Linear-Phase and Minimumphase Subwoofers
By Bohdan Raczynski
Project statement

The goal of this project was to compare a standard miniphise and
acoustically lineaphase subwoofers, with a 3dB bandwidth of-1P®Hz, and
maximum SPL of 120dB aoss whole operating band. These requirements are
basically aligned with a subwoofer requirements for 5.1HT (or 5.2HT) system.

Driver review suggested, that D$Pi near i zed, Mc Caul ey 61°
would meet these requirements in about 300litre ventetbsure. Possible corner
placement combined with adequate amplifier (46800W) should secure the 120dB
SPL level.

However, the critical part of this project was the requirement for the
acoustically linear phase of the design. To meet this requiremeimalttd Equalizer
V3 was used in linegohase mode.

The enclosure

A large, 300Lt vented enclosure (W=60cm, H=90cm, D=60cm) with internal
bracing has been constructed. Enclosure resonance has been accomplished with two,
110mm in diameter PVC vents, tuned ROHz. The length of each vent is
approximately 40cm. The driver was frembunted, and ready for initial
measurements.

Loudspeaker placement for measurements

While measuring subwoofers, the acoustic environment can be a major
contributor to the accurgcof the measurements. With no access to an anechoic
chamber, there are basicallgrée options that can be contemplated for this task:
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The first choice was the growmpdianetechnique. | have evaluated noise level
in front of my house for a couple of weeks
| could slot into for making the measurements. No such luck. Between insect noise,
distant (but frequent) car noise, birds pimg, household noises, kids playing, wind
noise, distant aeroplane noise and occasional dogs barking, | stood little chance of
completing the measurements without adverse noise contamination from the
environment. However, | did drag out the measuremeat gad perform some
rudimentary measurements, to have a reference point for comparison Arakbimn
measurements.

The main measurements were therefore conducted outdoor. Fore the indoor
comparison, due to inherent background noise in a typical houseahakl,not
expected, that dynamic range of the measurement, will be greater than 50dB.
Therefore, once the SPL curve drops below 50dB, corresponding phase response will
manifest itself just as noise.



The working assumption was, that every step in the mesmmnt process
would have to be examined and correlated with known theoretical aspects of
loudspeaker operation in enclosed spaces, and if a discrepancy was found, it would
have to be resolved before continuing with the goal of the project.

Since the @semike technique was used, there was a good chance, that room
resonances as such would not manifest themselves too visibly in the frequency
response plot. This is the idea behind the close mike technique principle anyway.
However, | did expect SPL takesturing room measurements to be visibly more
irregular, with small wiggles, though.

ltéds worth noting, t hat measur ement
amplifier have been modified from their original commercial design to extend their
frequency respase quite far into the lovend of the frequency range. The power
amplifier is based on LM3876, a 50Watt integrated design from National
Semiconductor, and originally had 3dB cut off at 16Hz. Microphoneapmglifier is
based on lownoise, LM833 chip. Thismplifier was also modified for the phase shift
at 10Hz to be negligible, and also provide microphone DC bias and loading
impedance. Microphone used was CLIO MicO1.

Prior starting closenike measurements, | modelled the SPL and phase
responses of a ventetclosure. This gave me a reference point for comparison with

the actual measurements. | simply needed to see close agreement between theory and

measur ement resul t s. For i nstance, driver o

has an Nshape ripplearound box tuning frequency. Port phase looks distinctly
different. It makes 360 deg revolution at box tuning frequency (#b80 to +180

deg). System phase follows the port phase very closely. These are the typical
characteristics | would hope to see@al measurements.
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Turns out, that this precaution was well advidadhe kter part of this paper,
you will see the same phase characteristics during the atctittadm measurements.



Microphone pre-amplifier with low -frequency phasecorrection circuit

Having examined CLIO MicOl1 specification, | have developed an
approximation of microphone amplitude and phase responses. Please note the +45deg
phase shift at 10Hz.
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The above phase shift needs to be accounted for during the measurements or
pog processing. One option is to compensate for it in the microphoreapkfier.
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C3 /I R14 are the mike phase compensatifng components. C=220n, 330n and 470n
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Frequency (top) and phase (bottom) responses of the mieTpidier.



Outdoor Measurement Setup

The outdoor tests were extremely tedious and rather disappointing. This is due
to unexpected amount of background noise, even on a quiet Saturday afternoon.
Basically, the testing area was never completely free of background noistheand
most obtrusive was the wind noise and surprisingly, a very distant aeroplane noise. |
have managed to take several measurements in the configuration as shown on the
pictures below, at 1meter distance, and selected the best one for processing and
compaison record.

In case you wander what are the two grey circles above the dtivisrbox used to

be a 3way system, with midrange and tweeter located above the woofer. | have since
then pulled out crossover and these drivers, and bolted 3mm alundiscsnin place

of the drivers. It is now a one of two subwoofers in my 5.2HT system.

are valid till about 300Hz..

Outdoor measurement res



Collected impulse response was ppsicessed using HBT and the excellent
agreement between measured amplitadd phase and HB@enerated phase was
obtained.
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Measured SPL/phase and HBT derived amplitude and phase

However, | had somewhat lower confidence in this measurement in the
frequency range from 300Hz and above. This is the range where diffractiorrkicks
and my measurements were contaminated by ground refledtidhsrefore, not
exactly following the anechoic diffraction model. The SPL drops by 12dB at 400Hz
and exhibits another sharp notch at 600Hz before returning to averagée ieadl
looked suspicious. | have therefore decided to switch off this frequency range from
HBT equalization. This is done by using pixel editor in File Editor screen. | have
inserted a flat section of SPL between 8BDHz at 90dB level. As you can see on
the picture blew, after HBT, amplitude fluctuations and phase fluctuations have
disappeared there.
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Indoor Measurement Setup

For the record, | have decided to try indoor measurements and compare the
results with the outdoor measurements.

It was perhaps worth &y, as the goal of the project was to develop a
subwoofer with flat response up to 150Hz, and the aloi&e technique, coupled
with diffraction modelling curve could yield satisfactory results. Ultimate Equalizer
has diffraction modeller butih, so ths task was pretty simple. Here is the result.
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Listening room has the following dimensions: Length = 6.5meters, width =
4.5meters and Hight = 2.6meters. As you can see on the picture belowd, dnese
computer to run MLS testing on UE3, and another computer to run the UE3. This
way, | could also confirm operation of the UE3 equalization function.




Next, the driver and port measurement results. Please note the phase response of the
driverandportii t 6s i n agreement with earlier theol
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B MLS Frequency Domain, Ampl = 53.30 dB, Phase — 1.30 deg, Freq - 8312.1 Hz
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Driver + port closemike SPL/phase measurement. Port shifted dow8¢g due to
Sd differences.
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%l HBT Editor Window: Amplitude = 71.78 dB, Freq = 10.0 Hz, Bin = 0
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Driver + port + diffraction added together. Also shown HBT to 1kHz.

In the next stage, UE3 correction curves were constructed as shown on the
picture below, and played by UE3.

8 Ultimate Equalizer Frequency Domain, 8 Outputs
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Green curvé Loudspeaker measured SPL.

Red curvd Target Linkwitz filter: 200+k/12dB/oct.

Blue curvei UE3 correction curve developed with HBT.

Pinkcurvei Loudspeaker 6s equalized response.

Temporarily, | have decided to try to extend the subwoofer bandwidth to
200Hz andswitch to 24dB/oct Butterworth filter ts e e i f ble to@® thip 0 s s |
without major consequences. Running UE3 on one PC and using the other PC for
measurements, | have obtained the following SPL/phase characteristics of the
equalized subwoofer. Here is the result of the equalization as measuoedin
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In-room subwoofer frequency response in LiRBaase Mode.

It is observable, that both SPL and phase are-perdect examples of linear
phase subwoofer, operating between Z®0Hz.

Flatness of the SPL and phase respgnaelsieved in this measment,are
attributable to HB¥style of equalization, and shawearperfect characteristics, even
forinr oom measur ement s, and with DSaRdiopushed t
frequency range. As predicted, phase response for tt@in measurementsith
SPL below-60dB, shows up as noise of no consequences.

It can not be stressed enough, that proper execution of this project should
involve anechoic chamber SPL tests or at least more elaborate gramedor pi
type SPL measurements, so the raésglSLP and phase curves would be even more
smoth.

Outdoor measurements proved to be extremely difficult, and due to variability
of the background noise conditions, repeatability was highly questionable. The in
room measurements introduce another setpablems, but at least, these are
repeatable enough, so some countermeasures can be developed.



Square wave phase shifts considerations

A 45deg phase shift at the fundamental frequency does not seem like much,
however, it will drastically alter the shamef a square wave recombi

shifted components. Here is a 20Hz square wave recombined from uf to 9
harmonics, with all waveforms-phase.
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Here is the same process, except, that fundamental frequency of 20Hz is
phaseshifted by 45deg, thd harmonics is shifted by 30deg, fifth harmonics id shifted
by 20deg, seventh harmonics is shifted by 10deg.
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It is easy to observe, that the square wave almost become a triangular wave,
even with no change in amplitudes of the harmonics took pGlearly, in order to

preserve the characteristics of source of the signal, phase linearity must be
maintained.



Audibility of phase shiftsi short scientific commersfrom BAS

In mid-7 0 6 , Mr Mar k Davi es, wa s a doct c
psychoacoustic @nmomena at MIT, and was instrumental in experiments verifying a
new model of the hearing process. The model of the ear that has been proposed by
Professor Campbell L. Searle, formerly of MIT and later, at Queens University in
Kingston, Ontario. Since thethe model has been widely used. Here is an excerpt
from Boston Audio Society meeting:

ARéThe model attempts to account for alll
physiological aspects of the human hearing process in such a way that an electrical
analogue othe ear may be constructed that will simulate these effects. It is believed
that the ear analyzes sounds in-@¢3ave bands spread uniformly through the audio
spectrum. This behaviour is supported by measurements on cats' ears (which are
similar to humarears), which showed individual nerve cells respond oveodi@ve
bands with ban&dge response falling off at 96 dB/octave.

The ear model begins with a broadband microphone (representing the eardrum
and bones connecting to the cochlea of the innerfead)ng a bank of 30 1/8ctave
filters (the individual frequenegensitive nerve cells). This is followed by a parallel
set of 30 peak detectors whose 11 outputs are proportional to the peak values of the
signals from each of the H&tave filters. The etectors have a time constant of 5
milliseconds, which means that for signals beyond a few hundred hertz, the detector
can no longer follow instantaneous level fluctuations and responds only to the
envelope of the signal.
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This is more graphically explaed with an example from Figure above.



Accordingly to this theory, phase shifts are much more readily apparent in
transient signals with low repetition rates. According to the model, the reason for this
can be seen by, again, looking at the output ofpisak detector. For a transient
signal, the peak detector output would also be a transient, its value following the
energy content of that particular frequency band. When phase shift is introduced, the
energy in the frequency band over which the phase ebtdurs tends to be delayed
(phase lag) with respect to the rest of the spectrum, delaying the output of the peak
detector (s) in that band.

The delay clues the brain that a change

So, was the phase shift audible?

In some instaces, yes it was. Before | elaborate on the listening test results,
the following needs to be explained:

| was able to compare a subwoofer with no acoustical phase distortions (flat
line phase response) to a subwoofer with mininpirase phase charactegsti
(typical phase rolbff for driver + crossover systems). There is a lack of internet
literature describing this exact type of tests performed on subwoofers. The only paper
| was able to source, that used phagealized loudspeakers (but not subwoofesss
The Audibility of Loudspeaker Phase Distartion Preprirt 2927, by Mr Richard Greenfield,
Dr Malcolm Hawksford, Department of Electronic Systems Engineering, University of Essex,
Colchester, England.

| decided to use artificially generated test signél) square wave of various
frequencies, (2) a pulse of various widths 1188ms and repetition rate of 350ms,
and (3) bipolar pulse of various widths and repetition rate of 350ms. The reason for it
was the ease of repeatability, and ease of diffetericbetween distorted and
undistorted test result. Plainly speaking was obvious to see (particularly for you
the reader), which output waveform test result confirmed to the original (excitation)
waveform. Out of the three signals above, | assutihed the square wave and the bi
polar pulse perhaps offered some resemblance to-lisalencountered acoustical
signals. The pulse signal was there to stress the subwoofer and bring out the worst of
it.

This one is important. | have tested subwoofena) without complimenting
it with a highpass section. As the theory goes, linglaase crossover is capable of
reproducing impulse response perfectly, provided that-dass section is
complimented by higipass section. Therefore, the pesponse of thdow-pass
impulse response is cancelled by the-y@sponse of the higbass section, and the
overall impulse response or step response is perfectly preserved (this is the feature,
that minimumphase systems can not do). So, without the complimentingplaigh
section, the subwoofer was exposed to potential audibility of impulse response pre
response.

To make this situation even more complicated, the characteristiephiggh
slope of the subwoofer, did not have a counterpart anyway, so there was d distinc
possibility, that this could induce some form of-pesponse effect.

h a:



Listening tests

Linkwitz 2nd order LP filter, with F3dB = 200Hz.

%l Ultimate Equalizer, Frequency Domain, 8 Outputs

z0 10 SPL /! Phase vs. Frequency
15 160
0o Filier & S =
=) 120
B Ve
0 100 e p Py )
S
& &0 / et i
-0 60 / \\
15 40 / ™, \/
4 I \

=0 20 Driter 6 SFL ——
256 0 \
=00 20 \\ \
-35 40 \
-40 B0 "
45 80 "\ \

\ ~ \ HBT & SPL  ———
-50 100 \

oy s
65 120 \
-60 140 \ \ \

\ et
65 160 ™
= T N

21 1w LEront-Right \ “
dB  deg 10 20 30 40 E0 80 100 200 300 400 [=1u]u]} Tk 2k Sk 4k Ek 8k 10k 20k 30k 40k Hz

When listening to the minimwphase and linegshase versions of the
subwoofer, wih 20Hz square wave signal, téferencewasaudible. | expected the
20Hz,lineafpp hase output to have wmodrbatitvasortyhor i t yo
slightly noticeable. However, that minimggnh as e ver si on had more ¢
then the lineaphase version. Waveforms are shdvetow.
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20Hz square wave: Line&thase Mode and Minimdfhase Mode

Shown above the time-domain comparison measurement results speak for
themselves. It needs to be remembered, that we are dealing here with a very heavy
coned, 1 8wepasd filteredeim g vented (resonating) enclosure, and yet, the
time domain performanceisngare r f ect accur at e. |l tds prett
loudspeaker, holding the acoustic pressure nearly constant for 25ms.

Next, | usedmswide pulses sepated by 350ms space as the source signal.
On the2ms pulse, the minimump hase version delivered a mor
of a pop or a click. This is perhaps not surprising, as therpgghg of the pulse
extended tol30ms and fmoryexddeddd tolfe thCr
system. Here, thariver, filter and vented enclosur@ d d e d i, toinbinedo w n
signature. It is also observable, that the mininpimase version of the subwoofer has



converted the clearly asymmetrical pulse into a much more symaad bipolar
pulse with postinging. This is clearly visible on the screen shots below.
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5ms Impulse in LineaPhase Mode and MinimiRPhase Mode

When a 2ms bpolar pulse was used for exditm, the minimurphase
version has done the opposite, and converted the symmetrpalabipulse into a
pulse with clear asymmetrical tendency. The ringing past the pulse is due to a more
distant microphone placement, so now, the mike picks some widhereflections.

2ms Bipolar pulse in LineaPhase Mode and MinimePmase Mode

When a 10ms bpolar pulse was used for excitation, the minimpinase
version has even more asymmetrical tendency.

10ms Btpolar pulse in LineaPhase Mode and MinimuBhase Mode



