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Preface 

Sound pawer level measurements are gaining recognition 
worldwide as a means of characterizing a product's 
acoustic signature. The usefulness of sound power is well 
known among noise control experts. Unlike sound 
ressure measurements, sound power tests are indeper- 

engineers can dete) 
in an enclosure or 

ine the resulting sound pressure level 
and choose the quantity and type 

ired. With many international 
ing conformance to noise pawer 

779, the measurement has 

titive reasons, many companies 
er levels in product documenta- 

reason for the growing popularity of sound power 
‘measurements is the sharp drop in costs associated with 
‘making the measurement. Instrumentation is less expen- 
sive and new test techniques are eliminating the need for 
costly anechoic or reverberant chanbers.
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Introduction 

The trend in international trade is toward open 
boundaries and freer competition. This means 
product quality and performance will have a more 
direct impact on success or faifure in the world 
market. Acoustic noise standards and regulations 
will play a significant role in this movement for two 
reasons: ergonometrics in the work environment 
are becoming increasingly regulated and arc 
‘providing a new basis for competitive corparisor; 
and because export and import licenses will require 
compliance with specific acoustic measurement 
standards. Sound power level will be the preferred 
measurement for such standards, as opposed to 
sound pressure level, because power level is 
consistent, comparable, and more useful for noise 
control engineering 

Sound pressure level (SPL) measurements gener- 
ally provide the best indicator of human hearing 
response, but SPL measurements depend on the 
acoustic environment. Unless the test room is 
perfectly absorptive (an anechoic chamber) or 
perfectly reflective (a reverberant chamber) any 
‘measurement of SPL will be dependent on the 
characteristics of the room. Wall and floor absorp- 
tion, room geometry and volume become factors 
that influence SPL measurements due to reflec- 
tions, standing waves, and absorption. For ex- 
ample, in an anechoic chamber one might measure 
75 dB at a distance of 1 meter from the air inlet of & 
small far. In a room with several hard walls, 
however, the reading may be 79 dB at 1 meter from 
the inlet. This difference makes comparison 
between different fans less reliable. An alternative 
technique would be to measure all fans at 1 meter 
from their inlet in a qualified anechoic chamber. 
‘The probleru with this specification s that it does 
not account for potential soutces of noise that are 
emitted in other directions. In contrast, such 
directivity is accounted for when measuring total 
sound power. 

Sound power s a useful technique for noise 
abatement because it s possible to compute SPL at 
a specified distance from an object given its total 
‘sound power—and therefore calculate the amount 
of sound absorption needed ta limit the noise level. 

‘What is Acoustic Sound Power? 

Acoustic sound power is the acoustic energy per 
unit time emitted by a device. Acoustic power 
Tevels of many devices are quite small; for example 
acoffee grinder may emit only 0.005 W of acoustic 
power. Other devices emit enormous amounts of 
acoustic energy. A racket at takeoff can emit 
100 MW of acoustic poswer; much of which is low- 
frequency noise that propagates for miles. 

Sound power has units of “Watts,” butis usually 
referred to in decibel units, with areference of 
1pW (107 Watts). 

  i :wwg[‘: 1 
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here W,= 10° Walt and W = total acoustic power. 

150 9296 requires documentation of acoustic 
‘power ratings in units of “Bels,” where 1 Bel is 
equal to 10 dB reference: 1 pW. 

w 
Bels = log[ W ]   

How is Sound Power Measured? 

Acoustic sound power is not measured directly but 
s derived from the measurement of sound intensity 
on a surface enclosing the test article as shown in 
figure 2. The units of sound intensity are Wnr', so 
total sound pawer can be calculated by multiplying 
the average sound intersity over the entire closed 
surface by the surface area: 

Vi =i 
where 1 is the average intensity over the 
surface, and A, isthe totalares of the enc 
surtace. 

    

Two basic techniques are used to measure sound 
intensity. The first technique uses a sound intensity 
probe and a sound intensity analyzer (o measure 
sound intensity directly. The second technique 
‘uses a microphone and a 1/2-octave analyzer to 
‘measure sound pressure level in a special acoustic 
environment, such as an anechoic chamber. 
Measurement procedures for each of the two 
techniques are quite similar:  



1) Select a facility that matches the require- 
ments of the test—for example, an anechoic 
chamber with a hard, acoustically reflecting 
floor for pressure measurements, or a confer- 
ence room for sound intensity measurements. 

2) Place the device on an acoustically-rigid 
stand. 

) Define a measurement surface, usually box- 
shaped, surrounding the device and termi- 
nated by the reflecting plane (floor). Choose 
‘measurement positions. 

4) Calibrate microphones and do field checks to 
confirm the acceptability of the measurement 
environment. 

5) Measure pressure or intensity at each 
position. 

6) Verify that the number of measurement 
positions is sufficient. 

7) Compute total sound power. 

8) Document results. 

Using this Application Note 
This application note examines twa techniques for 
measuring sound power: pressure measurement in 
a free field over a reflecting plane, and the sound 
intensity method. Test procedures for each tech- 
nique are presented with a detailed 10k at instru- 
mentation and facility requirements. To help 
compare the two techniques, two measurement 
surveys of the sound power of a laser printer are 
documented. One survey uses pressure measure- 
ments in a free field over a reflecting plane, and 
the other uses sound intensity in a conference 
room. 

Selecting the best technique for measuring sound 
power levels requires trade-offs betsween capital 
costs of instrumentation, facilities cost, direct test 
cost and time, and measurement accuracy. Tn the 
concluding section of this document each mea- 
surement technique is assessed relative to these 
factors 50 you can choose the test technique you 
prefer. 

Evaluating Sound Power Using Sound 
Pressure Measurements 

Using sound pressure measurements to determine 
‘sound pawer levels is a well-established technique. 
ISO 3744 and 3745 are two international standards 
that define procedures for (esting nose sources using 
free-field environments. 1SO 3744 has fewer con- 
straints on the test environment and is used for 
sound power measurements with engineering-grade 
accuracy, and IS0 3745 is a precision technique with 
ight constraints on the semi-anechoic environment. 
Each test standard requires careful attention to the 
test environment or chamber to ensure that the 
assumption of proportionality between pressure and 
intensity remain valid swithin a specified accuracy. 

The basic test procedures covered in IS0 3744 and 
1S0 3745 ave covered here, these techniques are the 
same as most test standards for sound power mea- 
surements. Any differences in requirements are 
usually dependent on the objective of the standard. 
For example, IS0 7779 is a sound power measure- 
ment standard for office machines. It is based on IS0 
3744 and 3745, but in addition to sound power it also. 
requires specific sound pressure level measurements 
for operatar and bystander positions as well as 
impulsive and tonal measurements. 1S0 7779 re- 
quires these additional measurements because office 
‘machines can exhibit impulsive and tonal noise 
which can be ergonomically objectionable. 

Basic Assumptions 

In a free field environment where plane progressive 
waves are freely propagating, the relationship 
between intensity and pressure is: 

o2 
[=—Dm pe 
where pe = the characteristic impedance of air 

415 N at 20°C and baromeri pressiure 1013 rbar.   

Coincidently, the intensity level and sound pressure 
level in a free field are numerically almost equal. 

  

“This can be shown as follows: 

1togL, 1 =102 % 
Iy m 

  

Lp=1010g L R, =20x10 0 p, 
B g



    

  

  

Lp - Ly = Pressure — Intensity Level Difference, 

Lp—Ly=10log—5 _1010g(EL45_ 0.16. 
@0y 0 

  

The 0.16 dB difference varies with the impedance 
of air pc, which in turn depends on air temperature 

00, L,=L,. 

The quantity L,-L, is called the Pressure-Intensity 
Index. Tt is used frequently in sound intensity 
‘measurements hecause it descrihes the sound 
field. A low P-l index means the environment is 
active, or nearly free-field. A high Pl index 
indicates that much of the pressure is due to the 
existence of a reactive sound field.* When using 
the free-field assumption for evaluating sound 
power via sound pressure level measurements, it is 
eritical that the acoustic environment have a P-1 
index as close (o ze10 as possible. 

   

Active and reactive sound fields are covered i greater decall 
i the sound lntensity section. 

Measuring Sound Pressure 
Sound pressure level is the simplest and, by far, 
the most prevalent measurement in acoustics 
today. The condenser microphone has been used 
for 50 years to convert pressure fluctuations from 
sound waves into electrical signals to be amplified 
and analyzed. Acoustic instrumentation continues 
1o become more powerful and less expensive, 
because of the incorporation of analog:-to-digital 
converters and digital signal processing integrated 
circuits in mass produced consumer electronics. 

The Mechanics of Sound Waves 
Sound is created by the small mechanical displace- 
‘ment of air molecules. The piston in figure 1 
creates sound waves in the tube when it 
vibrates. When the pistan moves in the direction 
of the open end of the tube, the airspace in front of 
it becomes compressed. This compression pro- 
duces an axial pressure gradient between the 
compressed region and the undisturbed region 
downstream. The pressure gradient causes air 
molecules to accelerate. The motion of this air 
mass causes the wave of compression (o move 

piton ispacament 

> gases comprss 

Figure 1: Piston displace- 
‘ment canses compression 

down the tube. When the piston then moves in the 
‘opposite direction, the airspace in front of the 
piston becomes rarefied. This pattern of compres- 
sion and rarefaction produces sound. These 
minute pressure fluctuations may be audible if the 
frequency of fluctuation is between 20 Hz and 
20 kHz and the pressure amplitude is at least 
20 P4, 0r 2 x 10 atmospheres. 

Converting Sound Waves to an Electrical 
Signal: Condenser Microphones 
Condenser microphones are the most common 
transducer used for acoustic measurements. They 
generally have high sensitivity, so that low sound 
pressure levels can be measured accurately. They 
also exhibit linear behavior over a wide dynamic 
range. Another characteristic of condenser 
‘microphones is excellent flatness. When used in 
their specified frequency range, a typical con- 
denser mierophone exhibits a flat response to 
within +2 dB. Most importantly, high quality 

 



  

Table 1 shows typical specifications for a 1/2-nch 
free field microphone. (Note this microphone size 
represents excellent compromise in ferms of 
sensitivity, frequency range, and size.) 

  

AHzt0 20Kz (- 208) Frequency Resporse 
Sansiviy PRV 
Capaciance T8 
Upper SPLLinit sam 
Lower $PL Uit 1568 
Resonance Frenuency s 
Polrzston Votago oy 
Tamperaurs Sentivy wonasrc 
Aging amdsiye 
Statie Prassure Sonstvey 0001 dB/mbar 
Diamatar USinchnzinm 

Instrumentation for Measuring 
Sound Pressure 
Instrumentation for evaluating sound power levels 
using sound pressure Imust make measurements 
with sufficient accuracy. Requirements are 
typically as follows: 

Real-time 1/3-octave analysis meeting ANSI SL11- 
1986. Accuracy in the 13-octave filter standard is 
specified for each individual filter. The standard 
defines amplitude accuracy, pass band ripple 
tolerance, 1/3-octave filter shape, tolerance on 
equivalent sound power, and other important 
factors governing the design of 1/%-octave filters. 
An analyzer that meets the requirements of a Type 
1-D filter provides consistent, accurate results for 
‘sound power measurements. 

Digital or analog A-weighting filters that meet 
ANSISL4 or IEC 651. A-weighting filter networks 
are required to measure A-weighted sound power, 
I 

Many standards also specify sound pressure level 
measurements at the operator or bystander 
positions. Often these levels require special 
filtering and detection circuits. For example, the 
1S0 7779 Acoustics—Measurement of airborne 
noise emitted by computer and business equip- 
ment requires the following measurements: 

    

  

Table 2 1507779 Messurements 
e e 
Measurement Bond Lovels Overall Lovels 
Sound Poveer ssspacifiod required 
spL o3 speciied roquired 
Impulsive SPL o3 specified a5 secind 
Discrte Tones (FFT) narrowband 

Nota: “As specifiod” maans that the specifing entty can 
include those messurements ina spacication 

Inthe past, each of these measurements were 
‘made with a different analog analyzer. A precision 
impulse sound level meter was used for the overall 
levels, a real-time 1/3octave analyzer was used for 
the 1/3-octave SPL, and an FFT spectrum analyzer 
was used for the tonal measurements. Recently, 
several real-time analyzers have emerged with the 
ability to measure all required parameters by 
simply selecting different measurement modes on 
one analyzer. This is possible with the use of real- 
time digital signal processing hardware and 
algorithms. 

Most modern digital analyzers use a similar 
process. The incoming signal s digitized using 
analog to-digital converters. For real-time 
1/3-octave filtering, the sampled signal is sent 
through digital Butterworth filters, and each 1/3- 
octave band is integrated using linear or exponen- 
tial averaging routines. For impulse detection, the 
digital data is sent through a custom digital 
impulse detector (having the necessary fast rise 
time constant of 33 s and the slow decay time 
constant of 15 5). For overall levels, the energy in 
the digital samples is integrated over a specified 
‘bandwidth. Finally for FFT analysis, the digital 
data strean is fed into FFT processors—in blocks 
of sumples—with the specified overlup and. 
window applied. 

  

v 

v 
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Selection of the analysis mode is usually done via 
the front panel. But f the instrument has an on- 
board processor or is controllable over the HP-IB 
(IEEE-488 bus) or via RS-232, the selection of the 
‘measurement mode can be handled automatically. 
In this case the entire procedure for a saund 
power evaluation can be programmed to start with 
the push of a single button. 

Test Environment 

To ensure that the basic assumptions for 
measuring sound power using pressure measure- 
‘ments are ret (per 150 3745), tests are conducted 
ina seml-anechoic chamber. A semi-anechoic 
chamber (somtimes called a hemi-ancchoic 
chamber) is an anechoic chamber with a hard, 
reflecting floor. The chamber must be free from 
reflecting objects and surfaces (except for the 
reflecting plane). 

Test Chamber Size 
The test chamber must be Targe enough o allow 
the measurement surface to be placed outside of 
mearfield effects and in the free field. Because the 
size of the near-ield environment depends on 
acoustic wavelength, the size of the measurement 
surface and the volume and shape of the test. 
chamber is usually determined by the low fre- 
quency measurement requirement since the lower 
frequencies have the longest wavelengths. 

One conservative rule-of-thurb for determining 
the measurement distance (the distance from the 
noise source to the measurement surface) is that 
the far field begins at a distance equal to twice the 
maximum dimension of the noise source. For 
example, a printer with a maximum dinension of 
50 cm should have a measurement distance of 1 m. 

‘The walls of the test chamber must not be (0o 
clase to the measurement surface, This distance 
should be at least 2/4 , where 4 is the wavelength 
of sound corresponding to the center frequency of 
the lowest 1/3-octave band required. So, for 
accurate measurements down to the 100 Hz 13- 
octave band, the mininum distance from the 
‘measurement surface to the acoustic treatment in 
the chamber should be: 

  

  

Near Field 
In the immediate proximity of a noise 
source—such as a vibrating surface— 
acoustic energy is composed of both 
active and reactive components. The 
active component represents energy flow 
similar to that which exists in a free field. 
The reactive component represents the 
energy in a reverberant room or standing 
wave tube. The reactive component can 
actually dominate the active energy flow 
close to the source, but dissipates quickly 
because of the lack of reflecting surfaces, 
such as those at the end of the wave tube. 
or the walls of a reverberant chanber. 

So for accurate measurement of active 
energy flow using sound pressure level, it 
s important to measure SPL at some 
distance away froma the vibrating surface. 
“This ensures that the reactive component 
Tas died out and the active portion can be 
measured correctly. 

“The Pressure-Intensity Index is a good 
indicator of bad measurements in the near 
field. This is because the reactive pres- 
sure contributes to the overall pressure 
reading, thus making the P-1 index notice- 
ably too high.   
  

  

For acceptable results in the 100 Hz frequency 
band, the measurement surface should be at least 
0.86 m from the acoustic treatment.



  

Absorption of the Test Chamber 
Since the test chamber is semi-anechoic, repre- 
senting a free field over a reflecting plane, the 
ideal test chamber walls and ceiling would have an 
absorption coefficient of 100% over the frequency 
range of interest and the floor would have an 
absorption coefficient of 0%. Practical require- 
‘ments specify wall and ceiling absorption to be 
greater than 89% and floor absorption to be less 
than 6%, when measured in a plane-wave imped- 
ance tube, 

Test chamber walls are normally treated with 
wedges of absorptive material, with a small air 
space behind them. The total recommended depth 
of treatment including the air space is 
A4, where . s again the wavelength of sound 
corresponding to the center frequency of 
the lowest /3-octave band. For the 100 Hz 
1/3-octave band, this corresponds to a depth of 
material and airspace of 0.8 m. 

Unwanted Reflections 
Reflections can oceur from any exposed object 
such as vents, piping, ductwork, and cables. To 
reduce measurement error, all reflecting surfaces. 
should be placed outside the chamber walls. 

Practical Considerations 
Other factors play an important role in the design 
of anechoic test chambers: 

air conditioning and ventilation noise 

noise and vibration from local traffic 

background noise from within the facility 

These factors may reduce accuracy or constrain 
the usable frequency range of inadequately de- 
signed chambers. 

Measurement Surface 

The standard measurement surface for sound 
povwer evaluation is box-shaped, called a rectangu- 
lar parallelepiped, terminated by the hard reflect- 
ing floor. As mentioned previously, the measure- 
‘ment surface should be located outside of the near 
field, yet as close to the source as possible. The 
distance between the noise source and the mea- 
surement surface is called the measurement 
distance. I is typically L m. Microphones are 
Tocated on the measurement surface at regular] 
spaced positions as shown in figure 2a. For small 
noise sourees it may be more convenient to use a 
‘Temispherical surface similar (o figure 2b. 

   

Microphone Location and 
Orientation 
A minimum of nine microphone positions arere- 
quired for the parallelepiped measurement surface 
as shown in figure 2a._Additional microphone 
locations may be required if the noise source is 
long or if the noise is highly directional. 

There are two tests for determining if more 
microphone locations are needed. First, the 
difference between the highest and lowest mea- 
sured SPL must be less than the number of micro- 
phone locations. For nine microphones, the range 
of measured sound pressure levels must be less 
than 9 dB. Secondly, if the noise source is long 
such that the parallelepiped has a side that is more 
than twice as long as the measurement distance, 
the additional microphone locations (as indicated 
in figure 2a) must be measured. 

Free field microphones are recommended for SPL 

‘measurements in a semi-anechoic chamber 

because it is a free field environment. To obtain 

the flattest frequency response, the microphones 
should be pointed at the geometric center of the 
noise source. 

Instrumentation Configuration 
and Setup 
A sound power test for ISO 7779 requires sound 
‘pressure measurements at nine locations. In 
addition, measurements are required at the 
operator loeation and four bystander locations. 

v 

v



    
    

  

“This means that an array of 10 to 13 microphone 
‘positions are required to satisfy IS0 7779, 

Several instrumentation configurations can be 
used to measure 13 microphone locations. If test 
time is critical, it is possible to measure all 13 
positions simultancously using a multichannel 
analyzer. This configuration requires 13 micro- 
‘phones and preamps, 7 two-channel microphane 

P — e sosns 

Figure 2a: Miero- 
phone positions of 
a parallelepiped. 

Figure 20: A hewi- 
spherical measurement 
surfuce for smaller 
devices 

power supplies, and at least thireen channels of 
real-time analysis. This system would be the most 
expensive, but in certain circumstances it could be 
economical. One benefit of this test setup is that 
all measurements are taken simultaneously, so far 
less variation due to operating conditions could be 
expected. This may be important for devices with 
transient or intermittent acoustic signatures.



If time is less critical, a more typical configuration 
could be used. This consists of 13 microphones 
and preamps, 7 microphone power supplies, 
multiplexer, and a two-channel real-time analyzer 
as shown in figure 3. Through HP-IB program- 
ming, this system could rmake complete sound 
power evaluations without human intervention, 
although the microphones would be measured two 
atatim 

    

  

  

Aless expensive system configuration is 2 micro- 
‘phones and preamps, a two-channel power supply, 
and a two-channel real-time analyzer. Measure- 
‘ments with this system are much more tedious 
than with the previous (wo because the micro- 
phone pair must be moved and oriented before 
every measurement. 

  

Flgure 3: The HP 356654 
s 8 two-chanel real-time 
analyzer that can be 
programmed to cantrol a 
multiplexer for automated 
measurements. 
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Test Procedure 
Once the test chamber is prepared, the measure- 
ment surface specified, and the instrumentation 
system configured, it is possible to start making 
measurements. The following test sequence is 
typical for a sound power measurement per IS0 
78, 

  

Field Calibration 
Each microphone system, including the micro- 
phone, preamplifier, power supply, and analyzer 
input channel must be calibrated before every 
series of measurements. The calibration must be 
performed at one or more frequencies with an 
accuracy of +0.5 dB. The sensitivity of the micro- 
phone system is set using a piston phone or sound 
level calibrator. A pistonphone is typically 
aceurate to better than =0.3 dB, and a sound level 
calibrator is accurate to within the required 
205 dB. 

Background Measurement 
All SPL measurements must be corrected for 
background noise, unless the background noise is 
more than 10 dB below the measured SPL. There- 
fore the first step in & sound pressure measure- 
ment is to measure SPL at all microphane loca- 
tions—including operator or bystander locations— 
with the noise source turned off. This background 
SPLis subtracted from the measured SPL as 
follows: 

  

L, =10log{10" "< ~10%1F2 ), 

where I, is the corrected sound pressue level, and 
L_is the reasured sound pressure evel with the 
noise soutce tumed on, and 

  

L, i the background sound pressurs level with 
the noise source tumed off. 

Check for Range of SPL. 
After the background noise check, the noise 
source is turned on and the SPL is measured at 
each microphone location to determine if the 
range of SPLis acceptable. If the range of sound 
‘pressure values (i.e. the difference in dB between 
the highest and lowest levels) is less than the 
number of microphone positions on the measure- 
‘ment surface, then the locations are acceptable. 

  

v



Operational Measurement 
‘The next step is the measurement of SPL used in 
the actual sound power calculation. With the 
equipment operating, the sound pressure level is 
integrated over an interval that includes at least 
three whole cyeles of operation. The minimur 
integration time is usually § seconds, however is 
can easily extend to 52 seconds for long opera- 
tional cycle times, 

‘The averaging should be a linear integration of 
sound pressure, often referred (o as Leq. A- 
weighting should be applied to the overall mea- 
surement—however, the 1/3-octave band data 
should be unweighted. 

Measuring at Operator Positions 
Pressure level measurements at the operator or 
bystander position should be made next with the 
following detection schemes: 
Acsweighted linear overall SPL and unweighted 13- 
octave band level SPL 
Overall A-weighted impulse 
Unweighted narrowband FET 

Computation of Corrected SPL and Total 
Sound Power 
SPLs at all locations are corrected for background 
levels. The overall surface-averaged SPL is then 
calculated as follows: 

Loa 

  

1 X o, 10log| — 310" o F ™). 
sohere N s the number of mictophone locations on 
the measurement aurface, 
L, is the corrected, A-weighted sound pressure. 
16velat each location, and 
[ — s o 
The fotal A-weighted sound power level i calcu- 
lated from the following equation: 

T mnmog{si], 3 
Where S s the total aren of the rueasurement 
surtace,in ¥, and 
5, the reference area, which s 1 1. 

  

1 

‘This equation only applies if the standard measure- 
ment surface is used (where each measurement 
location represents the same surface area). If 
‘some other microphone spacing is used (where 
each microphone represents different surface 
areas), then the equation s as follows: 

i[lo“‘"‘““ xs‘)], 

where S, s the area covered by the  microphone 
location. 

    

Lwa I)log[ 

Test Report 
A test report for a sound power survey shouid 
contain the following information: 
Name and model number of equipment being 
tested 

A-weighted sound power level, Ly, , in dB, refer- 
ence: 1 pW for idling and operating modes 
Sound power levels, Ly, in dB, reference: 1 pW, in 
1/3-octave bands for idling and operating modes 
Description of the operating conditions 
Description of the measurement surface, measire- 
ment distance, surface area, microphone location 
‘and microphone orientation 
Background corrections 
Date, time, and location of test 
Name of the person doing the testing



  

Evaluating Sound Power 
Using Sound Intensity 
Measurements 

The need for sound power measurements is well 
Known and accepted in the noise control engineering 
community. Over the past several decades, however, 
many vendors and their customers have been slow to 
adopt sound power testing as a requirement because 
of the prohibitive cast of test facilities. Building and 
equipping even a modest test charber could cost a 
small company a year's profit. Fortunately, there is a 
‘measurement technology that can eliminate the need 
for testing in chambers—sound intensity, Measuring 
‘sound intensity directly not only eliminates the need 
to build a semi-anechoic chamber, but can also relax 
other measurement constraints such as the presence 
of external noise or measurements in the near field. 

If using sound intensity has so many advantages, why 
hasu't it been used more often? Previously, sound 
intensity test equipment was very expensive and 
cumbersome. And although the cost of a sound 
intensity system was less than the cost of an 
anechoie chamber, it was more expensive than 
companies were willing (0 pay for custom, dedicated 
electronic instrumentation. Modern real-time 
analyzers that can measure sound intensity are now 
more portable and far less expensive than in the past, 
50 the price of instrumentation for sound intensity is 
no longer a constraint. 

But the most important development with sound 
intensity techniques has been acceptance by the 
engineering community. In the past, many 
domestic and international standards specified the 
use of sound pressure level to evaluate sound power, 
not sound intensity. Now standards are being 
adopted, such as ANSI S12.12-1992 and ECMA-160, 
that offer guidance and credibility to manufacturers. 
for the use of sound intensity. This opens the flood- 
gates for the general acceptance of its use in industry. 

‘This section covers sound power measurernents 
using the sound intensity method. A deseription 
of sound intensity measurements and constraints is 
presented, so that the advantages of sound intensity 
can be better understood. Finally, a description of 
recommended test procedures associated with this 
relatively new technique is given. 
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Eliminating the Need for Chambers 

Previausly in this application note, the concept of 
determining sound intensity by measuring sound 
pressure level in a free field was presented. It was 
explained that a precise relationship between 
sound intensity and sound pressure exists in a free 
fleld as follows: 

  

Since the accuracy of measuring sound power 
with sound pressure depends on this free field 
constraint, it is necessary to carefully control the 
acoustic environment. Because of this, expensive, 
dedicated semi-anechoic chambers are necessary 
for pressure measurements. 

  

Sound intensity reduces the need for the free field 
constraint because intensity is measured directly 
with a very relaxed assumption about the acoustic 
environment, 

‘What is Sound Intensity? 

Sound intensity is the rate of flow of acoustic 
energy in a given direction. Since it is a vector 
quantity, it can be used to assess the net power 
emanating from a surface. Total sound power can 
e computed by adding the net power contribution 
from each portion of the measurement surface, 
assuming that the measurement surface surrounds 
the noise source. This is also how net pawer is 
computed when using pressure measurements in a 
‘semi-anechoic chamber, as in the previous section. 

Intensity is actually composed of two companents: 
aetive and redctive intensity. Active intensity is 
the focus of this section of the application nate—it 
‘represents the net flow of energy and is caused by 
pressure gradients. Reactive intensity, on the 
other hand, is the acoustic energy that is stored in 
an acoustic medium but does not cause energy to 
flow. Such an environment exists in a reverberant 
room or a wave tube. Because of the hard walls 
and high reflection coefficients, the sound pres- 
sure can be quite high even though very little 
acoustic energy is absorbed by the walls or 
transmitted from the room. 

 



Analytically, active intensity is differentiated from 
reactive intensity by the phase of the particle 
velacity relative to pressure. In an active environ- 
‘ment, pressure and velocity are in phase, so there 
is power being transmitted and therefore a net 
flow of energy. In a reactive environment, pres- 
sure and particle velocity are out of phase, 50 no 
power is being transmitted. When pressure is 
highestin a reactive environment, velocity is zero. 
Inan aetive environment, when pressure is 
highest, so is veloci 

  

Measuring Power in the Presence of 
Noise 

Abig advantage of using sound intensity instead of 
pressure to measure total sound power is that 
steady external noise sources do not contaminate 
the intensity measurement. This is because 
intensity is a vector quantity; as shown in figure 5. 
When the contribution to an external noise source 
is positive on one surface, it will be negative on 
the opposite side. This results in a net power of 
zero from the surface. 

‘The external noise source must be steady, or 
errors occur when the net power is summed. This 
is because the intensity due to noise into one side 
of the measurement surface might not be cqual to 
the intensity out of the other side—if measure- 
‘ments are doue at different times, or the external 
noise source is intermittent or different between 
the two measurements. 

Most common noise sources are steady. Examples 
are air conditioning noise or the hum from lights 
or transformers. Other sources of steady noise 
can be cooling fans on instrumentation or the 
whine of a disk drive. 

Note that sound power measurements using sound 
pressure could never be done in the presence of 
noise because pressure is a scalar quantity—that is 
‘magnitude without direction—so sound pressure 
due to external noise could not be differentiated 
from the device under test. Therefore, the noise 
would contaminate the measurement. 
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How is Sound Intensity Measured? 

In contrast to pressure (measured directly with a 
‘microphone), sound intensity must be calculated 
in real-time from measurements of pressure and 
particle velocity. The transducer that measures 
pressure and particle velocity simultaneously is 
called a sound intensity probe as shown in 
figure 4. The electronic instrument that computes 
sound intensity in real-time is called a sound 
intensity analyzer. Sorne newer 1/3-octave real- 
time analyzers are capable of computing sound 
intensity in real-time. In this section, we'll explain 
how sound intensity probes and analyzers work. 

  

Figure 4: Newer 13-octave real- 
tie analyzers with intensity 
probes can measure both 
pressure and partiete velocicy at 
the same time. 

Intensity from Pressure and Velocity 
Intensity is equal to the net power per unit area. 
Sinee power is equal 1o force times velocity, in a 
given direction, the following relationship exists: 

¥ oExv Fovepxy, 
A A 4 

W is pomer, Ais area, 
Fs force, Pis pressure, and v is velocty. 

  

   



Because velocity is a vector quantity and pressure 
is a scalar quantity, intensity becomes a vector. So 
the general relationship at a point in space is as 
follows: 

Pxv 
The velocity vector, and therefore the intensity 
vector, has three componients in space: (L, 1, 1) 
Typically a probe will measure sound intensity 
only along its axis, as shown in figure 5, so the 
measured intensity is the dot product of the actual 
intensity vector and the axis direction vector: 

  

1, 

  

s T iy 

  

Figure 5: The intensity 
ector from the measure- 
ment surfuce is the x 
component of the vector 
emanating from the souree. 

When evaluating sound power, the inensity 
component from a measurement surface is impor- 
tant, since this is the component that determines 
the total sound power of the device under test. It 
s therefore necessary when measuring sound 
power with an intensity probe to keep the probe’s 
axis normal to the measurement surface. This can 
be difficult if the measurement surface is curved 
or irregular. 

Measuring Veloeity in One Direction 
The biggest technical challenge in sound intensity 
measurements is the measurement of veloci 
Currently, the best method for measuring velocity 
i the pressure difference technique. From equa- 
tions of motion, a relationship between velocity 
and pressure difference can be found so that 
welocity can be computed from the pressure 

  

1 

v 
difference between two microphones. IfV, is the 
component of velocity along the probe axis, then 
intensity along the probe axis equals velocity times 
pressure; 

Torabe =P Vprobe - 
Measuring intensity can be accomplished with two 
‘microphones by computing the velocity term from 
their pressure difference and the pressure term 
from thelr average pressure. 

Converting Pressure Difference to Velocity 
From meteorology we know that winds blow when 
there s a pressure difference between two loca- 
tions. Similarly in acoustics, a pressure difference 
causes acceleration of air molecules. Newton's 
Secand Law, F = m x a, governs both phenomena. 
For compressible fluid flow, Newton's Second Law 
relates pressure, density, and rate of change of 
velocity (acceleration) as follows: 

’%(K,t):fln%(xrl)v 

shr e ¢ 
» 55 001 s e pressare gadient 

» 
S 0t) s the time e of change ofslocity Gacce ). 

Restating this equation in terms of rate of change 
of velocity, 

1P L&y 0. 
Po X ) 

  %(x,t), 

For a sound intensity probe in figure 7, the 

kS pressure gradient, SC(x,0), is approximated by 
the following equation: 

By-F P 

i     
swheee Aris the microphone spacing. 

Alsa since velocity is the time integral of 
acceleration, then 

e LT w [, 
so for the sound intensity probe, 

  



  

‘This equation represents the measurement of 
acoustic velocity at a point in space midway 
between the microphone pair. The equation for 
pressure at precisely the same point is much more 
straightforward: 

P +P s 

The equation for sound intensity measured along 
the probe axis can then be computed as follows: 
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This is the algorithm used in a real-time analyzer 
to compute instantaneous intensity from two 
simultaneous measurements of pressure. Since 
intensity is needed in each 1/3-octave band of 
interest, each pressure signal is passed through a 
bank of digital 13-octave bandpass flters before 
computation. Figure 6 depicts the processing 
‘method to compute sound intensity. The sum and 
integrated difference of bandpass filtered pressure 
values are combined and averaged as shown. 

  

  

The Two-Microphone Sound 
Tntensity Probe 
The transducer most used for sound intensity 
measurements is a dual microphone pressure- 
pressure sound intensity probe. It uses two 
phase-matched microphones mounted on a long 
handle. ‘The microphone diaphragms usually face 
each other separated by a solid spacer as illus- 
trated in figure 9. Other configurations can be 
used successtully (such as two parallel micro- 
phones), but the face-to-face arrangement using a 
solid spacer betyeen them gives the best perfor- 
mance. 

The microphones of a sound intensity probe must 
be able ta measure intensity in the frequency 
range of interest. In addition, the probe’s mech- 
anical components should not affect the sound 
field. To meet the accuracy specifications requir- 
edin standards such as IEC 1043, a probe will 
often use high-quality, phase-matched, free-field 
condenser microphones. For frequency ranges 
between 50 Hz 10 6300 Hz, a 1/2-inch microphone 
pair is used. For measurements up to 10 kHz, a 
smaller 1/4-inch microphone pair may be re- 
auired, 

To provide optimum dynamic measurement 
capability, a sound intensity probe must be 
capable of using spacers of different sizes. 
Common spacer sizes range from 6 mm to 50 . 
Larger spacers are required for lower-frequency 
measurements, 

As shown in the next 
section, the quality of the 
microphone phase match- 
ing and the selection of the 
spacer between micro- 
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Figure 6; Depicts siguals 
trom two pressure micro- 
phones which are combincd 
to compute intensity in 
M-octave bands. 

  

phones play a key role in 
defining the range of 
frequencies and acoustic 
environments that yield 
accurate measurements. 

      

 



Sources of Measurement Error 
Making accurate sound intensity measurements 
requires knowledge of the limitations of the sound 
intensity probe and analyzer. Because sound 
intensity requires two parameters to be measured 
simultaneously—pressure and velocity—sound 
intensity is more difficult to measure than sound 
pressure alone. High-quality probes and analyzers 
that are closely phase-matched ean help, but even 
50 the limitations of the system should be known 
to ensure accurate measurements. 

     

  

High-Frequency Errors 
There are many possible sources of measurement 
error at high frequencies: 
Physical effects of mierophones, protection grid, 
spacer and probe body 
Amplitude and phase match of the system 
Effective spacer distance variation 
Straight line approximation exror 

Pressum Approximation Erors 
Py Bt Pressure t Midgaint 

L PP pengepressre      

   ence approximation 
ervors affect both 
mean pressure and 
velority calculations. 

At high frequencies, these sources of error are 
dominated by the straight line approximation 
error—assuming that a high quality prabe and 
analyzer are used. The straight line approximation 
actually introduces two errors at high frequencies; 
incorrect pressure and incorrect velocity. The 
combined cffect is analyzed in appendix B by 
analyzing a mathematically-known acoustic wave. 
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Intensity at a probe’s midpoint, derived from 
pressure measurements at two microphones, is 
compared with the exact intensity at the midpoint 
derived from the exact pressure equation. 

  

As derived in appendix B, the approximation error 
depends upon the size of the spacer between the 
microphones and the wavelength: 

  

Cprobe = 1010 

  

“This error formula is used to determine the 
permissible frequency ranges for a specified 
microphone spacing. The following chart shows. 
the approximation error plotted against frequency 

rophone spacing of 6mm, 12mm, and 

  

Er
or
-0
8 

    

Spacer size 
can greatly lmpact 
‘approximation errars 
s frequency changes. 

For an approximation error of 1 dB or le: 
surements are acceptable at or below the freq- 
uencies listed in table 3 on page 22. As a rule of 
thumb, the erroris 1 dB or less when the ratio of 
spacing to wavelength is Tess than about 0,15, 

  

s, mea 

  

   
  

Low-Frequency Errors 

  

In the last section, we showed that intensity c 
be derived from two pressure readings (P, and P,) 
measured with a sound intensity probe. This 
measurement was prone to high-frequency errors 
due to finite difference approximations. 

 



  

At low frequencies, another source of error 
oceurs that has direct impact on the ability to 
‘measure velocity accurately—phase mismatch. 
Phase mismatch exists to some extent in all 
sound intensity analyzers and probes. However, 
for reasons shown below, the low-frequency 
phase match must be carefully specified for 
successful measurements. 

At low frequencies, where the wavelength is 
long relative to the length of the spacer, the 
phase difference between P, and P, will be 
small. In fact, at very low frequencies, the 
difference is so small it can be masked by the 
phase error of the probe and analyzer. This 
prablem can he compaunded by the presence of 
reactive intensity, where the sound pressure 

“level can be 20 dB or more above the actual 
sound intensity level. How are intensity, pres- 
sure, frequency and spacer size related? And 
how does phase accuracy affect intensity 
‘measurement accuracy? 

Low Frequency wit Long Reatve Wavelength 

1 Phase Crange 

Figure 9: Phase change 
across the spacer is small 
when the spacer size is short 
relative to the wavelength; 
‘malnly ot low frequencles. 

To understand these relationships and potential 
pitfalls, the parameters associated with sound 
intensity measurements must first be analyzed 
From appendix C, the relationship between 
intensity, pressure, phase difference, frequency, 
and microphone spacing s given as: 

Pl Po, SI0(6) 
2adpyAr 

where s nensiy, 
P, an P, are the pressures at microphones 1 0 2, 
i the mogsured phase diference between channel 
and chamel 2at frequency . 
9, 5the densty, and 
s the spacor sae 

  

Atlow frequencies, the pressures at each micro- 
phone are almost identical, 50 the rms pressure 
can be used instead of the individual pressures: 

12 Pounsin(0) 
adpodr 

  

  

The ratio of sound pressure level o intensity is 
called the pressure-intensity index and is a good 
indicator of the acaustic environment. Measure- 
ments with high P indices are more difficult 
because the phase change across the probe spacer 
becomes smaller when the pressure-intensity 
index increases. This can be shown by rearranging 
the terms: 

sing) - 2xBoAr 

  

Tt 
Since sound pressure level and sound intensity 
level are defined as follows: 

L   L, = SPL = 10log 

  

#y 

where F, = 20 b and L; = 1010 

  

sohere I, = 10° Watt 

Then the pressure-intensity index can be 
defined as: 
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TThe equation for phase angle can then be stated in 
terms of 

2mpgly _far 
R W 

‘This shows that the measured phase angle is pro- 
portional to frequency and spacer size but inverse- 
Iy proportional ta the P Index. In other words, in 
situations of high pressure relative to intensity (as 
in a reactive sound field, such as a reverberant 
room or duet), the measured phase difference is 
small. This is depicted in figure 10 for the curve 
with a Pl Index abave 10 dB. Note that the phase 
change is small even at higher frequencies. 

    sinfo 

 



Problems Measuring Small Phase Changes 
Figure 10 shows that when the P-I Index s high, 
especially over 10 B, the phase change over the 
probe spacer is small. This would not be a problem 
if the sound intensity probe and analyzer had phase 
accuracy that was much smaller than any measured 
phase change. Unfortunately, this is not the case. 

analyzers have cross-channel 
phase accuracies of +02° and the best sound 
intensity probes are matehed to within 0.05°. Ina 
moment, we'll show how these phase accuracies 
are the limiting factor in measuring intensity at low 
frequencies (where the spacer is small relative to 
the wavelength) or in reactive environments 
(where the P-1 Index is high). 
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Figure 10: Phase change 
eross a 50 mm spacer. 

Residual Intensity 
When s sound intensity probe is placed in a 
completely reactive environment where both 
microphones are subjected to the same pressure 
with the same phase, the intensity analyzer should 
indicate zero intensity. But a zero intensity reading 
is not possible, due to some residual phase mis- 
match between the microphones in the probe. The 
sound intensity analyzer indicates some residual 
intensity that reflects the phase mismatch of the 
probe and analyzer, not the saund field. This 
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remnant is called residual intensity. The level of 
residual intensity increases when the reactive 
pressure increases, so it is convenient to refer to 
this term as the residual pressure-intensity index, 
or Ly, This term defines the frequency range over 
which accurate measurements can be made. A 
typical residual pressure-intensity index for a 
probe and analyzer is shown in figure 11 
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Figure L1 Residual 
ensity and carrespan- 

ing P-1 index when the. 
tmo microphones of an 
HP 352307 Intensity 
‘probe are exposed to the 
same sound pres-sure 
within a cavity callbrator. 
‘The wicrophione spaclng. 
512 mun. 

  

  

Phase Accuracy Specifications of Intensity 
Analyzers 
IEC 1043 is an international standard that specifies 
accuracy requirements for sound intensity probes 
and analyzers. Instead of specifying phase acc 
racy direetly it defines a minirum residual pres- 
sure-intensity index versus frequency, as shown in 
figure 12, 

    

Since most sound intensity analyzers specify phase 
accuracy, not a residual pressure-intensity index, it 
is helpful ta convert one specification to the other 
Assume that the phase angle of an intensity 
measurement has an error equal to =6, where 6, 
is the phase accuracy of the measurement system. 
It can be shown that 6, s direetly related (o L. 
ince residual pressure is measured when the 

phase angle between the two microphones is 
actually zero, then the indicated intensity is all 
residual: 
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Intensity Measurement Error from 
Rasidual ressurs index Roquiraments Phase Mismatch 

o Probe, Analyzer and Systen Knowing the residual P-1 index of a sound intensity 
measurement system means that the dynamic 

    

    

    

  

  

‘; M'» capability of a measurement syster is known. 
£ Intensity smaller than the residual intensity cannot 
I be differentiated from analyzer phase mismatch 

and therefore cannot be measured. The residual 
3 intensity is dependent o the pressure, so in 
£ xeactive environments where pressure is high, the 

988308582 88888 8855888 residual intensity is also high. This sets a lower 
limit on accurate measurements of intensity and 

13-Octawe Cartier Froquency - He thus constrains the acceptable range of P-1 indices 
for accurate measurements. 

Figure 12: EC 1043 Class 1 
eairements o, e To determine the acceptable P1 range based on 
o o i the knowledge of L, the intensity error due to 
25 mm microphone spacer. phase mismatch will be caleulated. Since the 

intensity error s the difference between actual 
intensity and intensity measured with an imperfect 
probe and analyzer, the error is a fnction of L, 

Paesin(o6,) o and L, 
rpar W when 90, 

   
  1= 

For small phasc angles, where sin 6= ¢, the 
ip between the P-1 Index and the phase 

  

Ty ) 
il = o      the residual pressure intensity index based on 

8,s: 

    

poly _far 
B? wnio,)) 

  

L =108 

  

- 

‘Typical values of 0, for a system at 100 Hz might 
be +0.15%, 50 with a 12 mm spacer, the residual 
pressure-intensity index L, would be: 
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, we see that as long 
i the residual noise, 

n be ex. 

From the diagram in figure 1 
as intensity is 7 dB greater th 
less than a 1 dB measurement ervor c 
pected. We can state this in terms of relative 
‘magnitude of phase shifts; 
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S0 accurate intensity measurements require the 
phase change across the spacer (0 be at least 486 
times the cross-channel phase accuracy of the 
ysten. 

  

= 10log] 1% 
Jotn/0 ) 

  105w /10 | 

Figure 13: The ehart shows 
the expected sound intensity 
measurement error asa 
function of the difference. 
between L, and Ly, 

Off-Axis Measurement Error 

The last source of intensity measurement error to 
be analyzed is that due to the probe pointing in the 
wrong direction. A sound intensity probe designed 
in accordance with IEC 1043 has an off-axis 
response characteristic that is similar to figure 13, 
‘This follows the cosine relationship: 

  

  

    

o log[cos: - 0wgfeone] 

When measuring sound power, the probe nust be 
ely perpendicular to the measurement 

surface to prevent exrors. If the probe axis is tilted 
10°, the measured intensity will be wrong by only 
0.07 dB. This is not a significant concern. How- 
ever, a bigger error can occur from intensity that is 
perpendicular to the measurement surface. This 
component of intensity should not contribute to 
the net intensity or sound power calculation. With 
10° slant, however, the coefficient goes from 0 at 
6=90° t0 0,17 at 0=8°. This could cause an 
unwanted contribution from an off-axis source of 
noise. Although the null at 90° can cause errors in 
a sound power measurement, this characteristic is 
valuable when using intensity to precisely locate a 
saund source. 
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Figure 14s 1€ the prabe 
is not held pecpendicular 
t0 the scanning suface an 
ercor (ie. 0.07 4B at 10° 
i) will be introduced. 

Sound Power Test Procedures using 
Sound Intensity 
Successful sound power measurements can be 
made using sound intensity methods as long as the 
test engineer matches the Sound intensity probe 
and analyzer capability with the test environment. 
If measurements are (o be made in the presence of 
noise, the noise rust be steady and the phase 
accuracy of the measurement system must be 
sufficient. 

‘The following test procedures, combined with 
good engineeting judgement based on the analysis 
of potential errors in the previous section, will 
yield accurate sound power measurements. 

Select the Appropriate Frequency Range 
To determine the sound power of a device, many 
international standards require measurements in 
1/3-0ctave bands from 100 Hz to 6300 Hz. Some 
contracting agencies may extend or restrict this 
frequency range to tailor requirements to a specific 
@oup of equipment. For example, the sound 
‘power level of very large machinery such as 
hydroclectric generators may contain significant 
energy below 100 Hz, 5o the required frequency 
range for sound power testing may be from 50 Hz 
t0 4000 Hz. Likewise, a small turbine may contain 

  

significant noise power above 6300 Hz, so the 
specified range may be 100 Hz to 10 kiz. Knowl- 
edge of the required frequency range is critical for 
choosing the right test environment and the 
appropriate probe and analyzer. 

If the frequency range is extended on the lower 
side, the dynamic capability of the probe and 
analyzer will be compromised. This was shown 
earlier in the section covering low frequency 
errors. At lower frequencies, the phase change 
across the microphone spacer s smaller, 5o the 
phase accuracy of the system can affect the ability 
to measure. This situation becomes worse when 
the acoustic environment is reactive. 8o if fre- 
quencies are to be measured below 
100 Hz, care should be taken to use a very high- 
quality sound intensity probe and analyzer. Ad 
tionally, large spacers should be used and a test 
room should be as near to free field as possible 
(where L, is less than 5 dB). 

  

Tntensity measurements beyond 6300 Hz may 
requite the use of a special sound intensity probe, 
with a flat, phase-matched frequency response to 
10 kHz. The sound intensity analyzer must also 
haye the capability to measure intensity in real- 
time 10 10 Kz, 

Configuring the Sound Intensity Probe 
Once the frequency range of the test is selected, 
the required spacers for the probe can be selected. 
Spacer size depends on the frequency range, 
acoustic environment (L), and the total phase 
‘mismatch of the probe and analyzer. Often two or 
‘more spacers are required for each test. A large 
spacer is used at low frequencies and a small 
spacer is used at high frequencies. Generally if 
‘more than one spacer is used, the frequency range 
for each spacer overlaps by three or more 1/3- 
octave bands. The measurement results from each 
spacer are then combined into an aggregate 
spectrum using the band level from the measure- 
ment with the lowest error. 

 



  

The highest required test frequency determines 
how small a spacer must be for a given approxima- 
tion ervor. Table 3 shows the results of the 
previous analysis of approximation error. For an 
approximation error of less than 1 dB, each of the 
listed spacer sizes has a maxinum test frequency. 
For example, if testing is required up to the 6300 
Hz one-third octave band, a 10 i or smaller 
spacer must be used for an enor of less than 1 dB.   

Table 3: Maximum 13-Octave M 
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The lowest required test frequency determines 
how large a spacer must be. Previously, we saw 
that the low frequency capability depends on 
several factors: 
Spacer size 
Pressure-intensity index (L, 
environment 

) OF the acoustic 

Phase accuracy of the probe and analyzer 
Desired accuracy 

We also saw that low-frequency measurement 
error is a function of the actual phase shift of 
pressure across the probe spacer relative to the 
phase accuracy of the system. This can be shown 
as follows: 

  

n,:mmg[nz%}, 
6. 

501f ¢ is to be less than +1 dB, then the ratio 
an be determined: 

        

The result is that the phase change across a spacer 
must be at least 4.86 times the phase accuracy of 
the system for measurement errors of less than 1 
dB. From this ratio it is possible to determine the 
‘mininwr spacer size for a given aceuracy (1dB), 
acoustic environment, and frequency. 

  

From above, ¢ = 4.866, . In the section on low- 
cy errors, it was shown that 

    

for small phase angles. Also, since accuracy is 
required down to the lower comer frequency of a 
particular 1/3-octave band, which Is a factor of 21% 
from the center frequency, the minimum spacer 
size can be calculated as follows: 

4,860, (27, 
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where Ly i the pressure intensity nde (or acoustic 
environent), 
is the center frequency of the 1/3-octase baud of 
nterest, and 
6, the system phase xror, including probe and 
aialyaer. 
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Pigure 15: Minimum 
spacer size for various 
acoustic environments 
assuming a system phase 
accuracy of 0.1°.
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Measuring sound power from 100 Hz to 6300 Hz 
‘may require a single spacer or several spacers, 
depending on the phase accuracy of the measuring 
system and the acoustic environment. At 100 Hz, 
fora Class 1 system as defined by IEC 1043, the 
combined low-frequency phase accuracy for the 
probe and analyzer is 0.08°, A 50 mm spacer would 
allow testing even in reactive acoustic environ- 
‘ments where the P-I index is as much as 10 dB. 
Unfortunately, this 50 mm spacer is useful only up 
to 1250 Hz, where a smaller spacer would be 
required 10 reduce the approximation error. At 
6300 Hz, a 10 mm or smaller spacer would be 
required. A 10 mm spacer can also be used to 
‘measure down to 100 Hz if the acoustic environ- 
‘ment is mostly active, where L, is less than 3 dB. 
A quiet conference room may meet this criteria. 

In conclusion, it may be possible to complete an 
entire sound pover survey using a sound intensity 
probe configured with a single spacer. However, if 
the acoustic environment is relatively reactive at 
low frequencies, two spacers are required. 

Test Environment 
Even though anechoic chambers are not required 
for sound intensity measurements, care should be 
taken to avoid test environments that violate the 
assumptions of sound power calculated from 
intensity. For example, noise external to the 
device under test is acceptable unless it s inter- 
mittent. Also, if intensity is being measured in & 
reactive environment such as a shop floor with 
hard walls and ceiling, the dynamic capability of 
the instrumentation must be compared to the 
‘measured pressure-intensity index using the 
following procedure: 

. Measure pressure-intensity index, L, averaged 
over the measurement surface with the device 
turned on. 

. Deterniine L, the residual pressure-intensity 
index for the probe and analyzer measurement 
system, using the manufacturer’s data or by 
measuring the pressure-intensity index in a 
‘perfectly reactive environment, such as a cavity 
calibrator. 

. Check that the difference between L, and L, is at 
least 7 dB for all frequencies of interest for this 
test environment. 

  

Outdoor measurements of intensity have been 
difficult in the past because of the size and weight 
of the test instrumentation. With the advent of 
portable sound intensity analyzers, It s now 
possible to test devices outdoors. This can 
eliminate problems with reactive environments 
because the acoustic environment outdoors can be 
nearly free-field. Background noise can be a 
problem, however. Aireraft flyovers or intermit- 
tent local traffic can cause obvious errors. Out- 
door measurements can also be affected by wind 
noise. Generally, wind screens should be used. 
Measurements are acceptable if wind-induced 
noise is more than 10 dB below the device noise 
itsell. 

Measurement Surface 
The selection of the measurement surface for 
‘sound power evaluation using sound intensity 
Imeasurements is very important. The measure- 
ment surface should completely enclose the 
device. A reflective floor is acceptable. However, 
absorptive surfaces such as carpets or turf should 
be avoided. Intensity measurements should not be 
50 far away from the device that the level s f00 
low to measure accurately. 

Intensity measurements can be made in the near 
field, very close (o the device, if the sound inten- 
sity probe manufacturer states that near-field 
measurements meet accuracy specifications. 
Often, phase-matched omnidirectional micro- 
phones are used, and these are vented out the side 
or back of the microphone cartridge. These vents 
can lead to low-frequency errors in near-field 
measurements even if the microphones are well 
matched. Other phase-matched microphones with 
special venting chambers have reduced this 
problen and thus can be used in the near field. 

Even though the choice of the closed measure- 
ment surface is arbitrary, the use of regular 
surfaces is recommended because of the ease of 
measurement. Rectangular boxes (parallel- 
apipeds), hemispheres, and conformal shapes are 
common. Each surface should be broken down 
into segments, each of which having roughly the 
‘same area and same distance from the device.



  

  

Field Calibration 
Each microphone of the sound intensity probe 
should be ealibrated at a single frequency and 
amplitude before and after every series of mea- 
surements. ‘Typically, the sensitivity of each 
channel of the intensity analyzer is individually set 
using a pistonphone or sound level calibrator. A 
record is made of these calibration measurements 
for the test report. 

Field Check 
An excellent method of confirming the perfor- 
mance of the sound intensity measurement system 
is to measure the intensity of the device ina. 
typical measurement location, then measure again 
after tuming the probe around 180° (but keeping 
the probe’s midpoint on the measurement surface). 
The intensity level of the peak 1/3-octave band 
between 200 and 5000 Hz should not change by 
more than 1 dB, and the intensity should be the 
opposite sign 

Measuring Intensity on the Surface 
Generally two techniques are used to measure 
intensity at each surface segment—fixed point and 
surface scanning. Fixed-point measurements 
require a test to ensure that the number of points 
measured is sufficient. This is because a device 
that emits noise in a highly-directional fashion may 
require a finer mesh than a small, ornidirectional 
source, Some devices or test setups may lend 
themselves to the fixed-point technique better than 
others. 

For surface scanning, the probe is slowly scanned 
over the measurement surface while the intensity 
analyzer is doing  linear average. This works best 
if the analyzer uses gated averaging, so that it 
averages only when a button on the probe is 
pressed. In this way, a measurement surface can 
be completely scanned while the aperator concen- 
trates on holding the probe perpendicular to the 
surface and moving the probe at a slow, steady 
pace. When the scan is complete, the operator 
releases the button and the average is complete. 
In this case the operator would not have to pace 
the scan rate with the average time selected on the 
intensity analyzer. 
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Figure 16: Seanning 
technigue with gated 
averaging simplifies 
intensiey measurement, 
shortening test time. 

  

  

Acceptable scanning speeds are between 0.1 
and 3 v, but a common speed used s roughly 0.5 
s, In this way a | meter square surface can be 
‘scanned (a3 shown in figure 16) in about 32 
seconds, Total test time for a small device ina. 
room over a tiled floor would be 160 seconds. 

Computation of Surface Sound 
Intensity Level 
The sound intensity averaged over the entire 
‘measurement surface can be calculated as follows: 

here N s the nuniber of easurement segments, 
s the sutace area, and 
15 the compoment of intensity perpendicular 105, 

The surface sound intensity level can be computed 
from: 

o 1) -t ) - 
  

where T, is the surface averaged intensity leve, 
ittt vt of the s sound i an 
1 he eerenceerly, i s V. 

-



Calculation of Surface Sound Power Level 
The total sound power level can be calculated 
from T, and the total surface area, S, as follows: 

s 1010g| = 
A¥ Og{suj' 

Note that all measurement levels can be 
A-weighted and should reflect this in the 
nomenclature, such as L, instead of L, 

  

Ly = 

Test Report 
A test report for a noise power survey should 
contain the following information: 

Name, model number, and dimensions of the 
device being tested 
Description of the mounting and operating condi- 
tions 
Description of the measurerent environment, 
including physical layout of the test area and 
acoustic properties of surrounding surfaces, 
surface sound pressure levels, temperature, 
pressure, and wind speed and direction (if appli- 
cable) 
List of model numbers, serial numbers, manufac- 
turers of all instrumentation—including band- 
width of analyzer, frequency response, probe 
feometry, and last system performance verifica- 
tion 
Description of test procedures, including field 
calibration, field checks, sampling technique, scan 
speed and scan patter, measurement surface size, 
shape, and location 
A-weighted sound power level, L, , in dB, refer- 
ence: 1 pW for idling and operating modes 
Sound power levels, L, , in dB, reference: 1 pW, in 
V3-octave bands for idling and operating modes. 
Date, time, and location of test 
Name of the persan daing the testing 

Choosing Between Pressure and 
Intensity Techniques 
Quantifying sound power has become much 
easier because of the advances in sound inten- 
sity. Now instead of bringing a test device into a 
central laboratory with an expensive, high 
quality anechoic chamber, companies can 
measure sound power remotely—at the 
source—in many diverse environments. The 
advent of the portable, relatively low-cost sound 
intensity analyzer has been a significant factor 
in this trend. Acceptance in the engineering 
community of sound intensity measurement 
techniques has also been a key factor for growth 
in the use of this technique. 

This is not to say that sound pressure level 
measurements are a thing of the past. Pressure 
measurements are still the most ubiquitous 
method of measuring sound power. Ina prop- 
erly designed anechoic facility, results can be 
accurate and reliable. Its major disadvantage is 
facillity cost. 

Choosing between pressure and inensity test 
techniques is becoming a fairly straight forward 
propositior 
Can the device be moved into a test facility? 1 
not, use inensity and measure sound power 
in-situ. 

  

Daes your company need to test the device in 
more than one location? If so, use intensity and 
test the device in each location without having 
ta build several acoustic test facilities 
Can your company afford an expensive, dedi- 
cated test chamber? If not, use intensity and 
schedule test time in any conference room. 
I£ your company ean afford or already has an 
anechoic chamber, it would be beneficial to 
understand the acoustic environment using 
intensity techniques angway. So even those who 
are using pressure could use intensity to help 
qualify their chamber.
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Comparing Sound Power Test Case 1 
Test Techniques 

Two methods of determining sound power levels 
are described in this application note: sound 
pressure measurements in a semi-anechoic cham- 
ber and sound intensity measurements in a quiet 
conference room. It was shown that sound 
pressure measurements constrained the acoustic 
environment severely, but sound power levels 
were easy to measure with a microphone and a 
real-time, 1/3-octave analyzer. On the other hand, 
it was found that ordinary conference rooms could 
be used for sound intensity measurements, but 
severe constraints on the sound intensity probe 
and analyzer (phase matching) were required. 
Because the prices of high-quality sound intensity 
probes and analyzers have become quite reasor 
able, while the the cost of building and maintaining 
anechoie facilities is high, the sound intensity 
‘method is becoming the preferred technique. 

  

   

‘Theoretically, the two methods should result in the 
same sound power level if proper guidelines are 
followed. The following two example tests 
‘measure the sound power level of two different 
Hewlett-Packard LaserJet printers using sound 
pressure level measurements in a semi-anechoic 
chamber and sound intensity measurements in a 
quiet conference room. Results from each ex- 
ample test will be compared. 

  

Purpose 
Determine the sound power level of an 
HP LaserJet printer using the procedures in 1SO 
7779, Section 6, which calls for sound pressure 
level measurements in a semi-anechoic chamber. 

Procedure 

Frequency Range of Interest 
According to 150 7779, the frequency range of 
interest normally extends from 100 Hz to 10 kiz, 
however, the standard suggests that for computers 
and business equipment 4 frequency range of 
200 Hz 10 5 kHz is more typical. For this example, 
the sound power will be measured from 125 Hz to 
5KkHz in 13 octave bands. 

Test Environment 
* The chamber meets the test room qualification 

requirements of ISO 3745 Annex A for semi- 
anechoic rooms as specified in 1O 7779, 

« The environmental correction factor, K, as deter- 

mined in ISO 3745 was negligible in the frequency 
range of interest. - 

   



Background noise checks were conducted to 
ensure that background levels were at least 6 dB 
and preferably 10 dB below the sound pressure 
Tevel to be measured in each frequency band of 
interest. Actual background levels were more than 
15 dB below the measured level, 50 no background 
corrections were required as per ISO 7779, 

  

Test conditions were within prescribed limits: 
temperature 15°C to 30°C, barometric pressure 
86 kPa 10 106 kPa, and relative humidity 40% 
1o T0%. 

Instrumentation 
The HP 36654 1/3-octave analyzer was used for 
measuring sound pressure level. It exceeds Type 1 
requirements of IEC 804 for frequency response, 
aceuracy, linear integration and A-weighting. 
Bruel & Kjaer free field Type 4165 microphones 
which meet the Type 1 accuracy and stability 
requirements of IEC 651 were used for these 
measurements. 

    

   

‘The entire measurement system was checked with 
an acoustic calibrator that is accurate to within 
205dB. 

  

Equipment Setup and Operation 
The printer was mounted on an acoustically rigid 
table located in the middle of the chamber floor. 
During the acoustic test, printing operation was. 
continuous. 

Measurement Surface and Microphone 
Positions 
‘The measurement surface was parallelepiped with 
a total surface area of 19 w* and at a measurement 
distance of 1 m. The nine microphones were 
oriented toward the center of the printer: 

Averaging Tine 
According to IS0 7779, the averaging time must be 
at least 8 seconds. If the equipment under test 
runs in eycles, at least 3 operational cycles must 
be averaged. For the printer in this test, an 
averaging time of 32 seconds was chosen. The 
printer was turned off and a background measure- 
ment was taken at each of the 9 microphone 
locations. The printer was then tumed on and 
operated, and the measurements were repeated. 

  

Results and Calculations 
Sound pressure level specira were acquired at 
the nine microphone positions. The surface- 
averaged band sound pressure level is calcu- 
Jated from the following equation: 

  

e   

(18 
1010g| L $ 10715 ] i 

=1 
L, is the 1/3-octave band sound pressure level at 
the i* microphone. To determine the 
1/3-octave band sound power level, the follow- 

779 ing equation is used from ISO 777 

Ly =Lp +10log] 

  

o T 
Lp+lUlug[lT‘] Ip+128 

§ is the measurement surface area, equal to 
19 m', and 8, is the reference area of 1 m, 

Figure 17 shows the sound power spectrum for the 
printer. The overall A-weighted sound power level 
calculated from 125 Hz to 5000 Hz is 56.3 4B 
reference: 1 pW. 
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HP LaserJet printer in 
a semi-anechaie. 
camber.



Test Case 2 

  

Purpose 
The purpase of this test is to determine the sound 
power level of a HP LaserJet printer using sound 
intensity measurement techniques as described in 
the European Computer Manufacturers Associa- 
tion Standard ECMA-160. A quiet conference room 
was used as a test chamber. 

Procedure 

Frequeney Range of Interest 
ECMA-160 requires sound power measurement 
from 100 Hz to 8000 Hz unless it can be shown that 
the total A-weighted contribution from unmeasur- 
ed bands is more than 10 dB below the overall 
sound power level. Measuring the 100-Hz band 
‘would have required another measurement pass 
using a 50-mm spacer because a 12-mi spacer 
would not have enough phase change across it. 
Also measuring out 10 8000 Hz would have 
required smaller, 1/4-inch microphones and yet 
another measurement pass because the aceuracy 
of the probe used was specified only to 5000 Hz 
Fortunately, the sound pressure measurements in 
test case 1 proved that the energy in the 100 Hz 
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band combined with the energy in the 6300 Hz 
and 8000 Hz 1/3-octave bands were more than 
10 dB below the overall level. The frequency 
range of interest was therefore chosen as 125 Hz 
10 5000 Hz 

Test Environment 
A qulet conference room was chosen where the 
background noise was steady. ECMA-160 requires 
the field indicator F, or surface averaged pressure- 
intensity index, L, , to be less than 5 dB in all 
frequencies of interest. This limits the amount of 
reactive intensity allowed in the acoustic environ- 
ment. A plot of field indicator F vs, frequency for 
the conference room is shown in Figure 18. 
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Pigure 18: Field 
Indicator i conference 
room shows an 
acceptable acoustle 
environment. 

   

As the plot shows, the conference room provided 
an acceptable measurement environment for all 
frequencies between 125 Hz and 5000 Ha. 

Instrumentation 
‘The HP 33694 portable 1/3-octave sound intensity 
analyzer was used for measurements. It meets or 
exceeds the requirements of IEC 1043 for Class 1 
processors. 
ABruel and Kjaer Type 3545 sound intensity probe 
was fitted with a 12-mm spacer for these measure- 
ments. It meets or exceeds the requirements of 
IEC 1043 for Class 1 probes. 
The frequency span of interest was 125 Hz to 5000 
Hz s per ECMA-160, Section 8.6. ECMA-160 does 
not require conformance to TEC 1043, but instead



specifies aminimum L, of 15 dB for the sound 
analyzer and probe. Because Class 1 

petformance requires Ly, to be 15 dB or betrer 
above 100 Hz, the requirements of ECMA-160 are 
et by this probe/analyzer combination. 

  

The combination of a field indicator F of less than 
5 dB (good environment) with an L, greater than 
15 B (good instrument) ensured thal the intensity 
measurements were accurate to within 0.5 dB as 
shown by figure 12. 

  

Equipment Setup and Operation 
‘The printer was placed on the floor. During the 
acaustic test, printing operation was continuous. 

  

Measurement Surface and Scan Rate 
The measurement surface was a small paralielepi- 
ped with a total surface area of 2.4 m" as shown in 
Table 4. The measurement distance to each 
surface was 0.35 m. The sound intensity probe 
was oriented normal to the measurement surface 
and scanned at a rate of 0.5 m/s. Two scans per 
surface segment were measured, with the second 
‘scan at right angles to the first. 

   

  

ECMA-160 specifies that the minirum averaging 
time must be proportional to the bandwidth of the 
lowest 1/3-octave band as follows: 

00 
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CF s the center frequency of the lowest 
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Calibration and Field Cheeks 
* The sound pressure level of each microphone of 

the saund intensity probe was checked with a 
calibrator accurate to within +0.5 dB. 

« Afield check of sound intensity was done by 
comparing the A-weighted sound intensity at the 
measurement surface to the level measured swhen 
the probe was rotated 180°, with the center of the 
probe in the same location. The difference in 
levels was 0.6 dB, which is within the 0.9 dB level 
of acceptability as specified by ECMA-160. 

      

Background Sound Power Level 
‘The printer was tumed off and the measurement 
surface scanned. The apparent sound power of 
the printer was 25.9 dB reference: 1pW. ECMA-160 
specifies that this environment s acceptable for 
measuring sound power from devices generating 
10 dB greater than this level, or sound power 
greater than 35.9 dB. 

    

Results 
The HP 3369A measures and stores the gated 
average for each measurement surface. A table 
entry of surface area shown in Table 4 is used 
to compute sound power directly from the. 
sound intensity data. A marker function in the 
HP 35694 automatically computes the surface 
averaged 1/3-octave sound power as shown in 
Figure 19. This spectrum represents the net sound 
power level emanating from the printer in each 
1/3-0ctave band. 
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Figure 19; Surface 
averaged sound power 
i determined using a 
‘marker function on the 
HP 35694,



The total A-weighted sound power level from 
125 Hz to 5000 Hz was indicated on the HP 35694 
tobe 55.3 dB reference: 1 pW. 

Comparison of Test Results 
Test case 1 produced an A-weighted sound power 
level, L, of 56.3 dB reference: 1 pW using sound 
‘pressure measurements in a semi-anechoic chan 
ber. Test ease 2 produced an A-weighted sound 
power level of 55.3 dB reference: 1 pW using sound 
intensity scanning, This 1 dB difference between 
the two tests is reasonable even if the same printer 
was used for both measurements because the 
standard deviation on the overall level for both 
techniques is 15 dB. 

  

     

A different printer was used in each exatple test, 
and figure 20 shows that the two printers indeed 
have a unique acoustic signature, The printer used 
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in the semi-anechoic echamber had an audible fan 
tone at 250 Hz that showed up clearly in the data. 
This tone increased the overall A-weighted sound 
power level of the printer. In fact if the data is 
modified 50 that the level of the tone at 250 Hz and 
its harmonic at 500 Hz are closer to the surround- 
ing bands, the overall A-weighted sound power 
drops to 55.3 dB reference: 1 pW, the same level 
measured using the intensity scanning technique. 

  

    

The two measurement techniques yielded very 
similar results in the 1/3-octave bands outside of 
the tone. Both sets of data would provide useful 
information to a noise control engineer for devel- 
opment of materials for sound absorption or 
installation techniques that would minimize noise. 

  

Figure 20: Comparison of 
sound power levels using 
pressure and intensity 
‘measurement methods, for 
w0 LaserJet printers of 
the same model.  



  

Appendix A: 
Acoustic Terminology 

Active and Reactive Intensity 
Sound fields in general are composed of twa 
components of intensity: active and reactive. Two 
components exist because particle velocity in 
sound field has two components relative to 
instantaneous pressure: velocity in-phase with 
pressure fluctuations and velocity out-of phase 
with pressure fluctuations. The product of pres- 
sure and in-phase velocity is called active inten- 
sity, o just intensity. Active intensity measures 
the net flow of acoustic energy. Intensity of a 
plane wave in a free field is purely active. 

Reactive intensity measures potential energy in a 
wayefront. A standing wave in a tube has no net 
intensity or energy flow, but does contain potential 
energy in the form of reactive intensity. 

An acoustic environment that has a significant 
component of reactive intensity is called a reactive 
environment. Fxamples of reactive environments 
are reverberation chambers, wave tubes, gymnasi- 
urms, and shower stalls. 

The presence of reactive intensity makes active 

intensity more difficult to measure because of the 
reduced phase change across the sound intensity 

probe’s spacer and the increased noise due to any 

phase mismatch in the probe and analyzer. 

Free Field 
Free field conditions exist when an acoustic wave 
travels unimpeded by boundaries, and is thus free 
from reflection and diffraction. Examples of free 
field conditions are the path betsveen an aircraft 
and the ground, or an open field free from obstruc- 
tions. Free field conditions can be frequency- 
dependent, An anechoic chamber may simulate 
free field conditions above 100 Hz, but below that 
frequency the walls may reflect (00 much sound 
energy to be considered free field. 

Diffuse Field 
Adiffuse field exists in a reverberant chamber or 
reflective raom, where all noise sources can be 
detected from all angles. Machine shaps can 
‘produce diffuse sound fields because of the high 
reflection coefficients of the walls, floors and 
ceilings. 
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Near Field 
Close to anoise source, a sound field is composed 
of both reactive and active sound intensity. In this 
region, called the near field, the active intensity 
‘may be dominated by the reactive component. 
Farther from the noise source, the reactive compo- 
nent dissipates quickly unless reflecting surfaces 
are present. The near field s limited to about one 
wavelength from a noise source. 

  

Far Field 
Far field s the region beyond near field effects 
Sound pressure measurements used for sound 
power ealeulation must be made in the far field 
because one microphone, by itself, cannot differ- 
entiate between active and reactive sound. Mea- 
surements in the near field would over estimate 
the sound power of a noise source. 

Pressure-Intensity Index - L, 
L, measures the difference between pressure and 
intensity. It is an excellent indication of the 
acoustic environment, because in a free field 
‘where pressure equals intensity, L, equals 0 dB. In 
very reactive environments, intensity may be 15 to 
20 dB less than pressure. An environment with a 
high L, indicates that intensity will be difficult to 
measure. 

Residual Pressure Intensity Index - L, 
When intensity is measured in a completely 
reactive environment, such as in a probe calibra- 
tion chamber or wave tube where the pressure at 
each microphone is the same and therefore na 
particle velocity is present, the analyzer should 
indicate zero intensity. Because of slight phase 
mismatch, however, the probe and analyzer will 
indicate a residual intensity. L, is equal to the 
pressure minus the residual inensity component 
measured in a completely reactive environment. 
Residual intensity depends on frequency, the phase 
accuracy of the measurement system, as well as 
the size of the probe’s spacer.
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Dynamie Capability 
The dynamic capability of a measurement system 
determines the limits of acoustic environments 
(range of L,,) whieh would produce accurate 
intensity measurements. It has heen shown that if 
L, s at least 7 dB less than Ly, in all frequency 
bands of interest, then the measurement accuracy 
will be better than =1 dB. For example, ECMA-160 
specifies a minumum L, for the analyzer and 
probe to be 15 dB. At low frequencies this is a 
very stringent specification which requires phase 
accuracy better than +0.02°. ECMA-160 also 
constrains the measurement environment to have 
asurface-averaged L, less than 5 dB. The required 
dynamic capability of 2 ECMA-160 measurement 
system is therefore 10 dB or better. 'This produces 
& measurement accuracy of £0.5 dB. 

Measurement Surface 
When measuring sound power level, the equi 
ment under test is enclosed by a measurement 
surface. The measurement surface can be a 
parallelepiped (rectangular box), a hemisphere, or 
a conformal shape. The objective when measuring 
sound power is to accurately determine the 
intensity emanating from each measurement 
surface. 

  

Measurement Distance 
Measurement distance is the distance from the 
equipment under test to the nearest measurement 
surface. A typical measurement distance for 
sound pressure measurements in a semi-anechoic 
chamber is 1 m. This distance allows pressure 
measurements to be made in the far field for all 
but the lowest frequencies. A sound intensity 
measurement distance s typically from 0.1 m t0 1 
m, although intensity measurements can vary 
depending on the acoustic environment and the 
geometry of the equipment under (est.



Appendix B: 
Sound Intensity Approximation Errors 

Using two mierophones separated by a spacer to 
determine sound intensity is a reliable, accurate 
‘measurexent method as long as its limitations are 
understood. This appendix will investigate the 
‘potential errors that can result from using the two- 
microphone approximation technique. 

Previously, the relationship between pressure and 
particle velocity was shown: 1=Px. 

From this relationship the equation for intensity 
was developed for the two microphone sound 
intensity probe: 

  

n 
2000t 
  Tpeabe =~ J(Py - Py, o 

This equation uses two approximations. The first. 
approximation estimates the pressure at the 

‘midpoint of the probe as the average value of the 

pressures measured at each microphone: 

PPy 
2 

The second approximation estimates the pressure 
gradient at the midpoint of the probe as the slope 
of pressure across the two microphones: 

P= 

«R-R = (x,) = 

Both linear approximations produce errors when 
the acoustic signal changes (00 much from one 
microphone to the other, when a straight line no 
longer represents the signal accurately. To analyze 
the resulting error, 2 pure tone in a free field will 
be “measured” theoretically by a probe that is 
‘perfectly phase-matched. This result will be 
compared to the theoretically derived intensity at 
the probe’s midpoint. The ratio of these two 
values represents the approximation error from 
using a two-microphone sound intensity probe. 

Note that perfectly matched microphones are used 
0 that the exror due to the straight line approxi- 
mation can be decoupled from errors due to phase 
‘mismatch. 
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True Intensity of a Free Field Tone 
A pure tone in a free field can be represented by 
the following equation: 

P(x,z):y.,sin[%"x—zmj 

Since pressure is known exactly over x and t, 
then the true value of average intensity can also 
be computed exactly. From Newton’s Second 
Law, the particle velocity can be determined 
from the pressure gradient as follows: 

  

Velocity s a function of time can be derived 

  

by integrating acceleration: 

RAEY)) 2 % vixt)= [ty - _p, 2% = vix,t} { = ) 

Computing the theoretical sound intensity in the 
‘middle of the probe can be accomplished from 
the equation for intensity: 

P " E=P(x.t)v(x1) = Posin] ZZ x—2at |- 

-2mm)    
At the midpoint of the probe, where , the x = AvZ 
instantaneous intensity can be written exactly as:



2|
 

  

‘The average intensity over time, T, can be calculated 
as follows:     I 

‘When integrating over an integral number of cycles, 

T = 1A, so cos(a-+2afT) = cos{a), and sin(a + 241T) = sin(a). - 
Under this assumption the equation simplifies to: 

  

2 
and since ‘% P! 

  

This is the theoretical value of the average intensity 
of a free-field plane wave calculated at a probe’s 
‘midpoint.
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Approximation of Intensity of a Free-Field Tone 
using Measurements at Two Microphones 
Previously the equation used to caleulate intensity 
from two microphone measurements was derived: 

_R+P -   . 

Using the exact expression for pressure, 
P(x.t)= Pfl!ifl[%’xflm)) 

the equation for instantaneous intensity measured 
b the probe can be derived. Since P, is measured 
    

    

= 0and P, is measured at x = Ar, the following 
equations apply: 

Py = Pysin(-2aft) 

P = um[z»%zm] 

a ’ posm[znT 2m)oP“sm[f 2at) ¢ . 
1 T{{Pflm[szzxn]chm'fTm'}dl 

e ar ar i . - m{m[ZxThfl]*sm(f 2m)}[«u[2x7-2m] cos(~ zm)]u 

2 S L TS i ar_ N S (S0 NS W (S     cns(fzmbfm(in%]+l] 

This long equation gives the instantaneous intensity 
‘measured by the probe. To get the average intensity, 
itis integrated from t=0 to t=T. 

The ahove equation can be broken down into eight 
terms and integrated separately: 

2 P, . :,m(’rfinflpn +T5+Te+Tr +T5), 

‘where the terms are as follows: 

i 2 e =1gn Ar o s 2202 22520} L2 22 
[zx%]sm(z(zm))fésm[zx   
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= fln(dm)m(2x772m] ——sn[zxflmz( 2m)+ L m(sz]un(Z( 2t)) - 

    

m(—?m)cos(—zm):%sin(2[2m)) 

  

in(-zm)ms[:»x%] 

Tg = sin(-2xft). 

Evaluating the integral over an integral number of 
cycles so that T = U, each term contributes the 
following when integrated: 

2 0 Ar 2 [ iEsm[z[zrrT- m]]fl     
z’l‘zdl - %i{cm[iz%)m&(‘zm) 5    
The two-microphone approximation of the time averaged 
intensity at the probe is then equal (o: 

 



  

Comparing True Intensity to 
Measured Intensity 
‘The ratio of true intensity I_to the measured. intensity 
indicates the extent of the approximation error: 

    

    

  

Poc 

and the error in dB is equal 1o 

Toebas) obe | _ 0100 A 

    

This can be described graphically by showing the 
error in dB versus the spacer size to wavelength 
satio: 
ar 

Approximaton Eror vs, Spacer Sze 

Er
or
-d
8 

  

om0 0w 020 03 0% 
‘Spacer Size 1o Wavelength Rato 

Figure BI: Tutensity blas in 4B caused by inite 
difference approximation 

From this chart we see that the intensity approximation 
always underestinates the true intensity level. i also 
possible to determine the maximum spacer to wavelength 
satio that ields an error of less than | or 2 dB. For a 1 4B 
maximum error, the maximum spac 
0.18. For a 2 dB maximum error, 
025 ratio, 

  

10 wavelength ratio is 
is permissible 1o use a 

  

a7 

Appendix C: 
Theoretical Analysis of 
Sound Intensity Measurements 

Intensity in an acoustic wave is equal 10 pressure 
times velocity: [= P x ¥ As discussed previously 
two-microphone sound intensity probe can be used to 
calculate each component of this relationship: 

       
  

    

‘The instantaneous intensity along the axis of a sound 
intensity probe can therefore be described as follows: 

  

This equation can be used to analyze the relationship 
between measurement parameters, including the 
probe configuration, the acoustic environment, and 
the phase difference between channels. Knowing 
these relationships can help test engineers make 
intelligent trade-offs when selecting the test room, 
probe, analyzer, and in setting up the measurements. 

‘The sound infensity measurement system measures 
pressure at the two microphones that can be repre- 
sented as follows: 

Py =Py, sin(27ft) and P, = Py, sin(2ntt—g), 
where P, and P, are the peak pressures ai frequency 
ot cach mictophone, Lis the ime, and 

  

s the measured phase difference between channel 1and 
hannel 2 at frequency £, 

Using the equation above for instantaneous intens 
the average intensity over time, T, can be expres 
in terms of P, and 

     

 



  

at.   

17 Py, sin(2aft - 9)+ Py, sin(2aft] 1 ¢(Py, sin(2ft - 9)~ Py, sin(2nit)) 
il 3 o 7=     

Notice that velocity is calculated by integrating the 
pressure difference in the inside integral from time 
Otot. Evaluating this inside integral first, the 
equation becomes: 

1 W}[{nw sin(2af- 9)-+ Py sin(2tt)}(Py, cos(2aft) - Py, ~ Py, cos(2aft - 6) + Py, cos(-0))]at 
3 

‘multiplying terms yields eight new terms: 

  

b 
mj[mnm,T.nam,,m,n}n, 

3 
where the terms are as follows: 

Ty = Py, sin(2aft—9)P;, cos(2att) = Py, Py, (1/2sin (471t} coso ~1/2{1+ cos(4aft) sin g) 

  

%, sin(2att - )Py, 
Py, % sin (2aft - 9) cos (2xft - o ?1/2sin 2(220 - 0}     

T, = Py, ? sin(2aft - ¢ }cos (0) 

T; = Py, sin (241 cos (2711 ) = By, * 1/2sin (40t 

Py, *sin(27t) 

  

1, Sin (2710 )Py, cos(2af - 9) = ~1/2Py, Py, [sin (4xtt) cos (0) + (1 - cos (42t ))sin ¢} 

Ty = Py, sin(2xft )Py, cos(¢) 

The following equalities were used: 

cosasing = 1/2sin2a 

  

= 1/2(1+ cos2a) 

  

1/2(1 cos 2a) 

sin® @ =1/2(1- cos2a), and also 

sin(ee+ B) = sineccos -+ cosarsin i, each term becomes: 

Integrating each term over an integral number of 
cycles yields the following results: 

  

1 —coso sing J'-r,\u,p,‘,r[n{ ot (cos 4T 1) - 55 ['m 
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Combining results from all of the terms, the measured 
intensity can be described as follows: 
1 ' [T - Py, Srpleos 201 - )~ cos (-9)} =0 

T 
[Tt = Py, o feon (4217 - 20) - con (20} =0 b E 

Inm:p“zimu((m 20T~ 6) - cos (~¢)} =0 

  P, ’fi(muflux - 

    

    

  

) _py,se(, sninT Tsing m Pn.,Pzn{ S8 (con 4711 - 1)+ 52 [-r i ]} 2l 

T 
115 = 2oy 22 cosamr 1) -0 

) PP sine 
T Tdmipoar 

  

Using more familiar rms pressure terms, the 
‘equation can be restated as: 

1 PP $0(0) 
2atpeAr 

Using & two-microphone sound intensity probe, we've 
shown that intensity is proportional to the pressure at 
each microphone and the phase angle between the two 
‘measurements at the frequency of interest, and inversely 
proportional ta the frequency and microphone spacing, 
This relationship exposes the importance of cross- 
channel phase accuracy of the instrument and probe, 
particularly for measurements at low frequencies. At 
Tow frequencies the spacer is small relative to the wave- 
Jength. Thus the pressure difference across the two 
‘microphones can be small relative to the phase accuracy 
of the analyzer and the phase match of the microphones.
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