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Absolutely.  At midrange frequencies up, the reverberent field is usually almost as loud as the
direct sound.  So the loudspeaker's polar response is important, because sound radiating in all
directions provides the energy for the reverberent field.  You need spectral balance off-axis as
well as on-axis for a naturally-sounding, uniform reverberent field.  Bass frequencies are
completely dominated by the room's modal behavior, so room damping, and the number and
positions of woofers matters as much or more than the response curve of any individual woofer. 
And in between - at the upper end of the modal range, just below the Schroder frequency - from
about 100Hz to 300Hz is probably even the most tricky range, the transition region.  This is where
vocals and fundamentals of many instruments lie, and it is where many of the strongest boundary
reflections occur.  So the room plays a huge part.

But even in an anechoic environment - like outdoors - measurements can be tricky.  It isn't as
easy as placing a microphone 1M in front of a loudspeaker face and sending it 2.8V.  Even when
you measure impedance and set the voltage to provide 1W at the speaker, and even if you're
using a perfectly calibrated microphone and measurement system, the SPL recorded will probably
not be what you might expect.  The reason is the acoustic center is rarely at the face of the
speaker.

There are lots of things that affect the acoustic center.  Some of those include radiating area, total
frontal area, cabinet shape/configuration and in the case of horns, path length and flare profile. 
Each of these things play a part in determining where the actual sound source location is.  And
the acoustic center changes with respect to frequency too.

One of the definitions of the acoustic center is "the point where pressure attenuation from the
inverse-square law appears to originate."  That is be the exact point where sound is the loudest. 
In a large horn, this can be several feet down the throat.  If there is not much taper, it will act more
like a plane wave tube, having little or no attenuation along the line.  In that case, the acoustic
center will be at or near the mouth.  But if the horn is large and has ample taper, then the acoustic
center will be well behind the mouth, sometimes even behind the cabinet in the case of folded
horns.
 
I've seen some direct radiating cabinets with acoustic centers in front of the cabinet,  I've also
seen them be behind the cabinet.  Some very large horns with long path length and large mouth
area have acoustic centers that are several feet behind the speaker cabinet.  So if you measure
each of these speakers - even if set to generate the same acoustic power level - if the microphone
is placed 1M from the face, the SPL recorded is very different.  Likewise, if you set the SPL
measured 1M from the face to be the same on each speaker, then the total radiated acoustic
power level will be different for each speaker, and each will have a different SPL at some
reference point (like 10M) further away.

Take as an example, two loudspeakers:  One is a direct radiating speaker with acoustic center at
or very near the face at 60Hz.  The second is a large horn with 10 foot path length and 10ft2
mouth area, having an acoustic center that's one meter down the throat at 60Hz.  Send both a
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signal that provides exactly one watt of power.  For simplicity's sake, we'll say both are equally
efficient, generating 100dB one meter from their acoustic centers.  Since SPL can be computed
by the formula newSPL = refSPL - 20 log (d1/d2), we know that at 10 meters we would expect to
measure ~80dB (100dB - 20log10), and at 100 meters we would expect ~60dB (100dB -
20log100) from each one.

We can also use the inverse-square law, which says that for each doubling of distance, the SPL
drops 6dB.  This is actually the same formula, with d1/d2 = 2.  So at 2 meters the sound drops
6dB, at 4 meters it drops 12dB and at 8 meters it drops 18dB.  

But what really happens?

The speaker with the acoustic center at the face will behave just like that.  The speaker with the
shifted acoustic center will too, provided you reference your measurements to the acoustic center.
 But if you reference to the face, the SPL values will be off.  The error will be greater at close
distances, because the ratio between measurement distance and acoustic center offset is greater
at close distances.

For example, take the 100dB speaker with no acoustic center offset, and place the microphone
1M from the face.  The measurement reads 100dB.  Now measure the speaker that has its
acoustic center 1M further away.  When the microphone is 1M from the face, it is actually 2M from
the acoustic center.  It reads only 94dB, because it is already twice as far away.  That's a 6dB
difference.

Now double the microphone distance from the faces of the speakers.  The microphone is 2M from
their faces.  The speaker with no acoustic offset reads 94dB, because the microphone is twice as
far from the acoustic center as it was in the previous measurement.  But for the speaker with
offset, the microphone is now 3M from the acoustic center.  This isn't twice as far from the
acoustic center - it is only 3/2 or 1.5x as far.  So the SPL reduction isn't as great - just 3.5dB - and
it reads 90.5dB.

Double the microphone distance again to 4M from the faces.  The speaker with no acoustic offset
now reads 88dB.  The one with acoustic center 5M from the microphone reads 86dB.  The
acoustic center offset is causing a 2dB difference at 4M.

Double again to 8M.  The speaker with no acoustic offset reads 82dB.  The one with acoustic
center offset is at 9M, so it reads 81dB.  There's only 1dB difference at 8M.

At 10M, the speaker with no acoustic offset reads 80dB.  The one that has 1M offset is now 11M
away, so it reads 79.2dB, less than 1dB difference.

It isn't that the inverse-square law is violated.  It's that the source location is not accurately known
or used when calculating the falloff.  But by scaling at a distance, the inaccuracy is reduced.

This is why measuring at a distance works well for obtaining SPL values.  Even if you do not
precisely know the position of the acoustic center, the greater measurement distance scales the
error and makes it less significant.  An easy way to do it is to measure with 100W at 10M
distance.  It just so happens that 100W is +20dB and 10M is -20dB, so the SPL value recorded
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will be the same as the 1W/1M from the acoustic center.
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