Automated Extraction of Minimum-Phase Phase response
By Bohdan Raczynski — July 2021

When measuring loudspeaker phase response, there is a strong possibility, that the phase will be
measured erroneously. There are three distinct possibilities, typically obtained from the measurement:

1. The FFT window is placed correctly — this will result in subtracting the exact amount of time-of-
flight and the “leftover” will result in exact minimum-phase phase response. This is the desirable

option.

2. The FFT window is placed too close — this will result in erroneous phase response, which is too flat.
The “leftover”, which was supposed to represent the minimum-phase phase response is too shallow.
Too much of the time-of-flight has been removed.

3. The FFT window is placed too far from the impulse response — this will result in the “leftover”,
which was supposed to represent the minimum-phase phase response, still containing small residual
time delay.

The three options listed above are depicted on a measurement example below.
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The previous paper introduced Inverse Hilbert-Bode Transform (IHBT) and provided extensive
description of it’s primary application. A manual method of extracting exact “minimum-phase” phase
response from measured SPL curve was also given and explained in details.

URL: https://www.bodziosoftware.com.au/IHBT White Paper.pdf

The method required flipping between MLS measurement system screens and IHBT dialogue box
several times (up to 20-30 times), before it produced the expected minimum-phase response.

This paper introduces automated method of extracting exact “minimum-phase” phase response from
measured SPL curve. As the loudspeaker driver is a minimum-phase device, it’s transfer function and phase
response are mathematically locked together. Knowing SPL transfer function we can extract phase response
from it. And conversely, knowing phase response, we can re-construct SPL transfer function from it. The re-
constructed SPL transfer function will be identical to the original SPL transfer function — but ONLY if the
supplied phase response was the “minimum-phase” phase response.


https://www.bodziosoftware.com.au/IHBT_White_Paper.pdf

We can therefore supply a number of phase responses to the IHBT algorithm and compare resulting
re-constructed SPL transfer functions with the originally measured SPL. The comparison is done by
calculating squared error between the original and re-constructed SPL transfer functions.

Typical MLS and ESS measurement systems will both generate Impulse Response (IR) of the
loudspeaker under test. The next immediate step is to apply an FFT windowing process to the recovered IR
and then perform FFT function on the windowed IR. The outcome of this technique is SPL and phase
response of a loudspeaker. The location of the start of the FFT window will determine the resulting phase
response. The start of the FFT window can only be anchored at discrete time samples determined by signal
sampling frequency. Typically, sampling will be set at 48kHz or 96kHz. For example, 48kHz sampling
frequency will result in discrete time samples spaced 20.833usec apart. Therefore, corresponding phase
response can only be obtained at those time samples.

Yes, our measurement system is quite coarse. The problem with this approach is, that the actual
minimum-phase response may be corresponding to the FFT window placed somewhere between the discrete
time samples. To overcome this shortcoming, a small positive or negative time delay can be added to the
calculated phase response, and the resulting phase response is then supplied to the IHBT algorithm.

Clearly, the automated method described in this paper is a two-stage process. In Stage I, the FFT
window is placed at 10 arbitrary, but consecutive time samples, and resulting phase responses are supplied
to the IHBT algorithm. This way, we obtain 10 SPL responses and one of them will be the best match with
the originally measured SPL. The time sample corresponding to this SPL curve is the starting point of Stage
.

In Stage Il, a small positive or negative time delay is added to the calculated phase response, and the
resulting phase response is then supplied to the IHBT algorithm. Practically, the algorithm adds or subtracts
ten 2usec time delays so that the new phase is recalculated across 20usec to the left and 20usec to the right
of the sampling time determined from Stage I.

There are many options of selecting parameters driving the whole process, but for the sake of clarity
of this presentation, they will not be discussed here.

We are now in the position to present two examples of measured loudspeakers a 12 guitar driver in
a vented box and a D25 tweeter. The method described above will be used to extract the exact minimum-
phase phase response in both cases.



Tweeter Driver Example

From the phase extraction point of view, tweeter drivers are notoriously difficult to deal with,
because there is no SPL/Phase data above the Nyquist Frequency (half the sampling frequency of 48kHz).
An example of tweeter driver measured up to 24kHz is shown below. Phase response was derived with the
FFT window placed at time sample “Bin 121”.
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Now, we are grappling with the same question — how to determine the correct FFT window
placement?. Shown below are three examples of FFT window placement, and corresponding phase
response (green curves).

On the top picture, the FFT was placed at Bin 116, resulting in perhaps too many +180/-180 deg
phase transitions. On the middle picture, the FFT window start was placed at Bin 121. Here, we only have
one phase transition — but is this correct?. On the bottom picture, the FFT window was placed at Bin 124,
resulting in phase response having no transitions at all.
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As explained in Part | article, the IHBT requires phase slopes to be attached to the phase response. There are
several reasons for this.

1. At high frequency range, the measured phase response is limited to 5Hz — %2 sampling frequency and
does not extend beyond, to the screen limit.

2. At low frequency range, the SPL is heavily distorted by the effect of FFT windowing.

3. At both: high and low frequency ranges the measured SPL and phase responses accuracy is limited
by the measurement system dynamic range. There are sound reflections, and background noises, that
typically produce garbage SPL/Phase responses at the frequency fringes. This needs to be removed.

Therefore, attaching the asymptotic “phase tails” would clean up the measurements perfectly and would
enable the SPL/Phase the be calculated over the whole frequency range of 5Hz-50kHz. As it was explained
in Part I, the phase slopes are attached via SPL slopes mechanism — so, that the process looks more familiar
to the user.

Most importantly, the SPL calculated via IHBT is not sensitive to the attached slopes, as it is calculated only
between it’s designated frequency points, that are different from the attachment points of the phase slopes.
In our example, the phase slopes are attached at 400Hz (+12dB equivalent) and 22kHz (-54dB equivalent).
While the IHBT is calculated between 1000Hz and 21kHz.
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Step 1 - 10 Coarse FFT window placements

As explained before, in Stage I, the FFT window is placed at 10 arbitrary, but consecutive time samples, and
resulting phase responses are supplied to the IHBT algorithm. This way, we obtain 10 SPL responses and
one of them will be the best match with the originally measured SPL.
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Shown below, are the 10 SPL curves re-created by the IHBT algorithm. Please note, that the vertical scale
resolution has been enchanced from 5dB to 2dB in order to increase visual separation between SPL curves.
The pink curve is the originally measured SPL, and it is our “reference” SPL curve.

Next, the process automatically searched for the minimum “Error” value and selected Run 5 (or time sample
Bin 121) as the starting point for the Stage 1.
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Stage Il is started automatically.
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Step 2 — 20 Fine FFT (positive and negative) window delays

In Stage IlI, the algorithm adds or subtracts ten 2usec time delays so that the new phase is
recalculated across 20usec to the left and 20usec to the right of the sampling time determined from Stage I.
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Shown below, are the 20 SPL curves re-created by the IHBT algorithm. Please note, that the vertical scale
resolution has been set again to 2dB. The pink curve is the originally measured SPL, and it is our
“reference” SPL curve, as before.

The process automatically searched for the minimum “Error” value and selected Run 14 (or time sample Bin
121 + Delay 0.008 ms) as the final parameters for placing the FFT window and calculating the resulting
phase response
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Back to MLS screen to correct FFT window placement at time sample Bin 121, with Pulse Delay of
0.008ms — see below.
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Now, we obtain correctly extracted minimum-phase response — see below.
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Having done that, the measured phase response becomes the PHASE TEMPLATE for correcting HBT
settings. We can now go to HBT screen and correct HBT settings to reflect correctly measured Minimum-
Phase phase response.
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The thin blue curve is the minimum-phase phase response. Please note, that the phase response is clean and
extends across the whole frequency range.

The thin black curve is the measured SPL response. Please note, that the SPL response is clean and extends
across the whole frequency range.



12 Woofer Driver in Vented Box

The next driver example is a 12” woofer driver measured in mid-sized room during daytime.
Resulting SPL and Phase responses show room reflections and general low-level acoustic noise and
reflections affecting measurement accuracy below -35dB.
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Now, we are grappling with the same question as for the tweeter — how to determine the correct
FFT window placement?. Shown below are three examples of FFT window placement, and corresponding
phase response (green curves).

On the first picture, the FFT was placed at Bin 72, resulting in perhaps too many +180/-180 deg
phase transitions. On the middle picture, the FFT window start was placed at Bin 77. Here, we have fewer
phase transition — but is this correct?. On the bottom picture, the FFT window was placed at Bin 81,
resulting in phase response with a very few transitions.
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As explained in Part I article, the IHBT requires phase slopes to be attached to the phase response. There are
several reasons for this.

1. At high frequency range, the measured phase response is limited to 5Hz — %2 sampling frequency and
does not extend to the screen limit.

2. At low frequency range, the SPL is heavily distorted by the effect of FFT windowing and reflections.

3. At both: high and low frequency ranges the measured SPL and phase responses accuracy is limited
by the measurement system dynamic range. There are sound reflections, and background noises, that
typically produce garbage SPL/Phase responses at the frequency fringes. This needs to be removed.

Therefore, attaching the asymptotic “phase tails” would clean up the measurements perfectly and would
enable the SPL/Phase the be calculated over the whole frequency range of 5Hz-50kHz. As it was explained
in Part |, the phase slopes are attached via SPL slopes mechanism — so, that the process looks more familiar
to the user.



Most importantly, the SPL calculated via IHBT is not sensitive to the attached slopes, as it is calculated only
between it’s designated frequency points, that are different from the attachment points of the phase slopes.
In our example, the phase slopes are attached at 35Hz (+24dB equivalent) and 9.5kHz (-36dB equivalent).
While the IHBT is calculated between 100Hz and 9.5kHz.

Phase from HBT using selected example slope parameters.

Driver Parameter Editor il

TS Editur' Amplitude Mudel' Impedance Mudel' Hilbert-Bode Transform Inverse H-B Transform |
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e —_— ear B elp
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Step 1 - 10 Coarse FFT window placements

As explained in the tweeter example before, in Stage I, the FFT window is placed at 10 arbitrary, but
consecutive time samples, and resulting phase responses are supplied to the IHBT algorithm. This way, we
obtain 10 SPL responses and one of them will be the best match with the originally measured SPL.

TS Editurl Amplitude Mudell Impedance Mudell Hilbert-Bode Transform Inverse H-B Transform |
High-Pass PHASE Tail Equivalent To SPL Low-Pass PHASE Tail Equivalent To 3PL -3, Inverse HET Optimizer

Stop |35.00 Hz Start | 25000 Hez Run 0, Bin 72, Emor 3361.89, Gain 3.40, Angle -382 77, Del 0.000
o —— Run 1, Bin 73, Emor 2244 20, Gain5.80, Angle -373.09, Del 0.000
Slope | 240 dBfoct Slope | 360 dBfoct Run 2, Bin 74, Emor 134487, Gain 7 64, Angle -374.39, Del 0.000
Fun 3. Bin 75, Emor 676.05, Gain 9.73, Angle -370.17, Del 0.000
O T o S 3 T —— I Ttwetrse HET ccooeommeeeee 21 Show i n frar ain nigle g

Amplitude From Measurement

[ Unwerapped Phase E

. Emor 30,85, Gain 13.98, Angle -2.001, Del 0,000

rar aln

.20, Andle 224, TTel T
8.32, Angle 6.37, Del 0.000

Phasze From Ileasurement I SPLF el 4Fh ¥ Measuted Phase Run ?: Bin ?9: Errar 32.?.353, Gain 1
romizelected Phase Rurn 8, Bin 80, Emor 844.61, Gain 20,63, Angle 10,74, Del0.000
Fhase From HET ¥ HET Phase Fun 9, Bin =1, Emor 1604.22, Gain 22,50, Angle 14.95, Del 0.000
Phase From Cuiding Filter I V¥ Search Fun From [Hz] | 100 To [Hz] (95000
™ Show Minimusm-Phase Cuiding Filter Count = 42 Gain = 2280 2280
Error= 1604.219 Angle= 1408 1408
Create Mindtoam-Phase Guiding Filter I Hew I Clear I Help I Run =21

Shown below, are the 10 SPL curves re-created by the IHBT algorithm. Please note, that the vertical scale
resolution has been enchanced from 5dB to 2dB in order to increase visual separation between SPL curves.
The pink curve is the originally measured SPL, and it is our “reference” SPL curve.

Next, the process automatically searched for the minimum “Error” value and selected Run 5 (or time sample

Bin 77) as the starting point for the Stage II.
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Stage Il starts automatically




Step 2 - 20 Fine FFT (positive and negative) window delays

In Stage I, the algorithm adds or subtracts ten 2usec time delays so that the new phase is recalculated across
20usec to the left and 20usec to the right of the sampling time determined from Stage I.

Driver Parameter Editor

TS Editur' Amplitude Mndel' Impedance Model | Hilbert-Bode Transform Inverse H-B Transform |

High-Pass PHAZSE Tail Equivalent To 3FL  Low-Pass PHASE Tail Equivalent To 3FL 3. Inverse HBT Optimizer
StDp 3500 Hz Sart 5000 Hz Run 0, Bin 77, BEmor 224 .20, Del -0.020 Run 10, Bin 77, Bror 30,25, Del 0.000
——— —— Rur 1, Bin 77, Bmor 1945.14, Del -0.01%  Fun 11, Bin 77, Bror 23.38, Del 0.002
Slope | 24.0 dBfact Blope | 36.0 dB/oct Run 2, Bin 77, Emor 168,22, Del -0.016  Run 12, Bin 77, Emor 18.07, Del 0,004
Run 3, Bin 77, BEmor 143.46, Oel -0.014  Run 13, Bin 77, Bror 15.16, Oel 0.006
1. Phase Reference - 2. Inverse HBT - 2.1 Bhow Run 4, Bin 77, Emor 120,91, el -0.012
: Run §, Bin 77, Emor 100.49, Del -0.010  Run 14, Bin ¢, Bror 15,84, Uel 0LOA0
e I I Unwrepped Phase Fun 6, Bin 77, Emor 84.25, Del -0.008  Run 16, Bin 77, Emor 18.83, Del 0.012
Fhase From Ieasuretment I p MMeasuted Phase Fun 7, Bin 77, BEmor 66.28, Del -0.006 Run 17, Bin 77, Bmor 24.73, Del 0.014
SFL From Gelected Phase Run 8, Bin 77, Emor 5210, Del -0.004  Run 12, Bin 77, Emor 35.80, Del 0.016
Phase From HET ¥ HET Fhase Run 8, Bin 77, Bor 40,34, Del -0.002  Run 19, Bin 77, Bmor 42.72, Del 0.018
Phase From Guiding Filter I ¥ Search Run From [Hz] I 100 To [Hz] [95000
B e N e Cof e e Count = 23 Gain = 1583 1528
Error= 42734 Anale =178 176
Create Mummum-Phase Guiding Filter I Hew I Clear I Help I Run=77 I'E,‘n 77, Frrar 14150, Del D.DDS_-I

Shown below, are the 20 SPL curves re-created by the IHBT algorithm. Please note, that the vertical scale
resolution has been set again to 2dB. The pink curve is the originally measured SPL, and it is our
“reference” SPL curve, as before.

The process automatically searched for the minimum “Error” value and selected Run 14 (or time sample Bin
77 + Delay 0.008 ms) as the final parameters for placing the FFT window and calculating the resulting phase
response

EN Driver Transfer Function Amplitude = 91.08 dB, Freq = 3396.2 Hz, Bin = 530, Filter = 90.00dB
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Back to MLS screen to correct FFT window placement at time sample Bin 77, with Pulse Delay of 0.008ms
— see below.
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Now, we obtain correctly extracted minimum-phase response — see below.
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Having done that, the measured phase response becomes the PHASE TEMPLATE for correcting HBT
settings. We can now go back to HBT screen and correct HBT settings to reflect correctly measured
Minimum-Phase phase response.

Driver Parameter Editor X|

TS Editurl Amplitude Mudell Impedance Model Hilbert-Bode Transtorm |Inverse H-B Transfurml

High-Pass Tai Low-Pass Tail High-Pasz Tail Low-Pass Tail Cloar | New | Help |
Stop |20 tart | 2500.0 H=z Stop | 510 Start | 10000.0 Hz
Slope | 13.5 lape | 40 dBfact] Slope |00 Slape| 320 dBfoct  Dist= 1.00000[m], Delay = 250695 [ms]
Pin |10 Watt FEr r
SPL Hilbert-Eode - SFL Refetence Zin Hilbert-Bode -- Zin Reference ™ Include Distence [n PHASE Plots
: - [™ Inctude Distance In AMPLITUDE Plots
Amphtudel Amphtudel M odulas I M odulus I

Cmiding Filter Optimizer

FPhase I Fhase I Fhase I Fhase I Sta.ttFﬂterl From [Hz] Iﬁ-D Ta |_HZ]|EDDDD.D

Fhasze Differenice | Level [dB] |[o00  Lewel
™ Show Minimum-Phase Guiding Filter g;r:ltef :g'\r ﬁv

Create Minimum-Phase Guiding Filter Run # = sl
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As mentioned before, the IHBT is not sensitive to the attached slopes. We can see this on the three examples
shown below. Despite having low-frequency phase slopes (actually SPL slopes translated to phase slope)
attached at different frequency points and with different slopes, the algorithm always selects Bin 77 with the

minimum error.

Driver Parameter Editor

x|

TS Edlturl Amplllude Mudell Impedance Mudel' Hilbert-Bode Transform Inverse H-B Transform |

guivalent To SPL Low-Pass PHASE Tail Equivalent To SPL

3. Itrverse HBT Optimizer

Som Sart | 95000 Haz RO, Bin 77, Emor 229,14, Del -0.020 R 10, Bin 77, Emor 31.04, Del 0.000
I R 1, Bin 77, Emor 19867, Del -0.012 R 11, Bin 77, Emor 23.43, Oel 0.002
Slop Slope |36.0 dBfoct R . Bin 77, Emor 171.08, Del -0.016 R 12, Bin 77. Emor 18, 5? I:Iel 0.004
R 3. Bin 77, Emor 146.01, Del -0.014 in e -
1. Phase Reference - 2. Inverse HBT - 2.1 3how R 4. Bin 77, Emor 122.89, Del -0.012
. R %, Bin 77, Emor 102.05, Del -0.010 W S

iugplivels Fuona Ll sastitsniags I I Unweapped Phase R B, Bin 77, Emor 82.42, Del -0.00% R 16, Bin 77, Emor 12.82, Del 0.012
Phase From Measurement | ¥ Measured Phage | |R 7. Bin 77, Emor 67.10, Del -0.006 R 17, Bin 77, Emor 24.58, Del 0.014
HFL From Selected Phaze R &, Bin 77, Ermor 52.88, Del -0.004 R 18, Bin 77, Ermor 32.52, Del 0016
Phase From HET [” HET FPhase R 9, Bin 77, Emor 40,53, Del -0.002 R 19, Bin 77. Emor 42 4, Del 0.018

Phase From Guiding Filter | ¥ Search Run Start Fiter |[FromHz] [100  JTo He] [55000
I Show Minimum Phase Cuulding Filter Count = 24 Gain = 27,92 2792

Error= 42413 Angle = -85 32 -BE.32

Create Mininum-Phase Guiding Filter I Hew I Clear I Help I Fun=77

Driver Parameter Editor

T.J'S Edlturl Amplllude Mudell Impedance Mudel' Hilbert-Bode Transform Inverse H-B Transform

A mplitude From Measurement I

Phase From Measurement

Start
Slope

I SFL From Selected Phase

Q5000

36.0

Phase From HET
Phase From Guiding Filter I

Hz
dBfoct

2.1 Bhaonr
[T Urwrapped Phase

v Measured Phase
¥ HET Phase
v Search Fun

ail Euivalent To SFL  Low-Pass PHASE Tail Equisralent To SPL

[T Show Minimum-Phase Cuiding Filter
Create Mininum-Phase Guiding Filter

I Wewr I

Clear I Help

3. Inwverse HBT Optimizer
R 0, Bin 77, Bmor 226.23, Del -0.020 R 10, Bin 77, Bmor 30.60, Del 0.000
R 1, Bin 77, Bmor 196.85, Del -0.013 R 11, Bin 77, Bror 23.40, Del 0.002
R Z, Bin 77, Bmor 169.53, Del -0.016 R 12, Bin 77, Bror 17.84, Oel 0.004
R %, Bin 77, BEmor 144.32, Del -0.014 R 13, Bin 77, Bror 14.89, Oel 0.00G
R 4, Bin 77, Bmor 121.44, Del -0.012 R 14, Bin 77, Bror 14.10, Del 0.002
R &, Bin 77, Bmor 100,78, Del -0.010 il
R 6, Bin 77, Emor 8231, Del -0.008 R 13 Bin ?? Emor 18, 15 Oel 0.012
R 7, Bin 77, Emor 66.13, Del -0.006 R 17, Bin 77, Emor 24.89, Del 0.014
R &, Bin 77, Bmor 62.04, Del -0.004 F 18, Bin 77, Bmor 33.02, Del 0.016
R 9, Bin 77, Bmor 40.18, Del -0.002 R 19, Bin 77, Bror 43.23, Del 0.018
| Start Fitter | [From [Hz] | 100 To [Hz] | 95000 ]
Count = 25 Gain= 1523 1583
Error = 43 227 Angle=171 171
Run=77




Driver Parameter Editor 5[

TS Edilur' Amplitude Mudt:ll Impedance Mudel' Hilbert-Bode Transform Inverse H-B Transform

uivalent To SPL Low-Pass PHASE Tail Equivalent To SPL - 3. Inverse HET Optitmizer
Syaet | 95000 Hz R 0, Bin 77. Emor 207,29, Del -0.020 R 10, Bin 77, Emor 28,81, Del 0.000
R 1. Bin 77. Emor 181,30, Del -0.018 R 11, Bin 77, Emor 22.55, Del 0002
Slope | 360 dBfoct R 2, Bin 77, Emor 156.75, Del -0.016 R 12, Bin 77, Emor 18.22, Del 0.004
R 3, Bin 77, Emor 134.38, Del -0.014 R 13, Bin 77, Eor 12.93, Del 000
1. Phaze Reference oo 2. Inverse HBT oo 215how ——||R 4, Bin 77. Bror 113,78, Del 0012

: i} dFh R &, Bin 77, Emor 96.04, Del -0.010 E 13, Bin ¢, Bmar 1121, Del 0010
sttt o Lo aru et | B i 5% /15 & pin 77, Ermor 72.65, Del -0.008 R 16, Bin 77, Emor 13.06, Del 0.012
e p——— | ¥ MMeasured Phase | |R 7. Bin 77, Emor 63.02, Del -0.005 R 17, Bin 77, Emor 16.90. Del 0014
SPL From Selected Phase R &, Bin 77, Emor 50,31, Del -0.004 R 1%, Bin 77, Eror 22.53, Del 0016
Phase From HET [ HET Phase R 9, Bin 77, Bmor 39.05, Del -0.002 R 19, Bin 77, Emor 29.93, Del 0.018

Phage From Guiding Filter I ¥ Search Run | Start Filter | |Ff|:|m [Hz] I 00 To [Hz] [95000

[~ Show Minimum-Phase Guiding Fitter Count =13 Gain = 16,60 16 50
Error = 29 933 Angle =253 283
Create Minimum-Phasze Cuiding Filter Mew I Clear I Help I Eun =77

Conclusions

The two examples shown above demonstrate the following advantages of the IHBT Automated Method.

1. Loudspeaker drivers can be measured with accurately extracted minimum-phase phase response.

2. Final SPL and Phase responses are exceptionally clean and mathematically correct across the whole
screen frequency range. They are locked together via HBT and IHBT transforms.

3. All undesirable background acoustical noises contaminating the measurements, are eliminated.

4. Having extracted minimum-phase phase response, it is easy to calculate corresponding time-of-
flight. This would be TOF = “number_of bins”/’sampling frequency” + Added Delay.

5. Knowing TOF and the speed of sound, we can calculate “Acoustical Distance”

H i H| i i i

| Acoustical Distance: 18.192 cm | """

6. Now, if you measure physical distance between the microphone and the front mounting baffle, you
can correctly calculate the “Acoustic Centre Offset” for each driver.

Thank you for reading

Bohdan



