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1 . ImmION

The two microphone technique of acoustic intensity measurement is now well
accepted [1.2]. There are two principal mthods of obtaining the intensity
from the microphone signals:

1. The direct mthod (3]
Z. The m method [3,4]

sound intensity is defined as the time averaged product of pressure and
velocity

I=p.u

Using the two microphone. finite separation method this is approximated to

 

.l
I=_ESE(PA+PB)I(PB‘PAMt

where or is the microphone separation and p5 and pa are the two
microphone signals. -

In the frequency domain this is expressed as

- 1z—-mmon

where Imam, is the imaginary part of the cross—spectrum between the two
microphone signals.

This paper is concerned with the programing of one or the new generation
of high speed 051’ microprocessors to perform the various functions needed in
intensity measurement. Initial results for the direct method are presented.

2. DIGIm mama-1w

Figure 1 illustrates the stages necessary in implementing the two
microphone direct method digitally. The microphone signals are anwlified,
passed through anti—aliasing filters and then analogue to digital
converters. Hence the analogue path (and its associated matching errors) is
reduced to a minimum. Once the signals are digitised, the sum and difference
operations hem trivial, but more importantly and unlike the analogue case,
the multiplication also becomes trivial with the current generation of DSP Chips.
The filters (ll—weight an: octave) are implemented digitally and are thus
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perfectly matched. This eliminates an important source of potential error in

intensity meters.

The integrator in the pressure difference path can cause instability due

to d.c. drift, even When implanted digitally [2]. This would cause a

practical, finite precision, implementation to saturate if any d.c. offsets

were present. This instability is caused by a pole at d.c. (0 32). If.

however. the filters in Pig. 1 are arranged so that they havea zero at d.c.

this compensates for the unstable pole and 'a stable system results. If these

filters are also unwed so that they lie after the sun anddifference

operations. Figure 2. the integrators transfer function can be combined with

that of the filters, and only a single digital filter need be implemented in

each path.

3. P1111321? DBSICI!

From 5.3. 5969 (1581), Which gives a pole—zero specification, the ideal

analogue transfer function for an A—weight filter is

m5, = ______ __2;_______
(s + «703m + cam: + a,)

were on are the sPeCified pole positions: ex = 129.434} tans";

a: = 676.699 reds" and a, = 9636.362 rads".

using the bilinear transform to give 'a. digital approximation to this

analogue filter gives the z transform of the digital filter's response as:

I (1 _ L)‘
3n”) = _-____.___§B______———

_2-v."!' _‘l _E—oi"l‘ _‘ _Z—a:"l‘ _1

(1 2+n'1-3H1 2+o'"1'x )‘1 2+¢,-1'z )

share an' are the prewarped pole frequencies. GA is the gain of the filter

and '1‘ is the sampling period. To maintain high accuracy this was

implemented. as described helm, with a sunning frequency of 20 kHz (1= 5 x

10" see), as a series of four first order sections. The masured frequency

response of the resulting systan is shun-m in Figure 3. Results are within

tolerance fora type 0 instrument above 20 Hz.

The transfer function of an ideal, analogue, integrator is given by

I( s) = a/s

If this is mined with the transfer function for the A—weighting filter then

the net response is
'

“3
_ _ ._________—-

Imam“ ‘ flu”) ‘ (s + al)‘(s + clue + a,)
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Bilinsarly transforming this analogue filter gives:

an”) = _ 3:51 — l“)’(l + z“)
u_z-0,"r z_,,),u_z-¢',' z_l)(1_z—a,' z“)

z + a"? ‘2 + oz"! - 2 + 11,"):

Again this was imiemented as four first order sections and the measured

frequency response is shown in Figure 4.

By taking the diEEerence between the results in Figure 9 and Figure 3, the
integrators response can be calculated (Figures 5aand 51:). Figure 6 shows

the warping of the high frequencies caused by the bilinear transform (2].
This was reduced to an acceptable level (= i 63 at the maximum frequency of
interest. 4 kHz). by selecting a higher sampling frequency than strictly
required according to the quuist criterion.

4. M110“ AND RESULTS

The intensity meter was implemented on an expansion board for an I!!!
compatible PC made by boughborough sound Images (151) Which uses the Texas
Instruments 1315 32020 DSP Chip. A two channel multiplexer was also built to

obtain the two microphone signals (Figure 7).

The A—weighted intensity meter including time averaging for sound pressure
level and sound velocity level (as well as intensity) uses approximately 60%
of the processing power oE the 1113 32020 at a sampling frequency of 20 kHz.

The PC is used tosimlltaheously display sound intensity. pressure and
velocity levels. '

As an initial test the microphones were connected to both the digital and
an analogue intensity meter. Measurements were taken at varioius points
around a large vacuum cleaner and are shown below.

Analogue . . Digital-
Intensity (man)- ' m (can) ' Intensity (can) am. (can)

u 33.5 39.9 36.5
92 93 99.3 92.2
31 as 31.3 35.0
so 34 91.0 83.6
75.5 31 . 73.4 33.1
as as 39.0 95.0
37 33.5 es.0 ' 33.1
90.5 91 91.5 90.:

5. PKJ'IUEE m

The digital implementation of octave filters should be possible and
provided they have a zero at d.c. a similar technique to that used above can
be applied to implement a stable integrator.

Proclofi. Vol 9 Part3 (1987) 275



 

Proceedings 0! The Institute of Acoustics

All INTENSITY METER ON A CHIP

the
d.c.

A linear setting could be realized by making the filters high pass (above

lowest frequency or interest) and ensuring that they also have a zero at

Prom timings of M's on the 116 32020 it should also be possible to

Wimnt the m intensity method and use the PC to display the resulting

spectrum over this frequency range.
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Figure 1 :A Digital, Two Microphone. Direct Method Intensity Meter.

 

Figurc2 : A Digital, Two Microbhone, Direct Method Intensity Meter.
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Figure 3. Measured frequency response of n-weighunq filter.
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Figure A. assumed frequency response of n—uetghtmg filter and

tntegrator.
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Figure 5a. Frequency response of integrator.
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P191113 51!. Phase response of Integrator.
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Figure 6. Frequency response error of integrator.

 

IBM PC Compatible

Figure7 :Implementation of a Digital Intensity Mater.
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