
DYNAMIC RANGE COMPRESSION OF AUDIO SIGNALS CONSISTENT WITH RECENT
TIME-VARYING LOUDNESS MODELS

Ryan J. Cassidy

Center for Computer Research in Music and Acoustics (CCRMA)
Stanford University
Stanford, CA 94305

ABSTRACT

Dynamic range compression may be used to increase the volume
of the softer passages of an audio signal relative to its louder por-
tions, thus making the signal better suited to transmission through
or storage on a given medium. The level-detection characteristics
of typical contemporary dynamic range compressors are analyzed
and investigated, thus revealing the shortcomings of such models
in light of knowledge about steady-state and time-varying loud-
ness as perceived by the human auditory system. The design of an
equal-loudness filter, desired to improve the steady-state proper-
ties of compressor level detection, is presented. Finally, the time-
varying properties of the level detection scheme presented, con-
figured via attack and release times, are tuned to provide optimal
correspondence with a recently proposed model of time-varying
loudness.

1. INTRODUCTION

There are many situations when the range of “levels” that a partic-
ular signal achieves over time is too large or too small for conve-
nient transmission through or storage on a given medium. Speech
signals, for example, may often have portions that are too quiet
for transmission across a noisy telephone line (if intelligibility is
to be maintained). In a live musical performance, the softer pas-
sages may be too quiet to be heard above noise from the audience
or air-conditioning system. When listening to music in a car or
airplane, noise from the engine or other sources may totally drown
out the softer sections of a particular program. It is in situations
like these that dynamic range compression may be used to reduce
the range of levels in a given signal, hopefully making most or all
of the portions of the signal suitable for transmission.

In the 1930s, dynamic range compression was proposed to
boost the level of quiet portions of speech for subsequent transmis-
sion over a telephone line[1]. Since then, a variety of compressor
topologies and designs have evolved (see, for example, [2], [3],
[4]), and are in fairly broad use today. In addition to situations
in which compression is used to bring softer passages above the
noise floor, dynamic range compression is also widely used in the
recording industry to enhance the aesthetics of audio signals.

In this paper, we attempt to reconcile contemporary compres-
sor characteristics and parameters with some recently proposed
models for time-varying loudness (as perceived by the human au-
ditory system). We also point out that basic compressor topologies
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as described in the literature [1], [2], [3], [4] use a loudness or level
measure that is inconsistent with well-known facts about the loud-
ness of amplitude-invariant or steady sinusoids (again as perceived
by humans). To remedy this shortcoming, we present the design of
an equal-loudness filter. Finally, we show some examples of this
new compressor operating on some basic signals.

2. DYNAMIC RANGE COMPRESSOR ARCHITECTURE

A typical dynamic range compressor architecture is comprised of
two main blocks:

1. a level detector, to measure the amplitude envelope of the
input signal and thus estimate its level or loudness, and

2. a gain control mechanism based on a static transfer char-
acteristic (which represents the desired output level for a
given input level) to control the gain applied to the input
signal.

In this paper, we focus primarily on the analysis and design of
the level detector. In this way, we examine typical level detection
schemes used by contemporary dynamic range processors, and
compare their performance to the steady-state and time-varying
characteristics of loudness (as perceived by humans).

3. INSTANTANEOUS LEVEL MEASUREMENT AND
SOUND LEVEL DETECTION

Many contemporary dynamic range compressors (as described in
the literature [1], [2], [3], [4]) effectively derive their sound level
measure by first computing the square of the input signal ����:

����� � �������� (1)

where ����� is the signal we shall hereafter refer to as the instanta-
neous sound level.

When the input signal is a “switched-on sinusoid”1,

���� � � �������������� (3)

the instantaneous level is given by
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1Note ���� denotes the unit-step function:
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The instantaneous sound level is next passed through a one-
pole lowpass filter, described by the differential equations [4]
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where �� is the attack time, �� is the release time, and ���� is the
sound level (output) of the detector. A corresponding discrete-time
implementation is given by the difference equations
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�
������� � ��� ������� �� ����� � ����
������� � ��� ������� �� ����� � ����

� (6)

where �� is the discrete-time attack parameter, �� is the discrete-
time release parameter, and ����� and ���� are discrete-time analogs
of ����� and ���� described above (let �� be the sampling frequency
in Hz).

The step responses of the level detectors described above are
given by

	���� � �� � 

����������� (7)

for the continuous-time implementation and

	���� � ��� �� � ���
�������� (8)

for the discrete-time implementation. From these equations, it may
be seen that the detector output tends monotonically and asymp-
totically toward input level for a step input.

Under the simplifying assumption that �� � ��, the magnitude
frequency responses are given by
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for the continuous-time case and

���
	��� �
���

� � ��� ���� � ��� � ��� ��� 	
� (10)

for the discrete-time case, where � represents continuous-time an-
gular frequency (in rad/s) and 	 represents discrete-time angu-
lar frequency (in rad/sample). The 3-dB frequencies �

��dB and
	
��dB are given by

�
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and
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When the detector input is the switched-on sinusoid described
by Eq. (3), it may be seen that, as a first approximation, if �������
�
��dB (or, in the discrete-time case, �
����

��
� 	

��dB), the
������������ term in the squared input will be attenuated such
that it may be neglected, and the detector output will exponentially
approach one-half the square of the original sinusoid amplitude:


��
���
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�
� (13)

If the detector output is subsequently applied to a device which
computes the square root of its input, then the output is approxi-
mately equal to the RMS value of the sinusoid2.

2This serves to explain the term “RMS detector” used when describing
popular dynamic range compressors[5]

If the ������������ term in Equation (3) is not negligible, then
there will be steady-state “ripple” in the detector output, which we
denote �����, given by the formula
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(14)
with a similar expression for the discrete-time case.

4. EQUAL LOUDNESS FILTER DESIGN

It should be emphatically noted that the compression architecture
heretofore described derives a sound level that, when the input is
a steady sinusoid, is independent of frequency, provided the fre-
quency is sufficiently higher than the 3-dB cut-off of the lowpass
filter described in Section 33. It is a well known fact of auditory
perception, however, that the sensitivity of the human auditory sys-
tem to steady sinusoids is decidedly frequency dependent. The
first reasonably accurate research detailing this assertion was pub-
lished by Fletcher and Munson in 1933[6], and was subsequently
repeated and revised by Robinson and Dadson[7]. The key results
of these studies were the so-called “equal loudness contours”—
that is, the frequency-dependent sound intensities (in dB SPL)
required to match the loudness a steady pure tone to that of a 1
kHz test tone with a reference sound intensity (again in dB SPL).
The equal-loudness contours obtained from the Robinson-Dadson
study are shown in Figure 1. Ideally, a dynamic range compressor
should derive a frequency-dependent sound level for steady tones
in accordance with the equal loudness contours.

Fig. 1. Robinson-Dadson equal loudness contours [7](a revision
of the Fletcher-Munson equal loudness contours).

The goal, then, is to design a filter whose magnitude frequency
response approximates the equal loudness contours. If the input
signal is passed through this filter prior to the RMS level detec-
tion described in Section 3, the loudness of steady tones should be
much more accurately estimated by the detector, and the overall
compressor performance should be greatly improved.

3For typical attack and release time settings, this condition is usually
satisfied.
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The first requirement is to decide on a “representative curve”
whose shape approximates that of the ensemble of equal loudness
contours shown in Figure 1. The representative contour, obtained
via averaging the equal loudness contours, is shown in Figure 2.
For the filter design, we first convert the zero-phase magnitude re-
sponse to a minimum-phase spectrum obtained using a method de-
scribed in [8]. Next we obtain an IIR filter using an equation-error
method[9], conveniently accessible via MATLAB’sinvfreqz()
function. Through experimentation with various filter orders, it
quickly became apparent that an increasingly accurate approxima-
tion could be obtained with increasing filter order (for filter orders
up to at least several hundred). Figure 2 shows the approxima-
tion obtained with a filter of order 175, which, upon visual in-
spection, is deemed sufficient. It should be noted that this filter
order has been chosen rather arbitrarily, and it is straightforward
to design a lower order filter (with a slightly poorer match to the
equal-loudness characteristic) using a technique identical to the
one described here.
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Fig. 2. Equal-loudness filter design: (a) magnitude frequency re-
sponse of target equal loudness filter (target), with the approx-
imate magnitude response (approx) obtainined using the MAT-
LAB invfreqz function; (b) impulse response of approxima-
tion.

5. ATTACK AND RELEASE TIMES WITH SUITABLE
CORRESPONDENCE TO TIME-VARYING LOUDNESS

MODELS

The previous section focussed on and attempted to remedy the
shortcomings of dynamic range compressors with respect to steady-
state loudness. In this section, we examine recently compiled
knowledge about time-varying loudness, and attempt to tailor our
compressor design to accomodate these facts.

In their recently proposed “Model of Loudness Applicable to
Time-Varying Sounds”, Moore and Glasberg note that “... it is
generally agreed that, for a fixed intensity, loudness [of switched-
on sinusoids] increases with increasing duration for durations up
to 100–200 ms, and then remains roughly constant. For durations
less that 100 ms, the loudness increases by roughly 10 phons4 for

4The phon is a frequency-independent loudness measure, implicitly in

each ten-fold increation in duration...”[10]. With this in mind, they
proceed to tune the attack time of their proposed loudness model
(also based on the 1st-order damping of an instantaneous loudness
signal similar to that presented in this paper) to match this time-
varying loudness characteristic. The attack and release times pro-
posed by Moore and Glasberg may be calculated as approximately
21.7 ms and 49.5 ms[10]. Thus, with attack and release times
similar to these, the time-varying behaviour of the level detector
discussed in Section 3 should be consistent with the time-varying
loudness characteristics of the human auditory system, thus im-
proving compressor performance.

6. IMPLEMENTATION AND RESULTS

The compressor design presented in this paper has been simulated
on a digital computer, using switched-on and “switched-off” sinu-
soids to verify proper level detector operation. A sample of the
results is shown in Figure 3 and Figure 4.
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Fig. 3. Dynamic range compressor level detector output in re-
sponse to a 1 kHz gated sinusoid: (a) input signal (switched on at
50 ms and off at 550 ms), (b) equal-loudness filter output, (c) level
detector output.

Part (b) of each figure shows the equal-loudness filter correctly
scaling the amplitude of the sinusoid to the magnitude value indi-
cated in Figure 2 (note the 4 kHz sinusoid amplitude in Figure 4
is significantly greater than that of the 1 kHz sinusoid in Figure 3,
confirming the increased sensitivity of the human auditory system
to tones at this frequency). Note the transient response of the filter
to the switched-on sinusoid, as seen in the figures, is reasonably
well-behaved. Finally, part (c) of the figures shows the level de-
tector output, with attack and release times set as described in Sec-
tion 5. Note the release time is slightly longer than the attack time,
as desired (more accurate values of the attack and release times
have been obtained from the plots, to verify that they match the
design values). Also note that the level detector output tends ex-
ponentially toward and away from the mean-square of the filtered
sinusoid amplitude, again as predicted in Section 3.

decibels. Since 1 kHz is the reference frequency for loudness measures,
the loudness of a 1 kHz tone in phons has the same value its the sound
intensity level (in dB SPL).
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Fig. 4. Dynamic range compressor level detector output in re-
sponse to a 4 kHz gated sinusoid: (a) input signal (switched on at
50 ms and off at 550 ms), (b) equal-loudness filter output, (c) level
detector output.

7. CONCLUSIONS

We have presented a dynamic range compressor design whose steady-
state and time-varying level detection characteristics match the
loudness characteristics of the human auditory system. Compres-
sors based on such schemes should provide improved dynamic
range reduction for a variety of audio signals. Possibilities for fu-
ture development and investigation include the use of higher order
instantaneous level damping systems, and the use of lower-order
approximations to the equal-loudness contours for steady tones.
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