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Measurement of L eq Using an Integrating SLM

Dave Formenti , Sage Technologies, Morgan Hill, California

S&V Questions and Answers

Question:  What is an Leq measurement
when using an Integrating Sound Level
Meter to measure sound level?

Answer:  The Leq is the level of a con-
stant sound over a specific time interval
that has the same sound energy as the ac-
tual varying sound over the same inter-
val. To better understand the meaning of
Leq let’s start from the beginning and dis-
cuss how sound and sound levels are
measured using an Integrating Sound
Level Meter.

Sound is made up of rapid oscillatory
compressional changes in a medium,
such as air, that propagate over a dis-
tance. These changes can be character-
ized by changes in the density, pressure
and motion of air molecules. The pres-
sure fluctuations are detected by the hu-
man ear and transformed to signals that
the brain interprets. Our perception of
sound depends largely on a sound’s level,
frequency content and time varying char-
acteristics.

The transducer used in a Sound Level
Meter (SLM) is a microphone. This is a
sensor that converts dynamic pressure
variations into electrical voltages. The
Sound Level Meter then processes these
analog signals and computes and dis-
plays a variety of descriptive parameters
about the measured sound. There are lit-
erally dozens of descriptive parameters
that can be used to quantify certain char-
acteristics of the measured sound. Which
one you use will depend on the purpose
of the measurement. For instance, are you
measuring sound levels for a community
noise standard, occupational noise expo-
sure, product noise evaluation, etc? This
article will only focus on a few of the
many measurements that Sound Level
Meters can provide.

An SLM is designed to give objective,
reproducible measurements of sound
pressure level or sound level. Figure 1
shows a 4-second time history of sound
pressure fluctuations measured with a
SLM positioned 1 meter in front of a
loudspeaker. The sound source origi-
nated from one of my favorite music
tracks, The Right Thing (at the Wrong
Time), from the Rong CD by Quiltedfish
Records. The recorded measurement is
calibrated in pressure units of Pascals.
One Pascal [Pa] is equal to one Newton
per meter squared or 1.45 × 10–2 pounds
per square inch [psi]. From Figure 1 we
see that the pressure fluctuations vary
around zero. Actually, however, the pres-
sure fluctuations vary about the static
atmospheric pressure (~101,320 Pa).
Since we generally use microphones that
are vented (resulting in a low frequency

cutoff of 5-20 Hz) we only measure the
dynamic component of the pressure fluc-
tuations. From Figure 1 we see that it is
difficult to describe the magnitude of the
sound because the instantaneous pres-
sure level is constantly changing over the
4-second time frame that was recorded.

SLMs can also weight the measured
signal as a function of frequency before
computing any descriptive parameters
for the measured sound. The purpose of
this weighting network is to simulate
how the sensitivity of the  human ear var-
ies with the frequency of sound. The
standard types of networks available for
most SLMs are ‘A’ and ‘C’ weighting. The
‘A’ network weights a signal in a manner
that approximates an inverted equal
loudness contour of human sensitivity to
pure tones at low sound pressure levels.
The ‘C’ network weights a signal in a
manner that approximates an inverted
equal loudness contour for human sensi-
tivity to pure tones at high sound pres-
sure levels. In addition to these frequency
weightings most SLMs have an ‘L’ (linear
or overall) setting that does not weight
the measured signal. All the measure-
ments in this article have been made
without any weighting thus they are all
linear or unweighted.

Once the signal has been weighted, the
resultant signal is passed through a cir-
cuit or calculation to determine its Root
Mean Square (RMS) value. The RMS
value is very important in sound mea-
surements because it is directly related to
the energy of the sound being measured.
In the past, SLMs were analog instru-
ments and used RMS detection circuits to
measure the RMS level. Measured RMS
values were then displayed using an ana-
log meter. Since analog meters were typi-
cally electromechanical devices, they
were limited to how fast they could keep
up with rapidly fluctuating sounds mak-
ing it difficult to accurately measure the
level. Because of this problem, meters
were standardized on two detector re-
sponse characteristics: ‘F’ for Fast and ‘S’
for Slow. The Fast time constant is 125
milliseconds whereas the Slow time con-
stant is 1 second. Thus, the Fast detector
would provide for a fast reacting display
allowing the meter to display a sound
level that was not changing too rapidly.
The Slow detector would give an even
slower response thereby letting the ana-
log meter display levels that otherwise
would be difficult to read using the Fast
time constant.

Today’s SLMs use digital displays
which no longer have the response limi-
tations of the analog meter. However,

they would still be difficult to read if the
RMS values being displayed were up-
dated too rapidly. Because of this, most
SLMs display the maximum RMS value
within the preceding second. The detec-
tor response setting of Fast or Slow now
really just depends upon the standard to
be followed.

The RMS detectors in most SLMs use
an exponential, moving average tech-
nique that is continually accepting new
data. The equation below illustrates the
method:

In the above equation the sound pres-
sure p(t) (see Figure 1) is squared and
multiplied by an exponential decay fac-
tor. When the time of integration τ  is near
the current time t the value of the pres-
sure squared is essentially undimin-
ished. For times less than the current
time, the value is diminished exponen-
tially so it becomes less important. The
constant T expresses the rate at which the
older data become less influential. The
larger the value of T the slower the decay
factor reduces and the slower the re-
sponse of the system to rapid changes.
The values of T are the standardized val-
ues of Fast (125 ms) and Slow (1000 ms)
as discussed above. Figure 2 shows the
computed RMS sound pressure overlaid
on the measured sound pressure. Notice
that the RMS sound pressure is always a
positive value and lower in amplitude
than the peaks of the instantaneous mea-
sured sound pressure.

When dealing with sound pressure we
rarely use units of Pascals because of the
extremely large dynamic range of pres-
sures that the human ear is capable of de-
tecting. The minimum sound pressure
that the ear can detect is 20 µPa. The
threshold of pain is 200 Pa, which is
10,000,000 times larger than the thresh-
old of hearing. So, when dealing with
sound pressures, we generally express
them as the logarithmic ratio of a mea-
sured pressure to a reference pressure
using decibel (dB) notation. The decibel
scale allows a  range of sound pressures
from say 0.000002 to 200 Pa to be ex-
pressed on a linearly graduated scale of
−20 to 140 dB relative to a reference pres-
sure:

From the above equation we see that the
decibel scale for sound pressures is based
on the ratio of a measured value above,
equal to or below a reference value p0. In
airborne acoustic measurements, we use
the threshold of hearing as the reference
value; that is p0 = 20 µPa. The equation
for Sound Pressure Level (SPL) in dB re
20 µPa becomes:
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The threshold of hearing is 0 dB SPL and
the threshold of pain is 140 dB SPL, a
much more manageable range of values.
If the sound pressure levels had been ‘A’
weighted, the measured values would be
specified in terms of Sound Levels in
dBA. The A-weighted sound level scale
provides a much better estimate of hear-
ing damage risk in industry and anoyance
to noise compared to an overall or linear
measurement of sound pressure level.
Figure 3 shows the RMS pressure values
from Figure 2 in terms of SPL in dB.

If I were to ask you to quantify the SPL
over the 4-second period of the measure-
ment shown in Figure 3, you would have
difficultly because the SPL is constantly
changing. And indeed most of the SPL
measurements you make would show
this type of variability and perhaps more.

Because of the variability in sound lev-
els for one or more sources, a descriptive
measurement parameter was developed
to reduce the sound level over an inter-
val in time to a single equivalent value.
This value is the Leq or equivalent con-
tinuous sound level. This can be related
to a constant sound over a specific time
interval that has the same acoustic energy
as the actual varying sound over the same
interval. If the sound source being mea-
sured emitted a constant fixed tone, the
Leq value would simply be the same as
the sound level. But what happens when
the sound level varies like that in Figure
3? The Leq is calculated using the follow-
ing equation:

where:
p(t) = measured sound pressure, Pa

p0 = reference pressure, 20 µPa
T = specified measurement duration

time, sec
The Leq is a logarithmic average of the

SL over a specified time interval T. Fig-
ure 4 shows the original SL measure-
ments with the equivalent continuous
sound level Leq (83.5 dB) superimposed.

Two other descriptive parameters are
also shown in Figure 4, the Lmax and Lmin.
The Lmax parameter is the maximum SL
that occurred in the measurement inter-
val T. The Lmin is the minimum SL that
occurred in the measurement interval T.
The three parameters Leq, Lmax, and Lmin
together effectively describe the sound
level characteristics over the measure-
ment interval T. An Integrating Sound
Level Meter is required to calculate an Leq
value. Some SLMs give the user complete
flexibility in setting up the measurement
interval T while others only have a pre-
defined set of choices for the measure-
ment interval. Not all Integrating Sound
Level Meters are the same as far as the
descriptive parameters they calculate.
For example one type of meter may only
display the Leq value where another one
may display the Leq, Lmax, and Lmin along
with a host of others. Many of the stan-

dards and ordinances used for sound
level measurements are based upon the
Leq value measured over some specified
time interval.

Another descriptive parameter that is
sometimes used as an alternative to the
Leq value for short duration, high level
sound sources is the Sound Exposure
Level (SEL). This parameter is defined as
a constant sound level lasting for one
second that has the same amount of
acoustic energy as the original sound.
This parameter is useful for comparing
different types of impulsive or short du-
ration noise events. For the 4-second
measurements shown in Figure 3 the LSEL
= 89.5 dB. The equation that defines the
LSEL is shown below and is similar to the
equation for Leq except that it is normal-
ized to 1 second instead of the measure-
ment interval T.

When your measurements require
more detailed information regarding the
sound level over a specified time inter-
val than what the Leq, Lmax and Lmin pa-
rameters provide, there is another set of
descriptive statistical parameters avail-
able with some SLMs. These parameters
are called Ln or Percentile Levels and are
based upon the cumulative distribution
of sound levels over a specified time in-
terval. For example, the L10 value is the
SL that is exceeded only 10% of the time.
Figure 5 illustrates the cumulative distri-
bution of the SL of the 4-second measure-
ment shown in Figure 3 and highlights
the L10 and L95 values.

In this Q&A column we have described
some of the fundamental sound pressure
level and sound level parameters that are
measured and calculated using Integrat-
ing Sound Level Meters. In some sense
we have only scratched the surface since
there are many other descriptive param-
eters that can be used to help quantify a
sound’s level, frequency content and time
varying nature. Determine which param-
eters are required for your specific mea-
surement circumstances and what mea-
surements are available in a specific SLM
before selecting an Integrating Sound
Level Meter.

Next Months Question: Which Signal
Processing Window should I be using to
analyze my data?
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Figure 1. Instantaneous sound pressure.

Figure 2. RMS sound pressure.

Figure 3. Sound pressure level, dB re 20 µPa.

Figure 4. Leq  and sound levels, dB re 20 µPa.

Figure 5. Cumulative distribution of sound lev-
els exceeded n% of the time, dB re 20 µPa.


