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Typlcal contemporary crossover with corrective circ uits
3-way, 12dB/oct + Zobel, L-pad, SPL Notch, Zin Notc h
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Good quality inductors (low Rloss)

High-power, low inductance resistors

High-voltage bi-polar capacitors

Inductors mutual orientation important (de-coupling)



Typical crossover with corrective circuits

Amplitude Peak EQ
Amplitude Peak Equaliser @

L-Pad

' - Pad Calculator @

Design Parameters

Re |8.00 ohm
Att (3.00 dB

L-Pad Rp = 19.3921 ohm
L-Pad Bs = 2.33643 ohm

Calculate

Done

Rz="?
?r_lc 2 B

Rp=? Re

Rin--»

Zobel Network

fobel Calculator, E

Design Parameters

Re |8.00 ohm M
Le [1.50 mH M
Rel |65.00 ohm

Zobel Rz = 8.98461 ohm
Zobel Cz = 18.5819 uF

Re=C [DC] resiztance
Le=VC inductance
Fiel=Eddy resistance’
Fez=Suzp. resiztance
Lees=Due to comliance

h
Ra=

-
B E

Design Parameters
Re (8.00 ohm

Calculate

Ao |3.00 dB

FI |1000.0 Hz
Fh |4000.0 Hz
ALh |1.00 dB

T

Tank Rp = 3.30030 ohm
Tank Lp = 0.23357 mH
Tank Cp = 27.1044 uF

Lp
Fp.Cp
Fe

Re=Load resistance

Aio=Bump heigth at Fo
Al=Bump heigth at Fl

Bh=Bump heigth at Fh

Rin=Re if the calculated Rp % Rz are uzed

Crmesz=0ue to mass

Lattice Network (time delay) needs stable load resistance
X

Lattice Network Calculator.

Design Parameters

Rload |6.00 ohm
Fo 1000.0 Hz

Calculated — First Order — Second Order
Delays...

Calculate
Done

Q 0.708 (2-nd Order]

T[F=0)= 0.3183 0.4495 ms

T[F=Fo)= 0.1591 0.4507 ms Second Order Latlice
Equivalent Distance...

d[F=0]= 10.9484 15.4639 cm

d[F=Fo)= b 4742 15.5030 cm
Components...

L1= 1.2731 1.7981 mH

C1= 19.8918 14.0834 uF

L2= 0.9013 mH

c2= 28.0957 uF

First Order Lattice Metwork.

Fo=zqi[FI*Fh]
&l = Ak

‘Fl__Fh

Frequency [Hz]

Impedance Peak EQ

Impedance Peak Equaliser @

Design Parameters
Calculate

Fs (49.00 Hz
am [4.50 Done

ae [0.44
Re |8.00 ohm m

Notch Rs = 8.78222 ohm
Notch Ls =11.4316 mH

MNotch Cs = 922.624 uF

Diriveer
Fe=\C [DC] resistance

Lg=7 Le=VT inductance
Ra=7 Rel="E ddy resistance’
Ca=7? :?: Res=Suzp. resiztance

Lces=Due to comliahce
Cmez=Due to mass




Typical crossover with corrective circuits
(Dedicated CAD for loudspeaker design should have th ese)

Filter Selector

Build-in Filter Seleckor x|
1. Filter Configuration 2. Filter Type

L-F Passive, -0dBfoct il All-Pass selected -

L-F Passive, -12dBfoct Bessel selected

L-P Passive, IEdEh‘Dct Bullock selected

L-FP Passive, -24dBfoc uttensorth selected

H-F Passive, +6dElf|:|ct ;I Lintowitz selected ;I
—3. Filter Limits

High-Pass F3dE I 000 [Hz] 5 Done

Low-Pags FidE Ijl]l]l]_l] [Hz]

Low-Faszs F3dB = Fo for A ctive Citcuits

Print

—d4. Passive Network

Fiload) I 20 [chm] Cancel
—4 Active Hetworks /£ Time Delay (Beed Components)

Eo I 20000.0 [ohtn] TiOH=z) = 0.2000 ms

Co ID-':'2 [uF] FT H=397EHz
Qo I 0333 ot k-ratio for Notched

o I 1.420

Crossove

1. Crossover Confimuration

r Selector

Build-in Crossover Selector

2. Crossover Type

4 W ay Pagsive, 6dBfoct ;I
4 Way Passive, IEdEI.-ru:uct

4 Wfay Pas swe 24dBIn:| ct

All-Pass selected
Bessel selected
Bullack selected

uttenwrorth selected

5% ay Passive, 6dBfoct ;I Lindowitz selected
— 3. Crogssover Litnits
First F3dE 300 [Hz] 5 Done
Second F2dB 3000 [Hz]
Third F3dB 3000.0 [Hz]
Forth F3dB 300000 [Hz] .
Fritit
—d. Passive M etwork
Riload) [20 [oh]
Hotched k-ratio I 0333 Cancel
—d4. A ctive Metwraork
Fo I 200000 [ohiu]
Co I noz [1F]




Typical crossover with corrective circuits

Crossover’s frequency response ( green components ) optimization to
selected target

M CAD Editor Horizontal =0, Vertical =0 [= 2]
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CD waveguide resonance corrections

Dr. Geddes designs use a OS (Oblate Spheroid) waveguide mathematically designed to
produce the fewest HOMs (High Order Modes) possible.

http://www.enjoythemusic.com/diy/0309/gedlee _abbey.htm
Type: 2 Way waveguide constant directivity loudspeaker

Drivers: 12-inch B&C 12TBX100 woofer and B&C DE250-8 Polyimide compression
driver

Crossover: 2nd order passive. at anporoximatelv 1200Hz. Multinle LCR networks for the
tweeter T

In Co 10,000 uF ﬁc Ewmnnn H éua 10.000 mH Emmnun H ;
R3 100 ohm - m - m - m 013 Driwer

RE 1000.0 mahm RS 1000.0 mahm R12 1000.0 mahm
C4100.0 nF '(':TC? 100.0 nF C10 1000 nF

r
=

Amplitude - dB

-30

-40

1h 2k 3k 4k Sk Gk Tk 8k 9k 10k 12k 15k 20k
Frequency - Hz

http://sound.westhost.com/articles/wavequidesl.htm#intro
Peaks around 11kHz and 16kHz can be reduced by series tank circuits




Problems with passive crossovers/corrective circuit S

Prevent the amplifier from taking full control of the loudspeaker. Crossover
DC resistance introduces losses into the circuit and affects driver’s Qt.

Passive crossover requires ideal load resistance to work like an ideal
electrical filter — driver impedance is not.

Impedance measurements and equalization often necessary.
Corrections to a bump in driver’s SPL affect impedance and phase.

Driver’'s parameters (heating, BL changes) affect crossover performance.
Qes will affect Zin(w). Re depends on temp

Practically, can only correct broad irregularities.

Complexity of the passive circuitry — needs CAD to properly analyse.
Unable to de-couple amplitude from phase.

Inductors for subwoofers are large, heavy and expensive.

Can we do better?



Foundations of Amplitude-Phase Relationship
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Dr Bode’s book

Tl @ (14 - ¥ page 307

The above equation 15 suitable for developing a computer algorithm describing phase transfer

function derived from amphitude frequency response. By expressing F(j@) interms of
amplitude and phase rather than real and imaginary parts A+ jB, the phase can actually be
deriwved from amplitude response.

F(i@) = A(@)e ¥

Where A 15 the amplitude response and yris the phase response. The abowe expression can be
re-atranged as follows:

In[F(jo)] = In[A(@)] + | ¥(o)

F(w) 1s analytic and has ne zero in the right half-plane. Neow, Bode's expression canbe
applied resulting in:

_aa,

In (@) -n 4,(@)

¥
@’ — @

3

i

D ey

It's convenient to express amplitude 1n nepers, where 1 neper = 8.686dB.

» Integral is calculated from O->Infinity.

* We need asymptotic slopes towards zero and tovwafidgy

» Passive circuits have easily determined asympt&igs+6dB/oct HP filter.

* Loudspeaker’s asymptotic slopes in SPL are mofedifto determine.

» Integral calculated from 2 octaves below and up tataves above required bandwidth.



Hilbert - Bode Transform (HBT)

(name coined 15 years ago, first implemented in Sou  ndEasy)

The frequency range of interest is split into three ranges and contribution
from each range added during final assembly of the phase response. “LF
tail”, “HF tail” and “range of interest”

User of the algorithm can visually inspect the loudspeaker frequency
response and determine the asymptotic roll-off order on both frequency
extremes.

Frequently, the loudspeaker in question has the roll-off determined by
design. For example, the final low-frequency roll-off of a sealed enclosure
Is -12dB per octave and -24dB per octave for vented enclosure. Another
one is QB3 — 18dB/oct.

In a typical implementation, the transform is driven by 4 editable parameters
and they should be selected to obtain the best match for phase and
amplitude between measured signal and calculated tr  ansform over the
widest frequency range . Typically, good match can be obtained way
beyond driver’s operating frequency range.

“A minimum phase system is one which is able to transfer input energy to its
output in the least amount of time for a given frequency response”.



Hilbert-Bode Transform: Phase from SPL on 12" guitar speaker
(appr. QB3 vented alignment)

[ MLS Frequency Domain F:\Jay'Soundeasy Mic1 Cal File With Phase Correction.txt |

SPL + PH + GD |Zin t Phase' Step Flcspunse' Mike + Preamp' RLC | Compare in Freql Post Prucessingl [tz . ety
[” Show Master Buffer

125 180 Show Phase Difference

120 180 \ MergeB|[4 wdB[

115 140 [[\\ n B "~ \ Caad o0 o

10 120 " ) \

- ERR i e B

- BN X AT

s | 0L L N A -\ i \ I%

9 40 L ,,M%m B e 2 WD W \ 0=DeiverFle 1..5=5sv

sl | L Ll ] / \ | % L 5 liemeiiien

20 | | | u | v \f\wﬂ v | N sEsiop |0

%N l \ H H \j\ A ‘ Rollof |70 __

maol an'd T N A | e

B 4 | / ) | \ inlfoﬁ ;7;0_

") Qk‘, { /\ /ﬁ y \ elay |0

I VA Capy HET To Master

% 0\ / 7\ I ] \ A ]

0 1| " A \J \ \ Y FeCiows |

45 -140 / ‘U ] \\ 7.0

0 0 / \V \/n \ 20

&b 180 / L i

g deg 5 B 8 10 20 A 40 B0 80 100 00 300 400 GO0 1k 2k Xk Bk Bk 10k 0k 30k 40k B0k B0k H

 Measurements conducted in noisy environment — SPL (red), Phase (green) VERY noisy.

* Noise more persistent in low-frequency range <50Hz.

e Cone break-up visible above 8kHz.



Hilbert-Bode Transform: Phase from SPL on RS28F-4t weeter

Bl HBT Editor Window Amplitude = 47.37 dB, Freq = 10.0 Hz, Bin =0 ) ] S

125 180 { SPL [ Phase vs. Frequency ]

1200 160 . \ \I

115 140 N

110120 \n \
109 100 \l \

100 80 \ \ \
85 60 \\\ \ \
80 40 = N '\.‘f‘ A / v\'\ﬂu’ r\)(\ \
85 20 ,// \/ \ \ \
81 0 / \ \ h

720 b / ¥ \A\\ \ \U\

70 4D \s J/ \ A

N A i \
£5 D
E0 B0 \ A vi© \
& \ \ ]
55 100 N, P ‘l
N /), \
50 420 N il
e 4 \
45 140 _'\ \ \
40 16D \\ \m
%180 e \
& deg 10 20 30 40 B0 80 14D 200 300 400 EOD Tk 3k 4k Bk Sk 1ok Jk 30k 40k He

« Measurement is FFT-windowed to avoid room reflections.
* Low-frequency roll-off is -12dB/oct (sealed box).



140

130

120

110

100

a0

ea

70

Ed

all]

40

30

20

10

ahiri

Hilbert-Bode Transform: Phase from Zin

Calculating Driver's Zin Modulus + F'hasn;/

+180 /

+150

+120 /

+30

+60

1

+30

00 —
. N

. | b

40 ) v

120 / \
150 -
/ \‘"’\ _'___..-"‘_d_.

180 - § RREs T

P

deq

| 2 3 45E 810 20 30 40 B0 807100 200 300400 BOO 1k ko 3k 4k Bk Bk IO 20k 30k 40k B0k Hz |

MLS sampling frequency = 48kHz, so measurement data valid to ~23kHz.
Sound card flat from ~22Hz up, so low-frequency noise evident below 5Hz.
Measured Zin modulus = black curve , Phase = blue curve .

Zin extended for HBT = pink curve , HBT calculated phase = red curve



Concept of the EQ Process

Multiclient Soundcard

e | Square Wave distorted by Driver

Square Wave from Gen - ST 3 .
: Channel 1 - Simulating driver

S - - - . 1

TR
fpdisans
-

Channel 2 - HET filter

I T T T

-.Channel 3 - Phase Reversal !,




The Test Signal

One of the most useful test signals in electronics is a humble square
wave.

The “ideal” square wave is a superposition of an infinite number of
sine waves, each contributing it's required amplitude and phase.

It is due to this very feature, that when passed through an audio
system, the square wave can reveal time domain performance
Issues of the system.

This is because all of it's sine wave components must be passed by
the system without time distortion , or different delays, in order to
recombine as a square wave at the output  of the system under
test.
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Real-life loudspeaker example

Measured system’s magnitude (

0-752]

Impulse Response vs. Time

1 |
| 1l eSPC
5 { Acoustical Distance: 18.633 em
5a Em 7A

SPL } Phase vs. Frequency

red) and phase ( green).
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Run MLS
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Time-domain response to 300Hz square wave

:»-;E-;:-H-E-E-i-a—a-s-§-s-i-;~-u-é--z-g-'ﬁ--;--ﬁ-t'-e-&-s-%-f-i—a-i-i-i-:-a-z-j,-a-a-z SR NE

A 3OOHZ Square Wave repreduced by th1s -------- """""" g
Ioudspeaker |s hlghly dlstogted . The rmglng |s the :

from 1kHz to 6kHz Wlth an addltlonal +10dB peak
'-around 3 5kHz : : :




Amplitude Equalizer design

An advanced tool used for linearizing a transfer function of an LTI
(Linear Time-Invariant) system is an Inverted Hilbert-Bode
Transform (HBT) technique.

Just like Fourier Transform allows you to flip between time domain
and frequency domains, the HBT allows you to move from
magnitude response to phase response and vice-versa.

| can therefore nominate a frequency range of interest within the
loudspeaker’'s magnitude response, then attach flat “tails” on the
low and high-side of this frequency range and apply this
artificially created magnitude response to the HBT.

As a result, | will get corresponding phase response, which in turn
means, that | actually have full complex transfer function
calculated via HBT.



HBT Equalizer design

SPL of the Amplitude Error Function ( thick blue line ) - notice, it's inverted already
Phase of the Amplitude Error Function ( )

Please note mathematically correct phase response a  nd it's transitions from
irregular-to-flat sections. This is the HBT in-acti on.

+15 120

+10 160

+5 140

+0 120

-5 100

-10 20

-15 60

'IIII 20 30 40 EO 80 100 200 300 400 EOO 1k 2k 3k 4k Bk 8k 10k 20k 30k 40k



Loudspeaker HBT-linearized: magnitude (  pink), phase (
(Loudspeaker remains minimum-phase)

)

SPL { Phase vs. Frequency

!1D 20 30 40 B0 20 100 200 300 400  EO0 1k 2k 3k 4k Bk 8k 10k 20k

30k 40k

Hz



Square wave passed through HBT- equalizing system

SRS RS SSTRTRTN B SRS [ BRL :—{-1-|-¢-|-i-|-1- T8 R RS SRR SRR S

Waveform of Ioudspeaker aId;ne

Waveform of HBT-edualized loudspes

P— | TLOEET SOUNCE s—————————
2 Ext Line




Inverting System Phase

SMITH, S. W. (2003) Digital Signal Processing - A Pr actical Guide for Engineers and Scientists - Page 19 4.

represented by placing a star to the upper-right of the variable. For example,
if X[f] consists of MagX[f] and Phase X[f], then X*[f] is called the
complex conjugate and is composed of Mag X[f] and -Phase X[f]. In
rectangular notation, the complex conjugate is found by leaving the real part
alone, and changing the sign of the imaginary part. In mathematical terms, if X[f1
is composed of ReX[f] and /mX[f], then X™[f] is made up of ReX[f] and
—Imﬁ“ |

Here are several examples of how the complex conjugate is used in DSP. If
x[n] has a Fourier transform of X[f], then x[-n] has a Fourier transform of
X*[f]. In words, flipping the time domain left-for-right corresponds to
changing the sign of the phase. As another example, recall from Chapter 7 that
correlation can be performed as a convolution. This is done by flipping one
of the signals left-for-right. In mathematical form, a[n] % b[n] is convolution,
while a[n] ¥ b[-n] is correlation. In the frequency domain these operations
correspond to A[f]*B[f] and A[f]*B*[f], respectively. As the last
example, consider an arbitrary signal, x[n], and its frequency spectrum, X[f].
The frequency spectrum can be changed to zero phase by multiplying it by its
c-:}mplex conjugate, that 1s, X[f]*X"[f]. In words, whatever phase X[f]
happens to have will be canceled by adding ils opposite (remember, when
frequency spectra are multiplied, their phases are added). In the time domain,
this means that x[n]* x[-n] (a signal convolved with a left-right flipped
version of itself) will have left-right symmetry around sample zero, regardless
of what x[n] is.




Inverting System Phase (Caution, use FIR!)

Original System Equalized System Frequency Eesponse
[+ jb)*(a—jby=a’ —jab+ jha+ b’ =l&* +8° ]+ j0

(a+ o] Re=lz® +4
Re=a Im=j0=10
Im="5 . .
Magnitude Re’ +Im’ =z +&° Magnitude = Re’ +Im’ = qul,:;r: + 27T +0 =l +07 =Ll + B2 )]
Fhase= —.:z’r,aa:ﬂIE FPhase =1

Ee

Equalized System Frequency Eesponse with Magnitude Forced to 1.

g+ jh ¥ (a— ihi=Ae " *Me™" i M =1 then
M *Me™ =M 2 M =M
Magnitude = M

Fhase =11



System Inverse Phase Function: magnitude (

FIR filter can do this

+15 180 SPL ! Phase vs. Frequency

+10 160
+5 140
+0 120
5100
-0 &0

-15 60

!1D 20 30 40 60 B0 100 200 300 400 GO0 1k 2k ak 4k

red), phase (

Bk Gk 10k 20k 30k 40k

Hz




Inverting System Phase

We have now created a perfect phase-reversal device with flat amplitude response -
System Inverse Phase Function — see figure above.

Flat amplitude response requirement is important here, because at this stage, we do
not want any more amplitude corrections. We have done this already in the previous
stage, using our HBT-based, Amplitude Error Function.

I/l Enter loop with HBT-equalized filter: Filt[i] = Filt[i].real + j * Filt[i].imag

for(i=0; i< PARTITION_SIZE USED; i ++)
{ /I Calculate conjugate phase filter
c = atan2( Filt[i].imag, Filt[i].real );
a=1*cos(c); // real part, magnitude = 1
b=1*sin(c); /[ imaginary part, magnitude = 1

/[ Substitute Filter variables before multiplication
A = Filt[i].real ; /I real part
B = Filt[i].imag ; /[ imaginary part

/[ Perform multiplication with conjugate  : (A + jB)*(a - jb)
Filt[i].real = a*A + b*B; /] real part, phase-linear
Filt[i].imag = a*B - b*A; /[ imaginary part, phase-linear

}



Conclusions — “two-step” equalization

Step 1. Amplitude Error Function (Inverse HBT)
Step 2. System Inverse Phase Function (Conjugate w  ith magnitude=1)

SONCE p—— ACtive CUMSOr ——
" 2 V1 vV 2 t 1 t 2




Conclusions

Implemented two-stage equalization technique  removes driver-induced
time and frequency domain distortions.

The resulting outgoing square wave is almost perfectly recombined from
individual sine waves constituting the input square wave.

HBT-based, Amplitude/Phase Error Function can be equally applied to
smooth the magnltude and phase response of non-minimum phase
systems, such as multi-way loudspeaker system, complete with
Crossover.

Minimum-phase system (driver) remains minimum-phase and non-
minimum-phase system (loudspeaker system) remains non-minimum
phase.

Also, the System Inverse Phase Function inverts the phase of the
complete system, as it was measured, and regardless of the trajectory of
the phase response. Consequently, the whole two-stage equalization
technique is fully applicable to multi-way loudspeaker systems.

Using two-stage approach allows us to trade phase linearity for
latency . Max tolerable latency for AV lip-synch is ~180ms.



Conclusions
Example of a fully equalized SPL and phase of a 2-w

ay loudspeaker
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Loudspeaker Equalization Strategies

Do not equalize frequency response at all — just use UE as an active
crossover, and get full benefits of an active system.

(1) and add alignment of acoustic centres by introducing correct delays to
midrange and tweeter.

Use built-in peak / notch / shelving filters to provide broad equalization.
Up to 32 CAD elements can be used in each loudspeaker system.

HBT Equalize at single point on the design axis, say 1meter or 2 meters.
This will ensure ideal equalization at this point and very good EQ along
the design axis.

Perform multiple measurements at +/-15deg horizontal, and use the
average to equalize. Horizontally symmetrical loudspeaker
recommended.

Perform minimum-phase equalization or linear-phase equalization.
Linear-phase results in much larger latency.

Use BBM (Binaural Bass Management - AES Preprint 6628) for
enhanced bass management.



Room Equalization
(Complex problem with many issues involved)

High performance loudspeakers = first-arrival flat within 100Hz - 10kHz in
room. Need “room friendly” (constant directivity?) loudspeakers.

Loudspeaker in room excite room modes - modes influence the character of
the sound.

At mid and high frequencies modal density is high, mods overlap, room
response diffuse.

At low frequencies modal density is low. The room imprints it's own
characteristics on the sound quite profoundly (<200Hz).

Summation of direct and reflected sound will produce amplitude variations
at the listening location that can span 30-40dB in magnitude — non minimum
phase.

The lower frequency of the sound wave, the more minimum-phase
characteristics will be exhibited by the room.



Steps Towards Improvement

Follows Ph.D. Floyd E. Toole paper:
http://www.harmanaudio.com/all about audio/acoustical design.pdf

First - start with a good room
Secondly — use good speaker (smooth, extended bass response).
Thirdly — employ a DSP to put the “icing on the cake ”

Desirable to have some form of a “detector”, that would indicate frequency range(s)
where the room is definitely exhibiting minimum-phase characteristics.

Application of a minimum-phase DSP process to control room modes, inevitably
results in injecting less energy into the room within the correction frequency range.
Resolution of 1/3oct is not sufficient. 1/100ct -1/200ct is recommended.

Low frequency active absorber will reduce the SPL at modal frequencies, but for
users favouring modal gain, it may also create a perception of lacking decay at those
frequencies. It's like - well, where has the bass gone?.

Some researchers suggest, that equalization, that results in notches deeper than -
6dB should be applied with caution, as this would reduce node’s original RT60 by
half. Room reverberation below 0.3s results in unusually “dead” acoustics. As always,
extensive listening tests are the best criteria




Implementation of the Room EQ
Room equalization strategy

What are the frequencies where we can deploy the eq  ualizer.
What are the locations, where the sound is expected to be improved and
How much equalization we should provide.

The first step in approaching room equalization process is identification of the
minimum-phase regions. A minimum phase system is one which is able to transfer
input energy to its output in the least amount of time for a given frequency response.
Then system’s response can be inverted by minimum-phase EQ.

If we have a system such as this, then we can create an “Inverse filter”, which in
combination with the system’s transfer function, would produce a flat frequency
response and correct the phase response as well. This is quite simplified view, but
sufficient for our purpose. So the minimum-phase property of the room would qualify
the usage of our room equalizer.



ldentifying Minimum -phase regions

 Looking at the measured amplitude and phase responses of the loudspeaker in the
room alone, it is not possible to determine the minimum-phase regions.
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ldentifying Minimum -phase regions

Examining the flatness of group delay would bring us a step closer to determining
the minimum-phase regions, but still no good.

Excess group delay . If we were able to create a system, that has the same
frequency response as the measured one, but is definitely a minimum-phase type, we
could then create a differential phase response by subtracting phase re sponse

of such system from the measured phase response.

Now, if the measured system was a minimum-phase type, then the excess group
delay, based on differential phase response would be a flat line.

Conversely, any deviation of the excess group delay from a flat would indicate, that
this frequency range is the non minimum-phase type. Thus we have just laid down
the principles of our “minimum-phase detector”.

The minimum-phase system is created by taking a HBT of the measured
frequency response. The HBT will output a minimum-p hase phase of the
measured system. We will then use this phase respon  se in our calculations of
the excess group delay.



ldentifying Minimum -phase regions
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Spatial averaging + Equalization Threshold (black curve)
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Being guided by the excess group delay graph, we should avoid equalizing the room
response around 40Hz and 170Hz. SPL below black curve will not be equalized



Room Equalization Transfer Function

@. Ultimate Equalizer Frequency Domain, 16 Outputs
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Room Equalizer’'s complete Minimum-Phase (brown curve) and Linear-Phase (blue
curve) transfer function.



Summary of Room Equalizer function

Minimum:-Phase Room Equalizer: Ampl = 90.00 dB, Phase = 0.000 deg, Freqg = 11.2 Hz
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Controlled Acoustic Bass System (CABS)
(described by Nielsen in: hitp://vbn.aau.dk/files/62729248/LF sound field control.pdf)

“...Create and maintain a plane wave propagating from front to rear. When the plane wave hits the rear
wall another set of loudspeakers close to the wall will create a delayed version of the frontal signal but
in opposite phase and with a proper gain so the reflection at the rear wall will be cancelled..”

Front-Left Subwoofer Front-Right Subwoofer

Delay proportional to

distance between front
and rear subwoofers \
™
|
£ N
al [} |
1 )
\ |

Rear-Left Bass Sink Rear-Right Bass Sink

“...Listening to music being played instead of a single frequency clearly shows that with CABS the
booming bass is removed in the source room and clea rly reduced in the neighbour rooms  ...”



Controlled Acoustic Bass System (CABS)

Nielsen’s results Kelin+Hummel in 0800 Subwoofer User Manual
ARAM- Active Room Absorption Module

Figure 2. Simulation of 44Hz in room A |
Left: CABS off (0.2.0) Raght CABS on (0.2.2)

The bass coverage is much more even throughout the
room with the addition of a second subwoofer in the
front of the room. However, the troublesome
resonance is not yet suppressed.

3% = M
P e pT— '_'_ a_u_n-u.-u-i-q. I-.d.I-liubtu-\l
Figure 3. Measurements in Room A at 23 positions : 1T
Left: CABS off (0.2.0) Right: CABS on (0.2.2) X
=
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Figure 4. Measured cumulative spectral decay in
room A in one point. _ _ The addition of the ARAM subwoofer in the rear of the
Left: CABS off (0.2.0) Rughi: CABS on (0.2.2) room produces an even distribution of bass across the

room and over a wide frequency range



Room EQ Strategies

Do not equalize frequency response at all — just use UE as an active
DSP crossover with HBT equalizer, and get full benefits of an active
system.

Use built-in peak / notch / shelving filters to provide broad equalization.
Up to 32 CAD elements can be used in each loudspeaker system. Even
complex room EQ can be created this way.

Equalize at single point.

Perform multiple measurements at up to 6 locations, and use the average
to equalize.

Perform minimum-phase equalization or linear-phase equalization.
Use CABS approach to “sink” bass energy at the back of room.

Use both: RoomEQ + CABS.



Examples of UE Systems
24bit/48kHz 5.2HT Audio Server with Analogue Amplif  iers

McCauley 18" 6174 subwo ofer

2-way Front Right McCauley 187 6174 subwoofer

[ e
- @
@

2-wav Front Left

6 2x200W

I Subwoofer

amplifier

—

k3><100‘n"‘n' + Tx50W
Surround amplifier

5
Up to 10m distance

N\

2.4GHz Wireless Keyhoard 2-way Rear Right
working as "Remote Control”

2-way Rear Left

2-way Centre Speaker



Examples of UE Systems

24bit/48kHz 5.2HT Audio Server with Analogue Amplif

iers
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Evolution of the UE Systems
24bit/96kHz Digital Systems

|||||||||||||||||

2.2 BBM

2.4 BBM+CABS



Evolution of the UE Systems
24bit/96kHz Hybrid (Analogue/Digital) Systems

7.4 BBM+CABS



24bit/96kHz AES/EBU Audio Server with DSP
Loudspeaker Management System

System presented here is a complete audio playback system of studio quality.
Complies with  http://www.aes.org/technical/documents/AESTD1001.pdf

Realization involves only basic mechanical assembly with plug-and-play components,
and can be easily accomplished by a DIY enthusiast.

2-way Right McCauley 18" 6174 subwoofer
" L]

MeCauley 18” 6174 subwoofer 2-way Left
. L

Audio Server + DSP
Loudspeaker Management
System + LynxAES16 soundcard

=, HP Wireless

) 3 x AES/EBU digital links % mini keyhoard

|'
|

24bit/96kHz AES/EBU Audio Server with DSP Loudspeaker Management System




0.2 Subwoofer system

A HELT

Subwoofer Left with
PWRE-ICE 125 AES/EBU
amplifier

AES/EBU PWM amplifier in each box.

AEY LIRK

Subwoofer right with
PWR-ICE 125 AES/EBU
amplifier

McCauley 6174 drivers in 300 litre vented (20Hz tuning) boxes with PWR-ICE 125




Left / Right Loudspeakers

AES-EBU links to PC

Two-way left Two-way right
loudspeaker with loudspeaker with
PWR-ICE 125 PWR-ICE 125
amplifier amplifier

2x8” woofer drivers + 1” tweeter driver with PWR-ICE 125 AES/EBU PWM amplifier in
each 50 litre vented box, tuned to 45Hz.



Some of the characteristics of the system

24bit/96kHz, studio quality processing system.

Active system — allows amplifiers to exert maximum control over loudspeaker driver
and makes crossover characteristics independent of driver loading.

AES/EBU, or SPDIF links between all system components.

HBT equalization of individual drivers to achieve flat frequency response.

Linear acoustic phase for transient-perfect/image-perfect loudspeaker system.
Precise time alignment of acoustic centres.

Room EQ + CABS for sensible equalization/reduction of most offending room modes

Practically unlimited loudspeaker voicing capabilities (all in linear-phase) executed
with mathematical precision of a DSP software engine.

Efficient PWM amplification system.

Then, there is a very important, non-technical aspect of audio server. CD purchases
are in massive continual decline these days — and for a good reason. The move to
the internet-purchased music files started several years ago and is seen as the only
way forward. Music files can be as popular as MP4 (good improvement from mp3)
purchases from iTunes, right down to 24bit/96kHz high-end music files provided by a
number of sources on-line. It's convenient, but not only that. You can preview and
purchase only the songs you like — rather than the whole CD. And this is a significant
cost saving.
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PC and Audio Codec
ASUS P6X58D-E motherboard, Socket 1366, which can accommodate Core™ 7/960

ocessors. http://www.asus.com/Motherboards/P6X58DE/
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3 Feady
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Motherboard SPDIF output is looped
back to LynxAES16 Digital Input 1



PC and Audio Codec
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The ASUS Realtek Audio Manager is set to Digital Audio (Optical) and 24bit/96kHz sampling.
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44.1kHz SPDIF with 200ns time-base 96kHz SPDIF with 200ns time-base.



The LynxAES16 PCI soundcard

Mixer | Settings  Window

v Status Bar

Always on Top
Driver Options. ..
Level Meter Range

Dual Wire In
Dual Wire Out

Recard Dither Type
Buffer Size

Allow Clock Change if Active
v SynchroLock™

SRC Match Phase
v SyncSkart™
v Memory Read Multiple

Mixer Lock

Lynx AES16 AES/EBU PCI digital soundcard, and sound card settings.
® sound 1I x|

Playback |ﬁecurding I Sounds I Communications I General I Levels I Enhancements  Advanced |
Select a playback device below to modify its settings:  Default Farmat
0 Select the sample rate and bit depth to be used when running

in shared mode,

P Test |

Play 03+04
Ly AES16-SRC
Ready ~ Exclusive Mode

Play 05+04 ¥ allow applications to take exclusive cantrol of this device

Lyrx AES1E-SRC

vV Give exclusive mode applications priority
Ready
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Lyt AES16-SRC
Ready

Play 09+ 10
Lyrix AES16-5RC
Ready
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The LynxAES16 PCI soundcard

Does it work OK when Windows Media Player is active? — hopefully yes.

The following information should be displayed by the Lynx Mixer.

we connected the motherboard audio link. The “Rate Select” is set to 96kHz.

Please note, that “Preferred Clock Source” is selected as “Digital In 1" — this is where

Lynx AES16 Mixer - Adapter B

X

Sample Clock,
Current Source | Digital In 1

Current Rake| 96,0 kHz

Rate Select I'EJE-IIIIIIEI '1r|

Rate Lack [

Synchrolock™ | L :
= 2

Preferred Clock Source
" Internal

" External | Mot Present

" Header Mot Present
" LSkream Im
(* Digital In1 | 96.0kHz
" Digital In 2 | Mot Present
" Digital In 3 | Mot Present

™ Digital In 4 | Mok Present

PCI| 33.6 MHz

Lock

Yalidity

Parity

pigtalIn 1 5/ 1F [ Walid ) [£70K 1) [0k 1 [T [ fF [

3 CRC

Tvpe  Emphasis

Rate

Clock Pate

Hz Im

Digital I 2 [Linfocked |

| Mok Fresent

Digital In 3 [Unlncked |

| Mot Present

Digital In 4 [nlacked |

| Mok Frasent

Digital In 5 [Unlocked |

| Mok Present

Digital I 6 [Linfocked |

| Mok Present

Digital In 7 [Unlacked |

| Mot Present

Digital In 8 [Unlacked |

| Mot Fresank

SRC
Enable SRC Ratio
T | SRcoff
[T [ SRcof
[ SRCofF
[T [ SRcoff

Digital Out 1 W valid
Digital Out 2 ¥ valid
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Digital Out 4 v valid
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Setting up PWR -ICE125 Amplifiers

2.1.4 Chaonnel Mode
The PWRHACE 125 wns o 1 x IMN, 2 x OUT D3P configuration and will cperate under 3 modes selectable from the GUl of the plug-in

Channel 2 (R) Mixed L&R

Channel mode : € channel 1 {L)

Channel 1 (L} Mono input from BCA unbolonced Left, analog XLE input 1 o Digital AES input Left
2 of Digital AES input Right

Chonnel 2 [R): Mono input from RCA unbolanced Right, analog ¥LE input
Mixed LAR (Mixed): Mixed input of ECA unbalanced Left & Right, analog XLE input 12 2 or Digital AES input left&nght.

237 Digital Link OUT
The digital Link QUT of the PWRHCE is a “ouffered” AES output of the Digital IM. ¥'s an AES-Cutput allowing 2 x plafte amplifiers to share

Audio. It could be uvsed for a sterso configuration or dual Subwoofer.

MNOTE: The Digital Link OUT is only o buffered ocutput of the digital Input. Unless yvou have o digital input (AESFSPDIF) on XLRE2, this

output will not be enabled.

AES INPUT
AES LINKE
Ll _'!
@3 (0, 1] ceo 2
o 8




PWM Amplifier Phase Response

Frequency Response (SE-mode)
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Figure 3: Frequency response in 40 (blue), 82 (green) and open load (red). Top — amplitude. Bottom - phase.

If the design aim is a minimum-phase system, then the rolling phase response of the
PWM amplifier can be disregarded.

However, in a linear-phase system, the phase irregularity needs to be compensated
for. The design strategy for accomplishing such compensation is as follows.



PWM Amplifier Phase Response

Introduce an extra phase roll-off, which mimics exactly the phase roll-off of the PWM
amplifier.

Therefore, the inverted HBT method for phase linearization, willo  vercompensate
the phase by the exact amount of the extra phase roll-off.

Consequently, when the complete chain of devices: the loudspeaker + crossover + PWM
amplifier + overcompensated inverted HBT phase response is played through, the final
phase will be a flat line at Odeg.

Here is an example of the extra device inserted in the tweeter DSP processing path.

* | Buktemwiorthk

F1:1000.0 Hz

FZ: Zz000.0 Hz

g Gain: 0048

............................... LMo File Loaded .
o HOT Plot

F1:100.0 Hz

FZ:A000.0 Hz




PWM Amplifier Phase Response

126 180 &0
SPL
1200 160 340
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PWM Amplifier Phase Response

« 500kHz PWM amplifier switching component still being present on the output?.
« Without additional filtering there may be up to 3Vpp of 500kHz present in the output.

o Simple LC lo-pass filter with 25uH coil and 150nF capacitor, will improve suppression of
the carrier significantly. This additional filter, will increase phase shift at 20kHz beyond
the specified value, and again, may need to be taken into account for linear-phase
designs. The effect of this additional filter also needs to be compensated in the Ultimate
Equalizer. More information on PWM output filtering can be found in:
http://www.ti.com/lit/an/sloa023/sloa023.pdf

o http://pdfserv.maximintegrated.com/en/an/ANG624.pdf

1 1.00V

VP p(H=3.004 ¥ Vo-p(D=343.80V : . ' VP p(2=25.31 ¥ Vo-pl1)=21.56 V

Trigger Source Trigger SoUrce e

i SN
1 Ext Line i i Livw

Bottom: 500kHz component before filter, Bottom: 1kHz tone + 500kHz component
Top: after filter — 1V/div before filter, Top: after filter — 10V/div



Loudspeaker Management System — UE6 DSP engine

Large selection of filter configurations and types, and the ability to cascade them any way
you like.

Cascade other filtering elements, like notches, shelving and peaking elements with
adjustable Q-factor.

Each one of these long chains can be applied as a filtering channel for individual driver in
the enclosure.

In order to visualize the whole crossover, you would simply pick filtering elements from
the available tray of components, and then place and link them on the screen to

effectively built the whole crossover as a block diagram with interconnected filtering
elements.

|Eh Stereo System Configuration

eszel iE3sE
. | LP-6dBRoct | LP -BdBict o
Fo: 10000 Hz  Fo: 1000.0 Hz

..... LP -Gdfioct 7
Fo: 10000 Hz Fo: 1000.0 Hz

Ao File Loaded
Ok Ta Fldt
2 F1:20.0 Hz

Fa: 2000 Hz

LM File Loadsd |
O Ta Plat

B 3 b File Loaded .
Fo: 10000 H: Fo: 10000 He | Fo: 10000 Hz Fo: 10000 Hz Tk To Plot
E o o o E [ ) F1:20.00 Hz

F1: 200.0 Hz

. Gain: 0.0 dB | |

Bessel
LP -GdBioct

b
DK Ta Flot
1 F1:320.0 He

Fi: 200.0 Hz

Front-Left = = |Front-Right




Loudspeaker Management System — UE6 DSP engine

The “tray” is shown to the right. To keep things simple, there are only three active
elements, using which you can built the entire crossover

and room EQ.

Schematic pick-and-place component tray
or use one of 17 pre-set configurations

:_fj Ultimate Equalizer Frequency Domain, 16 Outputs
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Loudspeaker Management System — UE6 DSP engine

Filter And ¥oicing Element Data

—Filter Configuration -----------mmmmmmemev Filter Type

LFP -12dBfoct
LF -12dBfoct
LF -244B/oct hd

—Element cut-offf center frequency

I 10000 Hz

D-Circuit and Shelwing -
_‘ Crain | 10000000  dB

[ Ey-pass This Element

Q/R | 0.000000

| Caticel I Done |

Large selection of built-in filters

#l Ultimate Equalizer ¥5.0 - C2 O] x|
File  Import/Export Data  Driver Files
System Design Playback  Measurements  Help

x
It s —me e Chatpats
0dB FL Ok
. 0O
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24 SB OK
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il T G
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Gain = 0dB (1.000)
Rl | A
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PLAY STOP
FProfile Loaded:

After the system has been designed, UE can be switched to “Playback” Mode.



UE MLS Measurement System
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M Driver Transfer Function

Typical Measurement Results

UE Technology takes us from a typical level of driver’s performance...
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SPL/phase measurements of woofer and tweeter in a 2-way system.
to this level of performance.......
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Typical Subwoofer Measurement Results

N HBT Editor Windows Amplitude — 71.78 dB, Freq — 10.0 Hz, Bin — O
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Typical Time-Domain Measurements
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5ms Impulse in Minimum-Phase Mode and Linear-Phase Mode

The minimum-phase version of the subwoofer has converted the clearly asymmetrical
pulse into a much more symmetrical bi-polar pulse with post-ringing



Working UE5 Prototype




Summary Comments on the System

Advanced, linear-phase audio system, which meets current and future requirements
for handling digital music files of any type — Windows Media Player.

Maximum DSP capabilities with LynxAES16 sound card are 2x8way system, and
output power for each channel is determined by the PWM-ICE amplifier configuration
from miniDSP.

The prototype described here delivered frequency response between 45Hz — 21kHz
(+/- 0.8dB), using quite average drivers in the 2-way stereo loudspeakers. And it
delivered 16Hz — 200Hz (3dB) bandwidth for the subwoofers.

Sensible room equalization may be required for your AV room. Just to neutralize the
most offending room modes — that’s all you need there.

The ease-of-use is guaranteed by the media player functionality. Downloading your
favourite music files and grouping the files into play-lists, guarantees, that you'll never
pay more for your music than absolutely necessary.



ON / Off-axis Equalization

All subsequent measurements were conducted in-room.

Due to FFT windowing, the low-end of the frequency response is missing in all
plots .

This is unfortunate, as the HBT equalization performs very well in the low-end for all polar
angles but you’ll not be able to see (and compare) these benefits on subsequent plots.

%l Ultimate Equalizer Frequency Domain, 8 Outputs
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ON / Off-axis Equalization
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WTW loudspeaker with HBT equalization to 30000Hz

155180 e S — -
@ i KTk
. ‘
0
: 5
[‘:#
5 e i
s o s
HELE C\ o
o e e _,/
] 4
40 ;
& o |
0 |
5 m
80 120 - il
5w
0 8 i

SPL with 96kHz sampling

I )ALS Frequency Domain
SPL + Phase | Zin + Phase | Step Response | Mike + Preamp | RLC | Compare in Freq | Post Pracessing

Odeg/1m

15 100 . . g =
2 10 ; i 1
115 140 Git 5
0 120 ; i 0
105 100 ]
100 80 4 S 0
: B em g

5 50 - S R Mecnate amee, L
o R oo i 100cm t K
2 & il ML -

e e T e N L

o ol

0|

5.0

8 10 T & 10 A0 W 40 B0 ik Xk 4 Bk & Ik M Mk 4k 60 ek H |

50cm, 100cm, 210cm



WTW loudspeaker with HBT equalization to 30000Hz

Frequency Domain
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What’s New in Ultimate Equalizer V6?

 Implemented CABS hitp://vbn.aau.dk/files/62729248/LF sound field control.pdf

Also known as ARAM — Active Room Absorption Module http://www.neumann-
kh-line.com/klein-
hummel/globals.nsf/resources/o800aram bda e 517277 rev 231106.pdf/$File/o800ara
m _bda e 517277 rev 231106.pdf

There is also Convention Paper 7262, “Multi-Source Room Equalization: Reducing
Room Resonances”, John Vanderkooy

o Effectively, UE now offers two methods of room equalization , that can be used
together in minimum-phase or linear-phase modes: CABS and FIR inverted filtering.

e 16 partition convolution engine  — for longer IRs, therefore better low-frequency
resolution. Should reduce latency in Minimum-Phase Mode. The original 8-partition
option still available for the lowest latency.

 Long Channel Delays: 0-168ms delays. This feature allows for adding long delays
to each channel for creating special “echo” effects in QUADRO (or other)
configuration.

o 7.1 HT system configuration available . Also 7.2HT (BBM) and 7.4HT
(BBM+CABS) systems available.

« Upto 1.47Hz low-frequency resolution

e Supports 16-channel LynxAES16 digital sound card and Deltal010LT analogue
sound card.

 Runs Windows audio engine in WASAPI Exclusive Mode.




7.2 HT system with BBM

1.2 BBM System Configuration
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7.4 HT system with BBM + CABS

Side-Left and Side-Right loudspeakers are wideband drivers eg: Dayton Audio
PS220-8 8" Point Source Full-Range Neo Driver, 40Hz-20,000Hz. ~$130.

http://www.parts-express.com/dayton-audio-ps220-8-8-point-source-full-range-neo-
driver--295-346




Testing / assembly PWR -ICE Amplifiers in pictures.



Keele-Horbach Crossovers

http://www.linkwitzlab.com/Horbach-Keele%20Presentation%20Part%202%20V4.pdf




Keele-Horbach Crossovers



Keele-Horbach Crossovers

Complete Keele-Horbach Crossover in UE ->



Summary



Summary

UE Technology takes us from a typical level of driver’s performance......

SPL/phase measurements of woofer and tweeter in a 2-way system.
to this level of performance.......



Summary



Summary

20Hz square wave: Minimum-Phase Mode and Linear -Phase Mode

5ms Impulse in Minimum-Phase Mode and Linear-Phase Mode

The minimum-phase version of the subwoofer has converted the clearly asymmetrical
pulse into a much more symmetrical bi-polar pulse with post-ringing



Thank You For Your Attention



