals. The drum kit tracks were sub-mixed before pro-
cessing; one sub-mix for all the close drum microphones and one 
for overhead, room and cymbal microphones. Similarly, if a par-
ticular instrument had been ‘double tracked’, i.e. the same part 
recorded twice, then these were sub-mixed to a single track. This 
reduced the total number of tracks per recording to between three 
and seven. 

The level of each track was set using an equal loudness algo-
rithm, as described in section 4.1. However, five of the seven test 
recordings contained lead vocal tracks. It is common for such 
tracks to be slightly louder in the mix than others [19], and so 
each lead vocal was boosted by 3–6 dB relative to its equal loud-
ness level. The precise amount of boost was determined manual-
ly for each recording and was the same for all mixes. 

5.2. Subjective Listening Test 

A subjective listening test was designed to evaluate the quality of 
the different mixes with intelligent compression in relation to 
each other, an automatic mix with no DRC (i.e. with only gain 
automated) and a mix in which DRC settings were chosen manu-
ally by an audio engineer with extensive experience of multi-
track audio mixing in both studio and live sound environments. 
To allow the manual mix to be completed, a graphical user inter-
face was developed following the conventions of a standard 
software Digital Audio Workstation, e.g. vertical track layout, 
waveform views and soloing capability (Figure 5). 
 

 

Figure 5: Graphical User Interface for the manual appli-
cation of multi-track DRC. 

The same compressor implementation [8] was used as for the 
automatic mixes. Attack, release, threshold, knee and ratio could 
be set manually for a compressor on each track, but the gain was 
automated in the same way as for the fully automatic mix. This 
will be referred to as the ‘expert manual’ mix. 

A comparison of the LRA reductions per track achieved by 
the expert manual mix settings compared to the target LRA re-
ductions of the automatic system with a medium touch is shown 
in Figure 6. It can be seen that the LRA reductions were, in gen-
eral, quite similar. However, compared with the automatic sys-
tem, the expert mixer applied more compression to the tracks 
with the lowest pre-compression LRA, and less to the tracks with 
the highest pre-compression LRA. 

 







 


































 

Figure 6: Comparison of loudness range reductions for 
manual and automatic (medium touch) multi-track dy-
namic range compression. Different symbols represent 
tracks from different songs. 

All of the expert manual mixes except one resulted in a re-
duction in ΔLRA (see Table 1). This provides some evidence in 
support of the hypothesis used to design the cross-adaptive con-
trol algorithm (see section 4.4). The average reduction in ΔLRA 
achieved by the manual mixes was 2.3 LU, just below that which 
is achieved by the automatic system with a light touch (3 LU). 

 
Table 1: Change in ΔLRA after expert manual application of 
multi-track DRC. 
 
Song number (name) Pre-DRC 

ΔLRA 
Post-DRC 
ΔLRA 

Change in 
ΔLRA 

1 (Rock/Indie 1) 11.1 LU 5.8 LU -5.2 LU 
2 (Rock/Indie 2) 11.2 LU 11.1 LU -0.1 LU 
3 (Rock/Indie 3) 15.2 LU 14.9 LU -0.3 LU 
4 (Rock/Indie 4) 17.3 LU 7.3 LU -9.9 LU 
5 (Instrumental Jazz 1) 12.5 LU 11.1 LU -1.4 LU 
6 (Instrumental Jazz 2) 12.0 LU 10.8 LU -1.2 LU 
7 (Acoustic Folk) 14.6 LU 16.5 LU +1.8 LU 
Average --- --- -2.3 LU 
 

A design similar to the ‘Multiple Stimuli with Hidden Refer-
ence and Anchor’ (MUSHRA) test was used [20]. Participants 
were asked to rate each mix on a scale of 0 (very bad) to 100 (ex-
cellent), based on specific criteria. There were three tests in total, 
each with a different criterion for evaluation. The MUSHRAM 
Matlab interface [21] was used to administer the tests (see Figure 
7) but was altered to allow playback of each mix to be interrupt-
ed. The MUSHRA test design was originally developed primarily 
for the evaluation of audio codec quality and specifies the inclu-
sion of an objectively high quality ‘reference’ and an objectively 
low quality ‘anchor’. However, since there is no obvious way of 
defining an objectively bad application of DRC within a multi-
track mix, no anchor was used in these listening tests. Tests 1 and 
2 used a reference sample, but test 3 did not. All mixes (both au-
tomatic and manual) were normalised to overall equal integrated 
loudness in order to avoid bias related to subjective preference 
for louder or quieter signals. For each test, four multi-track re-
cordings were used from a range of genres and, for each of these, 
the order of presentation of the mixes was randomised. 15 partic-
ipants were recruited (13 male, 2 female) and pre-screened to 
ensure that they all had no hearing impairments, were familiar 



Proc. of the 15th Int. Conference on Digital Audio Effects (DAFx-12), York, UK, September 17-21, 2012 

 DAFX-6 

with the concept and typical sound of DRC and had experience 
of analysing and listening critically to audio. The tests were ad-
ministered under controlled conditions in a good listening envi-
ronment. Post-screening of participants was conducted by analys-
ing the correlation between each participant’s scores and the me-
dian of the scores from all participants. Pearson’s correlation and 
Spearman’s rank correlation were calculated to identify potential 
outliers. Then, after manual inspection of each participant’s abil-
ity to award consistent grades, one participant was excluded from 
the test 1 results and two were excluded from the test 2 results. 
No participants were excluded from the results of test 3. 
 

 

Figure 7: Graphical User Interface for the subjective lis-
tening tests. 

Test 1 was designed to evaluate subjective preference for the 
overall amount of DRC that was applied. Different levels of the 
touch parameter were used with the compressor mode fixed to 
‘threshold’. Two Rock/Indie recordings, one Jazz and one 
Acoustic Folk recording were used as the test material. The ‘no 
DRC’ mix was used as the (hidden) reference – i.e. it was la-
belled as the ‘reference’ but also included without a label 
amongst the other test mixes for evaluation. The ‘expert manual’ 
mix was also included. Participants were instructed to “rate the 
following according to the appropriateness of the relative 
amounts of dynamic range compression applied to each individ-
ual sound source in the mix” and were required to score at least 
one mix in the ‘bad’ category. 

The results of this test are shown in Figure 8. Relative scores 
for the different mixes were fairly consistent across all four re-
cordings. It was only the threshold–light automatic mix that 
scored higher overall than the no DRC mix, indicating that par-
ticipants did not think that very much DRC was required. The 
threshold–heavy mix scored significantly lower than all other 
mixes and was the only one to be rated bad overall. The fact that 
the no DRC mix scored relatively highly is also perhaps indica-
tive of the difficulty in choosing appropriate DRC settings, and 
the extent to which badly chosen parameters can seriously de-
grade the quality of a mix. 

Test 2 was designed to evaluate subjective preference for the 
two different compressor modes. The compressor mode was 
therefore varied but, since the amount of DRC was not being 
evaluated, the touch parameter was fixed; a heavy touch was 
chosen to provide the most audible differences between mixes. A 
different set of songs, but from the same genres as test 1, were 
used as the test material. Once again, the ‘no DRC’ (hidden) ref-
erence mix and the ‘expert manual’ mix were also included. Par-
ticipants were asked to “rate the following according to the 

sound quality of the dynamic range compression applied to each 
individual sound source in the mix”. 

The results of this test are shown in Figure 9. Overall, the ex-
pert manual mix scored the highest and both automatic mixes 
were rated poor. The sound quality of the ratio–heavy mix was 
preferred only slightly to the threshold–heavy mix. It is clear 
from tests 1 and 2 that the heavy touch automatic mixes were not 
favoured by the participants, most likely due to the audio quality 
being severely compromised by excessive amounts of DRC. 

Finally, test 3 was designed to be an overall general evalua-
tion of all six different automatic mixes against each other, a mix 
with no added DRC and the ‘expert manual’ mix. The test mate-
rial consisted of four recordings from the Rock/Indie genre. The 
‘no DRC’ mix was included, but not as an explicit reference. Par-
ticipants were asked to “rate the following according to the over-
all quality of the mix.” 

The results of this test are shown in Figure 10 and are fairly 
consistent with those from the previous two tests. The heavy 
touch automatic mixes had the lowest scores and, overall, the two 
light touch automatic mixes and the expert manual mix scored 
highest. The expert manual and threshold–light mixes were virtu-
ally tied with the top scores, but the ratio–light mix scored only 
slightly higher than the mix with no DRC. 

In this test, as in test 2 in which ratings were based on the 
“sound quality” of DRC (Figure 9), the expert manual mix of the 
‘Rock/Indie 4’ song scored particularly highly compared with the 
automatic mixes. An examination of the manual mix compressor 
settings showed that they were largely similar to the automatic 
settings on all tracks, except one of the vocals. The expert had 
heavily compressed this track and reduced its LRA by 13.5 LU 
(by comparison, the heavy touch automatic mixes reduced its 
LRA by just 9 LU). This was clearly a successful strategy and is 
an example of the difficulties of designing an automatic system 
that is capable of consistently out-performing or matching the 
expertise and listening experience of a human engineer. 
 








































































 
 

 

Figure 8: Mean scores and 90% confidence intervals for 
“appropriateness of the relative amounts of dynamic 
range compression applied to each individual sound 
source in the mix” listening test. 
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Figure 9: Mean scores and 90% confidence intervals for 
“sound quality of the dynamic range compression ap-
plied to each individual sound source in the mix” listen-
ing test. 

 
 












































































 
 

 

Figure 10: Mean scores and 90% confidence intervals for 
“overall quality of the mix” listening test. 

6. CONCLUSIONS AND FUTURE WORK 

The system described in this paper uses the perceptual audio fea-
tures loudness and loudness range to automatically and cross-
adaptively control multi-track DRC. The control strategy is based 
on the a priori hypothesis that the fundamental role of DRC in 

multi-track audio mixes is to reduce the difference between the 
highest and lowest individual track LRA, and that sound sources 
with higher LRAs require greater amounts of DRC. This hypoth-
esis was substantiated empirically by examining the post-DRC 
changes in LRA achieved when an experienced mix engineer 
chose the compressor settings manually. 

A number of different modes of automatic operation were 
designed and evaluated using a subjective listening test. Auto-
matic mixes using a compressor in ‘ratio’ mode were not consist-
ently rated higher than the ‘threshold’ mode mixes, but when us-
ing a heavy touch there was some evidence that ‘ratio’ mode was 
preferred. A light touch was found to be the most subjectively 
appropriate; both the ratio–light and threshold–light mixes per-
formed very well when compared to the expert manual mixes. 
Indeed, the average reduction in ΔLRA achieved by the manual 
mixes was very similar to that achieved by the light touch auto-
matic mixes. The best performing automatic mode of operation 
was threshold–light, and there was good evidence to suggest that, 
in this mode, the system is capable of automatically applying 
multi-track DRC to at least the same subjective standard as 
would be achieved if settings were chosen manually by an expe-
rienced mix engineer. 

However, there is a need for further listening tests to estab-
lish more concretely which settings are preferred. Two of the 
most striking aspects of the listening test results were the gener-
ally low scores (no mix was rated above ‘fair’ on average) and 
the consistency with which the ‘no DRC’ mix was rated as one of 
the best. There are a number of possible explanations for this. For 
example, the differences between the mixes may not have been 
clearly audible and the overall sound quality of the recordings 
themselves may not have been considered high. Other choices of 
multi-track recordings may, therefore, have yielded more conclu-
sive results, or higher ratings overall. 

In addition, some of the strategies for automating individual 
compressor parameters (section 4.2) were based on prior research 
[17] which focussed on the automation of a single compressor 
with the goal being to improve the ease with which DRC can be 
applied by reducing the required user input to a minimum. This 
fact may have also had an effect on the listening test results and 
the success of this system. Further examination of these strate-
gies is required to determine whether they could be improved and 
optimised for multi-track DRC applications. A more sophisticat-
ed knee automation strategy (for example, as described in [17]) 
could also be employed. 

Future areas of research could concentrate on gaining a 
greater understanding of perceptual dynamic range. In this paper, 
the EBU definition of LRA was adapted somewhat arbitrarily to 
measure the variation in 400 ms (rather than 3 second) short-term 
loudness. The way in which dynamic range is perceived, and 
how this varies with different instruments, genres, etc., is not cur-
rently well understood, but this knowledge would greatly benefit 
the kind of intelligent system described here. 

The fundamental assumptions used in this system were that a 
reduction in ΔLRA would be preferred by listeners, and that the 
best way to achieve this is by applying DRC to each track in pro-
portion to its pre-DRC LRA. The target LRA reductions are then 
defined by equation (2). However, there are many other possible 
approaches one could use. For example, equation (2) could be 
modified so that DRC is applied to all tracks in the mix, rather 
than all but one. Or the target LRA reduction could depend on 
additional signal features, or equal LRA across all tracks could 
be sought (i.e. ΔLRA = 0). There are many such alternative strat-
egies which are certainly worthy of further investigation. 
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