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Abstract

Sound output from a loudspeaker system is seri@affdgted by the presence of the cabinet due to
diffraction of the propagating waves at the edgéhef cabinet. The study introduces a model for
diffraction and compares the results to measuresndifte model is refined to include high-order
diffraction components and is compared to an exgstliffraction model. Diffraction theory from
the optical field is reviewed and used to deterntiveediffracted signal.
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1 Introduction

This document targets the problem of diffractiontled sound waves around a loudspeaker
cabinet and presents different methods to solveitbielem.

1.1 The author

My background is somewhat different from my fellsiudent due to the twenty-plus years of
professional experience within the electronics siduwhere my main concerns have been
the design of analogue and digital circuits, prograng, documentation and hardware
prototyping.

"t"' "
| decided in 2004 to quit my present employment asslgn for the “+2” two-year education
programme at DTU thus upgrading nBachelor of Science in Electronics Engineering
(Danish: Akademiingenigr, Elektronjkto Master of Science in Acoustical Engineering
(Danish:Civilingenigr, Akustik for which the current document represents myl fimaject.

| am married to Hanne, who | met at a musical ecauesated to our common interest, which
is renaissance and baroque music.

1.2 The idea

High-fidelity sound reproduction and electronic necas instruments have been the two most
important factors for selecting the area of eledtte engineering and | have built countless
amplifiers and loudspeakers for testing variousasléMy interest was however put on wait
while | was occupied within the electronics indydiut was restored to life during the present
study at DTU where two 3-week courses have beentddwo loudspeaker cross-over filters
and the study of resonances within an ancient ralisistrument.

Sound diffraction has been a mystery to me for gyeBopular magazines and links on the
Internet address the subject now and then but ofdke articles are considering loudspeaker
cabinet diffraction as aiinessthat can beuredusing an electrical filter raising the bass; but
this seemed to be far too easy an explanation,hwhigde my curious. Hence, | decided to do
my final project studying loudspeaker cabinet dittion.

Initial reading showed that the direct sound frdra toudspeaker was followed by an echo
and that the delay was related directly to theadist from the loudspeaker to the edge of the
cabinet. Hence, the idea originated representinddpeaker cabinet diffraction as a reflection
from the edge of the cabinet and this study ocauhie first part of this document.
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Diffraction is a well-known problem within the opdil field so | studied the subject and found
the theory usable for the study of loudspeakerneghiliffraction. Hence, the second part of
this document, which deals with the wavelet model.

1.3 What is diffraction

A common assumption within architectural acousscthat waves propagate through straight
lines (rays) and that large and rigid surfaces lblpmpagation of the wave thus creating a
sound shadow behind the obstruction. Accordingni®theory there should be silence behind
a wall but sound waves do reach to the listenehniwithe shadow zone; and this is due to
diffraction of the wave front close to the edge of the obsisac

Sourct
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Figure 1 — An every-day situation with noise from amotor vehicle reaches the uppermost
listener directly. The lowermost listener cannot se the source but he receives anyway noise
from the road through diffraction at the upper edge of the obstruction.

A definition is offered by J. R. Wright: “Diffraatn is the change in direction of propagating
of a wave front due to the presence of an obstacldiscontinuities (with no change of
velocity)”. Diffraction is occasionally confused Igfraction, which is the change is direction
due to a change within the velocity usually causgd change of medium.

Diffraction
Transmissio «—— Reflectior

Sound
source|

Direct soun point

Shadow Front
zone side
Rigid cabine

Figure 2 — The sound travels directly to the obsemation point from the sound source but the
signal is also diffracted at the edge and travel®tthe observation point through another path
causing interference when the signals are added.

Sound output from a loudspeaker reaches a disaotytiat the cabinet edge where it is being
diffracted thustransmitting sound power into the shadow zone behind the lealsy and
reflecting sound power back into the front side where itrietes with the direct sound. The
objective of this study is creating models for ttiéfraction caused by the edges of a
conventional loudspeaker cabinet.
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1.4 The document

H. F. Olson studied diffraction from loudspeakebioats back in the 1950’ies and several
papers have been printed in professional magazmes) as the journal from the Audio
Engineering Society, and have been an inspiratorthfe current project. However, the basic
idea was to study the effect of diffraction fronudispeaker cabinets and testing my own ideas
and thus not just reproducing the findings of otlnathors. | do refer to selected works but the
major part of the study is my responsibility andewtthis is not the case, | add the name of
the reference along with the page number in paesigh

Some basic knowledge of acoustics is requiredhigrstudy and | found it valuable to explain
this fundamental theory using my own words; palease referencing within the document
and partly to structure my mind. The theory isadtriced in theAcousticschapter, which
presents the wave equation and the concept of iamped defines the point source model to
be used throughout the study and finally touchesnuine hearing threshold needed for
discriminating between audibility and inaudibility.

Simulations are be related to measurements toroorfie theory using a set-up constructed
within the large anechoic chamber at DTU and thseiltas presented in thieleasurements
chapter and is used for comparison to model priedist A small test run was conducted in
my home and is also reported.

Initially were three models considered; thdge diffraction modelwhich introduced the
author to the field of diffraction; aanalytical modelwhere the wave equation should have
been solved but this project was cancelled; arallfinhewavelet modelwhich is based upon
results from the optical field.

The edge diffraction modehas its origin from reading of popular magazinegecing high-
fidelity sound reproduction, and is the authorsaduction to the subject. The model is based
upon a common approach within the popular litemtegarding diffraction as reflection from
the edge of the cabinet thus interfering with tirea sound at the receiving point. The idea
of edge reflection is supported by other authorsaueflection-based theory has not been
found in the available literature, which is focugson the wavelet theory and the reciprocity
principle, so | am “left alone” within this chaptand cannot disclaim the responsibility. An
equation is derived to determine the sound predsutige front side of the baffle as well as
within the shadow zone and is enhanced into a naalenodel with fairly good experimental
results for the on-axis response but the moded f#flaxis for large angles. The chapter ends
with a brief study of thdistributed edge diffraction modbi/ Urban et al.

The analytical modeloriginated from the mathematical course Partidfeential Equations,
where a solution method based upon the integralsfoamations showed that the wave
equation could be solved despite the presencalsicantinuity within one of the coordinates.
This solution would have been a nice complementh® present study, but the required
mathematical skills were unfortunately not with@ach of the author so this model could not
be finished and the subject was terminated to sakeble time for the remaining part of the
study. Some of the fragments are presented inghberalix but come without a conclusion.

The wavelet models based upon material from textbooks within tleddf of optics where
diffraction is one of the limiting factors for thebtainable resolution and was expected an
important part of the study. The wave front is mtetethrough infinitesimal point sources,
wavelets, which are integrated at the observatmintpnto the received frequency response.
The optical field is typically operating with nawdrequency ranges and short wavelengths

drsted DTU — Acoustical Technology 8



Loudspeaker Cabinet Diffraction

thus enabling the use of simplifications whereas flequency range within the acoustical

field covers several decades and the wavelengéhsemy long so the theory must be adjusted
to fit the objective. The theory is separated imteo sections concerns the far-field

approximations and the near-field approximationd #re results are combined in a final

section. Partial results are the derivation of thdiation pattern for a loudspeaker in an
infinite baffle, which is a nice way of verifyindh¢ usefulness of the wavelet model and a
model for the frequency response of diffractiomgsan infinite edge.

All frequency responses are calculated and plotigidg the MATLAB tool, which is an
efficient programming language for mathematicalopgms. The major software routines are
documented within aSoftware chapter and a finalAppendix contains miscellaneous
mathematical background materials.

This project was scheduled to last five months,ciwhs the minimum length for the master
project at DUT and corresponds to 30 ECTS pointzofding to my log | have used some
750 hours of work for the project, most of whichsisgpent working at home.

1.5 Acknowledgements

I would like to thank my supervis®iinn Agerkvinstfor discussions, help, advices and first of
all patience; | prefer to work alone and thank j@uaccepting this.

| want to thankFinn Jacobserior discussions on radiation impedance and forctraments
during the mid-term presentatio@ve Skovgaardor help attacking the wave equation and
Jargen Rasmusdnr assistance with the test equipment.
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2 Acoustics

A collection of acoustical background material isgented in this chapter for use throughout
the document. The chapter presents a brief desivati the wave equation, which is followed
by the solutions for the plane wave and the sphkm@ve. The concept of impedance is
presented and used for derivation of the sphepoait source. Using the loudspeaker as a
point source is discussed and the reciprocity plads introduced to simplify the set-up of
the measurement.

2.1 The wave equation

In this section the physical principles of Newtos&cond law, the gas law and the laws of
conservation of mass are combined into the threeedsional wave equation. The derivation
is based upon Beranek (pages 16-24).

2.1.1 The equation of motion

A small “box” of air (Figure 3) is situated in a diem where the sound pressyrehanges
along thex-axis at a ratio of p/ x. The vector representation of the change, i.egthdient of
the sound pressure along the axes of a rectantpdadinate system, is:

g P, g P, g P_ga

S Oy oy dp)
The gradient of the pressure is a force that actele the box of air. The pressure gradient in
thex direction is the gradientp/ x multiplied by distance x, as (p/ x) X, and the resulting
force on the box of air is the pressure gradienitipied by the area it is working against, i.e.
the area y z The box will be accelerated in the direction frbigher to lower pressure so
the resulting force becomes p( x) x y zalong thex-axis. The productx y zrepresents
a volume of air, V, so the general expression of the force actintherbox becomes:

F=- & %Dx DyDz +€, %W DxDz +&, %Dz DxDy =- DV gradp)

Newton’s second law of motion states that forceaésjmass times acceleration. Mass is the
density of the medium multiplied by the volume V, and acceleration is the time-derivative

of the velocity vectou, soF = V u/ t. Hence, the force per volumehk$ V= u/ t, and
sinceF/ V = —gradp), according to the previous equation, it followatt
flu
ra =-r— 1
gradp) i

This is the equation of motion and it relates sopragssure to particle velocity.

2.1.2 The gas law

Whenever a portion of gas is compressed rapiddyteinperature increases, and when it is
expanded rapidly, its temperature drops. This ating to the gas lawRV = RT, which
relates pressure and volumeéV to the absolute temperaturavith R being the gas constant.

At any one point in an alternating sound field, tamperature rises and falls relative to the
ambient temperature. At points separated by onevavelength, the fluctuations will be
180° out of phase with each other. The questiageariis there sufficient time during one-half
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an alteration in the temperature for an exchandeeat to take place? It has been established,
that under normal atmospheric conditions the spéeddavel of a thermal diffusion wave is
about 0.5 m/s at audible frequencies. The timeofw-half an alteration at 1 kHz is 0.5 ms,
and within this time, the thermal wave travels 028, which is very small compared with
one-half wavelength of 170 mm. It appears safediaclude, that there is negligible heat
exchange in the wave, so the compression and expaokair can be considered adiabatic
within the audible frequency range.

— X —b — X > [

Xy *~

- T
Xo Xo X0t «x

Figure 3 — Left: A small box of air is situated ina medium in which the sound pressure
increases by the gradient of p. Right: Change in Yome of the box with change in position.

For adiabatic expansions, the relation betweentdted pressurd® and the volumeé/ is as
follows, where is specified for gases with diatomic moleculeghsas air (consisting of the
diatomic molecules phydrogen, N nitrogen and @oxygen) and is a constant:

PVi=c, g=14
Both variables are function &f, and the derivative with respect Yomust be zero since the
speed of sound is constant:

1 fiP

_ P v
—1{PV‘=0 —V9+PVIi=0 —=-g—
W{ } ™v g

P \%

The instantaneous pressure can be representBd=liy, + p, wherePy is the static pressure
(approximately 10 Pa) andp is an incremental pressure, referenced asstlmd pressute
with a typical value far below 200 Pa (140 dB SRg9p << P,. The instantaneous volume
can be represented similarly My=V, + v. The derivatives can be simplified by using the
incremental variables to the following relationweén pressure and volume:

p__ v
R\,

The time-derivative of the pressure and volume bexn

ifp_ LW
PRIt TV, Tt

The change in incremental sound pressure caudenge in incremental volume.

2.1.3 Continuity equation

Mass cannot disappear and cannot be generatedstthie basis of the continuity principle.
The change in incremental volume depends only erdivergence of the vector displacement
if the mass within the box remains constant. Theans, that unless the air particles adjacent
to any given side of the box move at the same iglas the side of the box itself, some will
cross into or out of the box and the mass will gjgan
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For the box moved distancgalong thex-axis, the distance is changed/ x. The net change
in volume becomes:

T x| T

wx i =V0dIV(X)

V=V,

Differentiating with respect to time and observithgit the time-derivative of is velocity,
yields the continuity equation:

v _ . ‘ﬂ_x _ .
I =V, div it V, div(u)

This equation states the change in incrementahvelgiven by the particle velocity vector.

2.1.4 The wave equation
Combining equations 2 and 3 eliminates the timévdéve of the incremental volunf@/{t:

w_ V,Tp_ . Tp _ .
—=-—2——= V,d —=-4V,d
Mol Bovav) = avav)
Differentiating with respect to time gives:
2 2
ﬂ_zpz_g%divﬂ d|VE :-iﬂ_f
fit it it et
An expression for div@u/ t) can be found by taking the divergent of equatfion
div(grad p)) = - 7 div % div % =- %div(gra((p))

Eliminating the u/ t term yields the wave equation as shown below usimgalternative

notation of the vector operators, whétés the gradient operator pfandNe is the divergent

operator, sdN+Np represents the divergent of the gradienp,adnd this is most often written
asN?p; which is the Laplace operator (Westergren, 248):

. Rz £ TP
div(gra =N-Np=N?p=——+
(gradp)) p=N'p=
The Laplace operator is defined for several coat#irsystems of which only the rectangular
and spherical coordinate systems will be considaezd. The coefficient/ Py represents the
square of the speed of sound. Hence, the waveieguat

N 1p F
N2p==1F = [%0 4
P c? ft? r

The equation could equally well use the particldoeity as the dependent variable,
substitutingu for p in the above equation, or the dependent variablédcbe the particle
displacement or the incremental increase in mass densjtthis assumes that there is no
rotation in the medium (Beranek, 24).

Using the following values: = 1.4,P, = 1000 hPa and = 1.18 kg/mi, the speed of sound
becomes 345 m/s. The value decreases for very lequéncies where the process is no
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longer adiabatic (< 1.4), and it is related to the static press&g}, (which may vary in the
range from 960 to 1070 hPa, and also to the masstgef air (), which is depending upon
the static pressure and the geographic locatiorthenearth. These variations should be
allowed for — so the speed of sound is somewheteees 340 and 355 m/s. However, a
single value will be used for the calculations witthis document:

c=345m/s 5

The Laplace operator will be referenced using tweordinate systems, theectangular
coordinate system, usingy,z where the coordinates are defined within the itdirange from
— to , and thespherical coordinate system using radiusdefined from zero to , the
observation angle, defined from zero to, and the rotation angle defined from zero to 2

Figure 4 — A point on the spherical sphere represeed by the rectangular coordinate system
p(X1,Y1,21), and the spherical coordinate system p(r 1, 1).

The Laplace operator is defined as follows foraagular coordinate system (Asmar, 196):

T P, 1 P, 1°p
Y
The Laplace operator will be simplified into oneoodinate only in this document where the

pressure is assumed constant to changes in varigbded z so the derivatives in these
directions become zero since the derivative ofrestamt is zero.

p=p(xy.zt) 6

N*p =

The spherical coordinate system will be used fosthod the analytical work with the Laplace
operator defined as follows (Asmar, 197):

2 2
Rep=TP, 2%, i“— cot(q) P 4 esc(g)1 P

o 19° Tg Ve

All calculations will assume rotational symmetrpand the main axe so the rotation angle
will not be referenced in this document and thé texssn becomes zero. The observation angle
g will be ignored within the initial analysis butMbe referenced for the more serious work.

. p=p(rq/ 1) 7

2.2 Linearity

The superposition principle will be used for thaliéidn of individual solutions to the wave
equation thus assuming linearity. This means tmataissumption from section 2.1.2; that the
sound pressure is small compared to the statispresmust be fulfilled with a good margin.
The static pressure is approximately’ & and the sound pressure is rarely above 200 Pa,
which corresponds to 140 dB SPL re. 2a, so the acoustical systems to be analysed avill b
assumed linear.
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2.3 Harmonic oscillation

Most measurements within acoustics are performid afshort delay to ensure that the initial
transient has decayed to zero. The initial transgerelated to switching the excitation signal.
A change within the set-up of the test system eseatdiscontinuity within the signal, which

generates a broadband noise signal that interféitesghe wanted signal. The delay gives the
initial transient time to decay toward zero andeday of a couple of seconds is commonly
satisfactory. In the analytical work is the assuoptused to simplify the equations by

removing the inhomogeneous term from the diffeedregquation. The prize to pay is that the
history fromt = 0 and up to the time of observation has been los

A harmonic oscillation is represented by the com@eponential, which can be regarded as a
unit vector rotating within the complex plane, witte angular speed = 2 f, wheref is
frequency (Hz). The expected solution to the wagaadion is thus of the following form,
where p(F) is the sound pressure at the position pointed tivé vector:

p(r.t)= p(r)explint) 8

The simplification corresponds to excitation withusoidal signal, but any waveform can be
included into the analysis using the Fourier seeigzansion of periodic signals. This will not
be brought further since it is not required witthe analysis work to follow.

The time-derivative of the sound pressure becomes:
2 —
TR plr et
The spatial derivative of the sound pressure besome
N2 p(F,t) = N2 p(F)explint)

Inserting these expressions into equation 4 geeetht following simplified wave equation,
where the time dependency can be removed:

K2 plF ) exe m)+c_”f o(F)exediut) = 0

The resulting equation, shown below, introduceses rparameterk, the angular wave
number, which will be discussed below.

K2 p(F)+ k2 p(F) = 0, k=%=2’0 g

This equation is known as tlitelmholz equatiomnd it is the basic equation for the analysis
work within this document.

The dimension of the angular wave numkeis reciprocal distance (f and the angular
wave number appears typically together with a distathus creating a compact expression
for frequency and distance. The paramdizrepresents frequency throughand distance
througha. It should be noted thapa represents the circumference of a disk with radiaad

ka relates this circumference to wavelength. ka= 1 is the circumference identical to the
wavelength. Foka < 1 is the disk acoustically small; i.e. the radisi less than 1fRof the
wavelength and foka > 1 is the disk acoustically large. A loudspeak&h a = 50 mm is
comparable to wavelength at 1.1 kHz and cannosbemaed small for higher frequencies.
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2.4 Plane wave

Plane waves are rarely encountered in real lifé,sbund waves may be regarded as locally
plane at large distance from the source. The waw#sn narrow tubes and ducts can be
considered plane when the dimensions are smaltheediameter is less than one-sixth of the
wavelength (Beranek, 29).

y p(X) or u(x)

u —
8 ct—x

Figure 5 — A cylindrical tube with sufficiently smdl diameter allows only plane propagating
waves thus simplifying the problem to one dimensian
Usingx as the independent variable, the Laplace opeddtequation 6 simplifies to/ x, and
the one-dimensional wave equation becomes:
2
_11TT Pik?p=0, p=p(x)exdint) 10

X2

A good starting point is assuming a trial functmased upon the exponential function, since it
is not changed by the differentiation process, veikteption of a constant scaling factor.
Constanip; in the trial function below is defined by the pledn at hand and is an unknown
constant. The trial function is differentiated twimes into p(x), and after insertion into
equation 10, the problem boils down to a seconeéweduation for determination of

p()=pexdm)  nip(x)+k*p(x)=0  m==zik

There are two solutions, since the wave equatiaf $2cond order, and the complete solution
is a superposition of the solutions since the nwbis linear.

p(x,t) = [p+ exp(— ikx)+ p. exp(ikx)]exp(i wt) 11
Constantp, andp_ are defined by the boundary conditions.

Combining the exponential functions for positiomdime, the equation can also be written in
the form of D’Alembert (Asmar, 126):

p(x,t) = p, exdik(ct- x))+ p. exdik(ct + x)) 12

The solution can thus be separated into two compsnan outgoing wave with amplituge
and a backward-travelling wave with amplitude The waves travel at the speed of sound,
since thect £ x terms are constant for increasing or decreasgighe speed of sound.

The particle velocityl can be determined using equation 1:
To(xt) _ ; Tu(x.t) u(x.t) =- 1 ﬂp(x,t)dt

X It r i
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Inserting the expression from equation 11, theigdarvelocity for the plane wave becomes:
ulxt) = %[m expl- ikx)- p. explikx)] exglint) 13

Note the change in sign for the backward-travelaye. The outgoing wave is in-phase with
the sound pressure but the backward-travelling viewet.

2.5 Spherical wave

Spherical waves are met in real life as the sougld &t low frequencies from a loudspeaker
without reflecting boundaries and most sourcesspteerical at large distance. The spherical
Laplace operator is defined as follows (Asmar, 270)

Rep=TP,2T 1 fp oy, 1 Tp

= 4+ -4+ — _ =
i 1o sy Prrnas) 14

It will be assumed that the problem is independgrdn so the derivative of the sound
pressure with respect tobecomes zero; the problem must as a consequersyataetrical
around the radius. It is further assumed that tung pressure is independent uporso the
derivative ofp with respect to to also becomes zero; this requires that the dsines are
small compared to wavelength, which can be regafalétled when the circumference of the
wave front is less than the wave lendth< 1. This requires that:

kr <1 f<L 15

Forr = 0.1 m is the upper limit 550 Hz. The sound puesss determined solely by radius
and the simplified spherical wave equation becomes:

2
T 2B cp=0. p= plr)exrim) 16

The sound pressue can be substituted with the particle veloaifythe volume velocity,
the particle displacementor the incremental increase in mass dens{eranek, 24).

p(r) oru(r)

Figure 6 — Left: A spherical sound source radiatequally well in any direction and is
described by radius r, ignoring and . Right: A conical horn with opening angleQ £ 90°
and sufficiently small diameter allows only spherial propagating waves.
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The equation can be solved by a change of varimbia p to rp, since this transforms the
problem into the wave equation for the plane wawleere the solution is known. The change
of variable results in the following representatajrthe derivative:

ﬂz{rp}:l ﬂ{rp} :l p+rm :2E+rﬂ
™ I T r qIr r e

Multiplying the wave equation for the plane waveuyation 10) byr and using the above
substitution, the equation for the spherical wagedmes:

+k’rp =0

2 2
r ﬂE+gE+k2p =0 ﬂrzp
qr rqr qr

The solution in equation 11 can be used witubstituted byp as the dependent variable and
X substituted by as the independent variable:

rp(r,t): [p+ exp(— ikr)+ p. ex;:(ikr)]exp(i wt)
Hence, the solution to the spherical wave equation:

p(r,t):}[p+ expl- ikr)+ p_ explikr )] exdli nt) 17
r
A reflected spherical wave is indeed possible usirgpherical and concentric reflector but

this is not common; henge = 0 is often assumed.
The sound pressure from a spherical source wittadlgictions p_ = 0) is:

p(r,t) :?1 p. exp(— ikr)exp(i Wt) 18

The sound pressure is inversely proportional téadise; theinverse distance lawThe law
holds for real loudspeakers when the observatiantpe at large distance compared to the
size of the loudspeaker and assuming freedom froynreaflecting surfaces. The particle
velocity for the spherical source is determinechggquation 1:

ﬂp(rvt) ﬂU(r,t) U(r,t)z- 1 ﬂp(r!t)dt

—:_/‘—

qir qt r qIr

Inserting the expression fofr,t) from equation 17, differentiating with respectrémlius and
integrating with respect to time, generates thiefahg expression for the particle velocity:

1- ikr
ikr

u(r,t) 1 1+ikr

_Fc T p. exp(lkr) exp(lwt) 19

p, expl- ikr)-

Note the change of sign of the backward-travellWaye around the frequency wheae= 1.
At low frequency or short distanckr(< 1) is the velocity proportional to the inversstance
squared and the signal is 90° delayed compardtketedund pressure.

u(r,t) % 344® ﬁ[g expl- ikr)- p. explikr )] exp(iut)
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At high frequency or long distanckr (> 1) is the velocity proportional to the invergstance
and in-phase with the sound pressure.

u(r,t) % ¥@® i[p+ expl- ikr)+ p. exlikr ]| expli ut)
rrec
The particle velocity for a progressive sphericave without reflectiong_ = 0) is:

_ b, 1+ikr . :
u(r’t)_rrc—ikr exp- ikr)explint) 20

This equation will be considered defining the spd@rsound source but it will be required to
introduce the volume velocity and the impedancs. fir

2.6 Volume velocity

Sound pressure and particle velocity are importaniable within acoustics but the particle
velocity is not commonly encountered in real liftjs more useful to refer to the volume
velocity g, since this is directly related to the physicalrssh source.

Piston,S

<

Figure 7 — A plane wave of area S is moved distancéhus moving a volume of S.

Consider the plane piston within the tube of Figdrélhe cross-sectional area of the plane
piston isS and when it is moved distancealong the positive direction of theaxis, it
displaces the volum& of air. The velocity of the change @/dt, which is the particle
velocity u, so the volume velocity becomes:

q= Sd—X =Su 21

dt

The volume velocity applies directly to loudspeakers the cross-sectional area of the
diaphragm multiplied by the velocity of the diapima

2.7 Impedance

Acoustics operates with two basic variables, squegsurep and volume velocity, which
corresponds to the voltage and current within antatal circuit. In electrical circuit theory is
the electrical impedanceZe of a circuit defined as the proportionality comstdbetween
voltagee and current for the circuit:e = Zgi, so the impedance is characteristic for the dircui
and can be measured by driving a current througtcittuit and measure the voltage across
the circuit. The reverse relation defined by= Yee is the admittance (or mobility) so
admittance is the reciprocal of impedanége= 1/Zg.

Acoustic circuits are described through #pecific impedancewhich is characterising the
medium (air), and thacoustical impedancg,, which is characterising the acoustical circuit.
The impedances are related to each other by thes-sectional area that the particles are
passing through.
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The specific impedances the complex ratio of the sound pressure atiat@d an acoustic
medium or mechanical device to the particle vejoattthat point (Beranek, 11):

_p_
Z,=+=52, 22

The unit is Ns/mand the value i&s = c for the plane wave in air, with the value 407 N/m
at standard air pressure of*1Pa and 22°C temperature (Beranek, 36). The valuaiso
reported to 413 Ns/frat 101.3 kPa and 20°C (Jacobsen, 11).

Theacoustic impedancat a given surface is the complex ratio of thensiopressure averaged
over the surface to the volume velocity throughThe surface may be either a hypothetical
surface in an acoustic medium or the moving sured@mechanical device (Beranek, 11):

=t=—=== 23

The unit is Ns/m The direction of the volume velocity or the pelgivelocity must be in the
positive direction of the independent variable.

Electrical flown Acoustical flow
of electrons of air particles
', _u,

Ze Zs

difference

Electrical potentia
difference

Acoustical pressur l

Figure 8 — Electrical and acoustic impedances areefined similarly through Ohm’s law. For
an acoustical circuit is the sound pressure givenybthe particle velocity or (alternatively the
volume velocity) and the impedance of the acoustitaircuit.

2.7.1 Plane wave — propagation

For a progressive plane wave travelling in gdirection . = 0), the sound pressure and
particle velocity are determined from equationsahd 13:

p(x,t) = p, exp- ikx)explint)
u(x,t) = %exp(- ikx)exp(i nt)

Inserting the expressions into the above definjttbe specific impedance for the progressing
plane wave within a tube becomes:

Zg=rcC 24
The acoustic impedance for a circuit with crosdieeal areeSbecomes:

Z,=— 25

The equation is valid for tubes and ducts with @ssfsectional dimension, which is small
compared to wavelength, in order to guarantee pheees. The acoustic impedance is high
for narrow tubes and ducts.
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2.7.2 Plane wave — Reflection

Consider the cylindrical tube of cross-section@az® shown in Figure 9. A plane wave is
assumed propagating to the right toward the entietylinder az = L, where an acoustical
impedanceZat is terminating the tube. The acoustic impedanagnisiown for the moment
and will be considered later. The wave will be dist reflected, thus introducing a
backward-travelling wave within the tube, and gl transmitted into the surrounding
medium where the energy is lost.

X p+(2) ,
______ A 7 AT
Ay
AT AV

y/ 0 ct—z L

Figure 9 — Plane wave within a semi-infinite cylindcal tube, which is terminated at the open
end by known acoustical impedance.

The wave equation for the tube is characterisedrbincident wave. travelling to the right,
and a reflected wave, which is due to the reflection at the terminaged and is travelling
to the left. From equations 11 and 12, the sourdgure and particle velocity becomes:

p(z,t): [p+ exd— ikz)+ p. exp(ikz)]exdi wt)
u(z,t):%[p+ expl- ikz)- p. explikz)] explint)

A reflection coefficientR is defined as the ratio between the sound pressirthe reflected
wave and the incident wave.

R=P- 26
P.

Determining an expression for the reflection ca#fnt starts by calculating the acoustical
impedance of the plane wave, which is the sounsispire divided by the volume velocity:

7 (2)= p(zt) _ rcexpl- ikz)+ Roexplikz) _ rc 1+ Rexp2ikz)
A sUzt) S exp- ikz)- Rexdikz) S 1- Ryexp2ikz)

At the termination of the tube € L) is the boundary conditiofinp(L) = Zat, Which gives:

_ rc1+Roexp(2ikL)
AT s 1- Rexpl(2ikL)

Solving for the reflection coefficient:

re rc
ZAT ] E . ZAT - g
R=—> exd- 2kL) % %@ -—S .
Zart g Zar +€

The exponential becomes unity for= 0, corresponding to the termination impedadge
being located ax = 0. The exponential becomes a delaylLfor O; i.e. the time required for
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the incident wave moving from O to plus the time required for the reflected wave mgvi
from L back to 0. The delay term is related to the pmsidf the termination but not to the
termination itself and will thus be ignored for thi@rent analysis.

No reflection is encountered fdir equal to the impedance of the tul®S sinceR = 0 with

this condition. A rigid termination, such as a e€ldnd, causes the terminating impedance to
approach infinity so the reflection coefficient betesR = 1, so the reflected wave is of the
same amplitude and phase as the incident wave. flittpen end, the termination impedance
approaches zero since there can be no pressudeupudt the open end (pressure relief), and
the reflection coefficient becomd® = —1, so the reflected wave is of same amplitudie b
opposite phase as the incident wave. The latteatsiin is representative for the baffle but the
open-end value does not apply directly.

The amount of transmitted sign@l can be calculated by writing the expressions har t
section before the discontinuity € L) where the equation contains an incident andlaateid
wave and for the section after the discontinuzty ) where the equation contains only one
propagating wave:

p(zt)= p,[exp- ikz)+ Roexplikz)lexplint), z<L

p(zt)= p.Trexd- ikz)expglint), z>L
The sound pressure at the two sides of the disaatytimust be the same, so:

p(L,t) = expl- ikL)+ RsexplikL) =T >exp(- ikL)
Solving forT, we get:
T =1+ Reexp(2ikL)
Assigning the point of discontinuity to= 0, the relation becomes:
T=1+R 28

This equation will be referenced for the signahsmaitted into the shadow zone. The equation
applies to the spherical wave as well.

2.7.3 Spherical wave

For a progressive spherical wave travelling inrtuirection _ = 0), the sound pressure and
particle velocity are given by equation 17 andd:9 t

p(r.t)= %exd- ikr )explint)

u(r,t)= % 1Jirkirkr expl- ikr)explint)

The specific impedance at distander the progressive spherical wave becomes:
ikr

Z:{0)= 1o i

29
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The acoustic impedance at distander the progressive spherical wave becomes:

ZA(r)- rcikr 30

TS 1+ikr

The acoustic impedance of the spherical wave diffeom the plane wave by the frequency
and distance dependent tekm The impedance is almost purely imaginary and quibgnal

to frequency at short distancés € 1), which corresponds to a moving mass. The dapee
becomes almost real and approaches the specifiedamze of the plane wave at sufficiently
large distance or frequencir (> 1), which corresponds to a loss (resistance).

2.8 Spherical source

A spherical sound source is radiating equally wekny direction and can be described as a
pulsating balloon, which is creating local modwdas of the air pressure and these alternating
high/low pressure regions propagates away fronb#tleon at the speed of sound.

Surface are
S=43a°

Figure 10 — A spherical sound source with radiua and displacement .

The volume velocityy of the source will be used deriving an expressibtine sound pressure
from the spherical source. The sound pressurestdrdier for a progressive spherical sound
wave without reflectiongp( = 0) was given by equation 18:

p(r) = %exp(— ikr)

Coefficientp; can be determined using the acoustic impeddadeom equation 30 to define
the sound pressung(a) at the surface of the sphere using the volumecigl From the
definition of the acoustic impedance (equation 23):

rc ika
al=Z2Z.0=—
pla)=2.0 S 1+ika
Solving forp;: atr = a:
apla) _ a rc ika

Pe = expl- ika) ~ exgl- ika) S L1+ika
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Inserting the expression for the surface afa 4 a°) we finally determine the amplitude of
the outward propagating wave for a sphere of raatius

ikrc
4o T+ |ka explika) 31

Hence, the sound pressure at distanitem the centre of a pulsating sphere with radius

xp( |k(r - )) 32

It is interesting to note that the amplitude of #wmind pressure becomes independent of the
frequency foikka > 1, so a relative large pulsating sphere withstam volume velocity would

be an ideal loudspeaker. The cross-over frequestcy ¢/2pa, soa = 50 mm would be useful
from 1.1 kHz and upward. As will be shown latere #ectro-dynamic loudspeaker becomes
almost frequency-independent within a range by amspting the frequency proportionality
by an opposing relation due to the mechanical cocsbn.

+

(r) ika
4pr 1+|ka

For the source radius approaching zero the exmrefscomes the sound pressure at distance
r from a point source with volume veloc'n;y

= ——exp- ikr)q 33
o

The sound pressure is proportional to frequencyiawersely proportional to distance. Note
that the sound pressure is approaching infinite fqguproaching zero.

Combining equation 20 and 31 the particle velo'm't;he direction of propagation becomes:
u(r) = 1 tkre p(ka) exp( ikr)

rrc 4,0 1+|k
For the source radius approaching zero the pantelecity at distance from a point source
with volume velocityg, becomes:

_ ik 1+ikr
u(r)= P expl- ikr)q 34

The near-field term affects amplitude and phaseshtrt distance or low frequencies is the
particle velocity in-phase with the source butdneplitude is reduced by distance squared:

u(r)%kr <®

At large distance or high frequencies is the plrtielocity 90° in advance of the source and
the amplitude is inversely proportional to distance

u(r) % %@ %exp(- ikr )q

- ikr)q
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2.8.1 Infinite surface

For a point source located close to an infinitelyge and rigid surface the sound directed
through the surface will be reflected back into tredf-plane in front of the surface. This
corresponds to a mirror source placed behind agimaay surface.

Surface
Observatior
Mirror Sourct point

]

Figure 11 — A spherical sound source above a rigslrface.

The output becomes the addition of the direct spwidch is travelling the distanae— a,
and the reflected sound, which is travelling theaticer + a:

p(r)zﬁqexp(- ik(r+a))+%qexp( ik(r - a))

For a source located very close to the surfade approaching zero:

r

plr )-'k—fqexp( kr) 35

Hence, the sound pressure from a point sourceddazbse to a large surface becomes two
times the sound pressure of a spherical sourceaoligtion is restricted to the half space in
front of the surface.

For a > 0, the addition of both the direct and delayed digrmauses interference. Assuming
thata <<r allows for a simplification since the differenceamplitude becomes minimal and
the distance can be approximated bbgr both the direct and reflected signal.

Plr) = 2% lexl- ik(r +a)+ expl- k(r - )
4o
ikrc :
= ——~qexpl- ikr)codka)
20
Destructive interference occurs at ¢@g(= 0O, i.e.ka = np/2, wheren is odd { = nc/4a) and
constructive interference occurs at ¢@$(= +1, i.e.ka=np (f = nc/2a). Fora = 50 mm, the

first dip occurs at 1.7 kHz, the first peak at BHEz and so forth. A loudspeaker located close
to a surface will behave as a baffled loudspeaksufficiently low frequencies.
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2.8.2 Radiation impedance
The sound pressure from a pulsating sphere wittusadis given by equation 32 with= a,
and the acoustical impedance as seen from theespharbe calculated using equation 23:
_pla) _iwr 1
A q  4pal+ika

36

It will be valuable deriving a circuit model of himpedance, which is a model consisting of

resistive and reactive components.
J.;

Figure 12 — Acoustic equivalent of the loading upotthe spherical source. The impedance is
defined by the mass for low frequencies (ka < 1) drby the resistor for high frequencies. The
limiting frequency is f = ¢/2pa, which is 550 Hz for a = 100 mm (8 inch bass lospeaker) and
5.5 kHz for a = 10 mm (1 inch dome loudspeaker). Ehloudspeaker can be considered small
for ka < 1 where the radiation is approximately splerical.

p

o O———9¢

The components of the model will appear to be iralte, so the expression is most easily
derived using the admittance (Leach, 34):

v :i:4pa(1+ika):4pa+4ikpa2:4pa+4pa2:i+ 1
Az, iwr imr  iwr  iwr  rc R, iuwM,

The impedance of a resistor is independent upauémecy Zr = Ra) and the impedance of a
mass is imaginary and proportional to frequertiy € i WM,), so the acoustical resistance and
acoustical mass, seen by the pulsating spherelnfsa, are:

rc
2

=0080°%, M, =-"—=0080" 37
a 4pa a

RA:4

Fora = 50 mm is the acoustical radiation resistaRge 13 16 Nsni® and the acoustical mass of
the air close to the pulsating spher#lis= 1.9 kgn".

For comparison, the radiation impedance_for one sida piston of radiug, which is placed

in an infinite baffle is (Leach, 44):

_128rc _ rc 8r
2

R, = =046, M,=—>

9p°a a 3p‘a a

The piston is loaded on both sides so the resuttiags term becomes approximately equal.

2.8.3 Loudspeaker

An electro dynamic loudspeaker within a closed iab{Figure 13, left) is a low-frequency
approximation to the spherical sound source anffets in addition a frequency-independent
sound pressure within a relatively large frequeraayge. The on-axis response of a typical
loudspeaker is flat throughout some five octavemfthe mechanical resonance frequency to
ka = 1 where the loudspeaker becomes directive amddbinet will also affect the radiation.
The sound pressure at distamogill be estimated using the diaphragm velocifywhich can

be derived from the mechanical properties of thelépeaker and the electrical stimulus.
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Magne
Voice coil,L SuspensiorCas
Volume dlsplaceme
Vp = a r'_f 1 f
Volume n / R DiagphramSp, Ma
\Y
</ “| a || Surface are Flux, B—_ _ V| _._}’_‘ _P?me or dust cov
T =< [
Arr gak Positive directio
- w r
Displacemer L — Radiusa
Chassi——

Mounting flange

Figure 13 — A loudspeaker in closed cabinet may metithe spherical source for wavelengths
longer than the largest dimension of the cabinet ft). The principle of the electro-dynamic
loudspeaker is shown for a conventional bass/mediutaudspeaker (right).

A voice coil with the effective length of wire is located within a magnetic flu& with the
currentl flowing through the coil causing a force on theceocoil expressed by the product
BLI. The current is approximately equal to the applieliageEs from the voltage generator
divided by the resistand®: of the voice coil. Assuming harmonic excitatiorttwamplitude
Ec and oscillation frequency = 2 f, the force becomes:

A explint) 29
Re

The force accelerates the total mechanical nMgsof the voice coil, diaphragm and air
loading according to Newton’s second law of motihgredwdt represents acceleration.
du du_ F _ BLE expint)

F=M, — = = 40
" dt dt ™, M, R

Diaphragm velocityu is determined by integration and the integrationstant is set to zero
avoiding movement of the voice coil without an apglvoltage.

BLE, exi W[)dt _ BLE; explint)
MyRe MR

The volume velocity ig] = Sou and insertion into equation 33 enables removako$o the
amplitude of the sound pressure becomdsr multiplied by the volume velocity and by the
delay term, which gives the following expressiortled sound pressure at distandeom the
electro-dynamic loudspeaker:

41

p(r)= 4; '\jDBRLE expl- ikr)Eq 42

The equation holds for frequencies where the mowpstem ismass controlledand the
diaphragm can be considered small compared to wagt#i. The loudspeaker is mass
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controlled for frequencies above the resonanceuéregyf,, where the velocity is determined
by acceleration of the moving mass (as opposedwer frequencies where the velocity is
determined by the compliance of the suspensionsdli@d pressure is then reduced below the
resonance frequency by 12 dB/octave). The radidtmn the loudspeaker is proportional to
frequency foka < 2 (Beranek, 118) so the loudspeaker can be dersi small up tka= 1.

Examples are shown below for four arbitrarily sededdoudspeakers ranging from 4 to 10 in.

4 inch devicgPeerless BC11SG49-0&, = 5.8 10° n?, BL= 4.9 N/A,My, =5 g,R: =5.5 . For
Eg=2.83 Visp=0.275 Pa at 1 m, which is 83 dB SPL. Specifed# dB.

6 inch devicePeerless BC18WG49-P&, = 13.8 1¢ m? BL = 5.0 N/A,My = 10 g,R= = 5.7 .
ForEg =2.83Visp=0.39 Pa at 1 m, which is 86 dB SPL. Specifie8%aB.

8 inch devicgScanSpeak 21W/8554)0@, = 22 10° m?, BL = 8.0 N/A,My = 20.5 gR: = 5.5 .
ForEg =2.83Visp=0.41 Pa at 1 m, which is 86 dB SPL. SpecifiedQalB.

10 inch devicgScanSpeak 25W/8565)0%, = 33 10° m%, BL = 9.3 N/A,My, = 47 g R= = 5.5 .
ForEg =2.83Visp=0.32 Pa at 1 m, which is 84 dB SPL. Specifie88aB.

Note thatSSBL/MyRe is almost constant for the example speakers wittavarage value
around 1.3 Pa.m/V so the typical loudspeaker dedi@e35 Pa (85 dB) at 1 m distance and
2.83 V of input voltage corresponding to 1 W ofuhpower to 8V nominal impedance.

The formulas below are from Beranek (35, 222) witine simplifications.

1 C,C V c
=—— C,=—28-%8 =—2 and f,=— 43
20,M,C, " Cu+Cy T rc? ' 2m

The resonance frequency is defined by the totaligtamal masdM, = Mw/Sy2, whereMy, is the
mechanical mass of voice coil and diaphragm, &n¢he cross-sectional area of the diaphragm.
The total acoustical complianceGs = CuSy2 whereC, includes the suspension compliarigs
and the compliance of the confirmed @iz within the box with volume/s. The suspension can
be ignored for loudspeakers within small boxes wi@&g becomes very small; henc@, Cag.

fo

The loudspeaker approximates a spherical soundadarka < 0.5 with the sound pressure
reduced 2 dB from 0° (on-axis) to 180° (rear sitlthe cabinet) and the loudspeaker is useful
up toka= 1 with less than 5 dB drop at 180°. k&t = 2 is the sound pressure dropped 10 dB
at 180° (Beranek, 104). The figures are reportecfpiston at the end of an infinite tube and
can be used for loudspeakers mounted in cabindgksomiy slightly larger dimensions than
the diameter of the loudspeaker (Beranek, 103).cbmelusion is that the loudspeaker should
point toward the test set-up for the best amplittedgponse.

2.9 Hearing thresholds

A study of diffraction effects cannot be conductedits own without at least some minimum
reference to audibility since a corrective actiati mot be required for inaudible effects. It is
the objective of this short section defining a #m@d limit for discriminating between
significant levels and insignificant levels. Theahiag thresholds will be introduced and the
effect of discrimination will be lightly touched ap.

The sound pressure level (SPL) of the sound pregsisr defined as 20 log1fprer) where
the reference threshold levaer is defined as 2@Pa; this level is 0 dB SPL and represents
the limit for a normal-hearing person around 1 kHzs theabsolute threshold of hearing
(Moore, 10). Normal conversation is typically contkd at 70 dB and live rock music may
reach thehreshold of pairat 120 dB (Moore, 11).
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The audible frequency range is from 20 Hz to 15 kbizyoung people and at sound pressure
levels around 70 dB SPL but signals below 100 Hmbee inaudible below 25 dB SPL and
the upper limit is reduced at increasing age. Thetflinear” range for the human ear is from
400 Hz to 6 kHz where the “response” is withki dB of the level at 1 kHz (Moore, 56). The
current study uses the frequency range from 60aH0t kHz for the majority of the study
thus applying to most normal listening situations.

2.9.1 Level discrimination

The ability to discriminate between different leves around 0.5 dB for wideband noise,
which holds from about 20 dB SPL to 100 dB SPL (\&f&blaw), but the discrimination is
improved at high sound levels for pure tones; thisalled the “near miss” to Weber’s law
(Moore, 139). A subjective impression of doublirg tloudness is obtained for 10 dB of
increase (Steven’s law), which holds from 20 dB S#ld up (Moore, 132). We can thus
conclude that changes below 0.5 dB are inaudibtethat changes above 10 dB are indeed
audible.

The change in levell is assumedignificantif it is larger than the below limit:
DL =5dB, 60Hz 10kHz 44

This is not a scientifically supported hearing #iveld; it isdefinedby the author for use
within the present study. Hence, a frequency respaevith less than 5 dB from the lowest dip
to the highest peak is definedg®odwhile a response with larger deviations than ithtsad

As will be seen from the results to follow is thiéeet of a loudspeaker baffle an amplitude
change of some 10 dB around 300 Hz so thizagand the loudspeaker system needs some
kind of correction, such as changing the desigrthef cabinet or inclusion of electrical
correction of the frequency response, while the ehadldat can copy the actual response to
within the above limit is @ood model regardless of the “quality” of the actuadpense. For
symmetrical deviations around an average levelath@ve limit corresponds 2.5 dB for
discrimination between good or bad.

2.9.2 Frequency discrimination

The ability to discriminate between different silgna complex but can to a certain degree be
described through the equivalent rectangular badthW(ERB), which represents a frequency-
detection model for the ear and brain. The ERRliated to frequency through the following
equation where ERB is output in hertz for frequeimput in hertz (Moore, 73):

ERB=24.7+0.108 f

The narrowest ERB is found for low frequencies 6 at 100 Hz) and the bandwidth
become approximately proportional to frequency wablbve 250 Hz. Bandwidth-limited
signals of constant energy (which in this contexthe same as constant power) become
louder if the bandwidth exceeds one ERB than ib#adwidth is less than one ERB (Moore,
135). Two sounds spaced in the frequency domaircapéured as individual sounds if the
frequency spacing is larger than 1.25 times the BRBe frequency range of interest and the
sounds are combined into an amplitude modulatedds@ithe spacing is less than the ERB
measure (Moore, 85).

The ERB is 130 Hz for frequencies around 1 kHzheoléast detectable frequency difference
is 16 %, which corresponds to two or three semesoon the musical scale so notes separated
more than this are detected as individual tonedewiotes separated less are captured as an

drsted DTU — Acoustical Technology 28



Loudspeaker Cabinet Diffraction

amplitude modulated tone, known as “beating”. TiRBEHs 36 Hz around 100 Hz so 44 %
difference is required for signal detection at lisaquencies. This means that music does not
contain chords (i.e. notes sounding together) witkes placed close together in the bass
region since they cannot be heard individually. lF@monically related tones, i.e. the partials
of a complex signal repeating at a fixed frequeranyy we able to detect 5 to 8 partials
(Moore, 84), which indicates a limit between 25 garfials 4 to 5) and 15 % (partials 7 to 8)
and is in good agreement with the bandwidth giwethie ERB.

The change in frequendyF is assumedignificantif it is larger than the below limit:
DF =15%, 60Hz 10kHz 45

This means that a peak around 1 kHz and of 5 dBhhevill be considered inaudible if the
bandwidth is less than 150 Hz, i.e. if the sigsakithin one ERB.

The problem of discrimination is much more comgdiexreal music where a loud sound may
suppress the audibility of weaker sounds in thgm@urhood of the loud signal; an effect
called “masking”, which is described in literatuseth in the frequency domain and in the
time domain. Masking can suppress a weak signal légher frequency than a loud signal;
an effect used within the popular MP3 encoding sth¢o avoid coding of inaudible sounds
thus saving bits for transmission or storage onéalim It is not easy to specify a limit for
audibility since masking is very complex and depemgbon much more than just level
differences.

This concludes this non-scientific discussion owlihility. The above limits will not be
guoted later on but will be implied when the periance of the models are being judged.
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3 Measurements

This chapter introduces the set-up used for thesareanents presented within this study and
displays the results. It is the objective of thedgtaddressing the effect of the baffle alone
thus not including the effects related to the ptaissize of the loudspeaker so the test set-up
was arranged to represent the loudspeaker by & gmince.

Figure 14 — The measurement set-up showing the bedfand probe microphone (left) and the
source loudspeaker (right).

A real loudspeaker is far from being an approxiorato a point source; a bass loudspeaker is
comparable to wavelength around 500 Hz and evemsedweeter is acoustically large at the
highest part of the audible range. The recipropiinciple was addressed to allow swapping
of loudspeaker and microphone, thus using the ssimlof the microphone as a test probe to
substitute the loudspeaker.

3.1 Reciprocity

Linear circuit theory states relations betweenagst and current for two-port representation
of a passive electrical network, such as the owevsho the left in Figure 15. The circuit is
fully described through the currenitsand|, flowing into the ports and voltagés and E,
across the ports. The network can be representedragige of mathematical models with or
without controlled sources, such as gikeircuit often used for high-frequency analysis, the
parametemodel, which is popular within semiconductor thedhez or y parametemodels
used for network analysis, and thanode] which is shown to the right in the figure below.

Ay 2 L Z Z; 2
Linear passive - -
E, electrical circuit E, E, Z E,

—— ——o

Figure 15 — Left: A linear and passive electricalwo-port network with an input port (E 4, 1)
and an output port (E,, I,). Right: Representation of the two-port using ther-network.

Assuming that the current is driven into port 2 with port 1 opeiy (= 0), then the port 1
voltageE; become%sl, since no current is flowing through and the voltage acro&s is of
no consequence. Similarly for the curréntiriven into port 1 with port 2 opem,(= 0), the
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voltage E, becomesZsl;. Since impedancé; is the same for both expressions we have the
following expression for the reciprocity principle:

E =Z,0, forl,=0 E _E

46
E,=2Z,, forl,=0 , I

Forcing current into one port produce the voltage= Zsl across the other port.

It does not matter which port is which; the portsde interchanged for any linear and
passive network. This is the core of the recipyopiinciple but the idea must be broadened
for the use within acoustics where signals arestratted through a medium.

The impedances of Figure 15 may represent any cwtibn of resistance, capacitance and
inductance, as well as controlled sourdé¢ls) andE(l), so any network can be represented
except networks with nonreciprocal components, sigcthegyrator andnegative impedance
converter The gyrator is encountered for microwave systeand sometimes also as a
mathematical model when combining electrical ancthmaical systems and the negative
impedance converter is used for electrical filtéxgoiding these pitfalls, interconnection of
systems with different analogies is allowed so rix@procity principle holds for acoustical
transducers with electrical terminals and commuiooathrough a medium (air, water), such
as microphones and loudspeakers (Beranek, 377).

LY Electrical, mechanic SE
* or acoustical systems *
el I -3}---=-=— —————— - E
1 Medium 2
— | o

Figure 16 — A system with a two transducers connestl through a medium, such as air. The
transfer function of the system remains the same fforts 1 and 2 are interchanged.

An extension of the reciprocity principle includiee directivity of a transducer and proves
that the directivity is the same whether it is lgetised as a microphone or loudspeaker.
Consider Figure 17, where one of the transducerdeaotated in a plane.

Transducer 1 Transducer 2

Figure 17 — Two transducers where one can be rotate The transfer function becomes
function of the rotation angle but not the signal @ection between the transducers.

If the open-circuit output voltage from transdu@waries asf,(g) when transducer 1 is
rotated, then its output voltage Bf,(g) when currentl; is applied to the terminals of

transducer 1. Similarly, if the output voltage rtsducer 1 varies &gg) when it is rotated,
then its output voltage B&,f1(g) when current; is applied to transducer 2.

Ef(9) _ E.f,(g) 2 1,(q)

-2
I, Iy E

E
n@=f
1
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For g=0isfi(g) =f2(g) = 1 and the equation becontegl; = Ey/l,. Thus, in general:

f.(g)= 1,(9) 47

The directivity pattern for transducer 1 is the sanhen used as transmittés) @s it is when
used as receivef;J. The consequence of the analysis is that theslpemker and microphone
can be interchanged without changing the transiiectfon (Beranek, 379).

Baffle

Baffle

i Long distanc ————— |:'> Long distanc

Loudspeake ¢/ Microphone Microphone % Loudspeake

Figure 18 — The small size of the microphone impras the high-frequency response so an
interchange of microphone and loudspeaker reduce$i¢ influence due to the physical size of
the loudspeaker.

3.2 Set-up

Using the reciprocity principle the loudspeaker amdrophone are interchanged and the term
test positionwill be introduced to avoid confusion between tbedspeaker position on the
baffle and the loudspeaker used for testing.

The test positionis the point at the surface of the baffle where tip of the probe
microphone will be located during the measuremé&he test position represents the
corresponding position for a real loudspeaker oalanet front baffle.

Full reciprocity is not required in the current &pgtion since the microphone will not be
used as a loudspeaker, so the requirement of ar laved passive transducer can be neglected
without invalidating the reciprocity assumptionsisithus possible using a microphone of the
electret-condenser type. Such a microphone witmbaapsule diameter is acoustically small
to 18 kHz ka= 1) and can easily be moved to study the effechanging the test position. A
conventional loudspeaker will be used at largeadis¢ from the baffle since the only
requirement is that the wave front is approximatoally plane waves at the baffle and any
loudspeaker satisfies this requirement at suffitydarge distance.

Figure 19 — The baffles to be measured, the circuldaffle with 0.34 m diameter (left) and
the rectangular baffle measuring 0.20 m by 0,34 nright).

Two baffles were analysed, @rcular baffle which is the simplest one to analyse from a
theoretical point of view and thus a very importahaipe for verification or rejection of the
theories, and actangular baffle which is the most important shape from a manufaog
point of view since a vast majority of commercialyailable cabinets are rectangular.
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All measurements were performed within the largechoic room at @rsteddTU, and some
time was spent on finding a location without dibtog reflections. The anechoic room
includes a computer-controlled turntable used tdapmeasurements on loudspeaker systems
but this was not used for the current project sost-up was arranged to radiate away from
this turntable. The door to the anechoic chamber e closed while the measurements were
performed so reflections from the opening were cedwby using large distance to the door.

The loudspeaker was located at large distance fhenbaffle to avoid loudspeaker near field

effects and minimising the sensitivity to changeaigles for signals coming from different

points on the baffle. The term “large” is here defl as larger than the circumference of the
baffle, which is 1.1 m for both baffles. The mea&snents were performed at 1.3 m for both
baffles and were at a later time repeated at 1fdrrthe circular baffle. The set-up is shown

below with the baffle to the left and the loudsperakkepresenting the observation point) to
the right. The baffle was fixated to a small tubiéafor manual change of the angle between
baffle and loudspeaker. One bat of 50 mm Rockwacad applied to damp reflections from

the turntable.

Baffle P Loudspeake

Figure 20 — The set-up with the baffle and microphoe at a turntable and the loudspeaker at
fixed height above the floating floor.

Two measurements are required for each plot of il response, one with the baffle and
another without the baffle; the latter serving las free-field reference for the measurement.
The reference spectrum was subtracted from the uregspectrum, which corresponds to a
normalisation of the measured pressure-resportse teeference, and it produces unity (0 dB)
when there is no change in the sound pressure,aaufdr low frequencies where the baffle is
small compared to wavelength. This may be formatliften as shown below whepgesris

the measured pressure-response for the test opjeds the free-field pressure-response and
Prer IS the usual O dB reference level of @a, which is included here to avoid taking the
logarithm to a physical quantity.

20log PTEST = 20l0g Prest/ Pree = 20log PrEsT _ 20log Pe

FF pFF / pREF pREF pREF

Differences between measurements enable one tg fotithe changes of the response to an
alteration of the set-up such as a change in tteptgint where the microphone is placed or
new angling of the baffle. The set-up is very sivesito changes since the spectres are
subtracted for every frequency bin, so the resyiipilot consists of 6400 differences separated
horizontally by 2 Hz.
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Phase was not considered in this study, but eatihidual spectrum of the measurement and
reference will be sensitive to changes in phase. Wavelength is about 25 mm at the upper
frequency limit (12.8 kHz) so changes must be sndilan 12 mm for less than 180° change
at the upper frequency limit and this is not easithieved. The test set-up was standing upon
a grid of steel wires so the set-up was changetthdadditional weight of the test conductor

while preparing the next measurement and this Veasi not present while measuring.

1 — Reference

) Amplitude
Microphone—» response

Microphone Loudspeaker

Measurec
2 — Measurement response

'
1
'

Baffle |

'
I
' I

. Amplitude
Microphone—» response

Fijxed distanc

'
'
\

Microphone Loudspeaker

Figure 21 — The amplitude response is measured aket difference between the measured
amplitude response with baffle (bottom) and a refeznce response without baffle (top).

In addition to this may the set-up be accompaniedhmanges in reflection from the set-up
itself due to the change of the set-up while tugrtime baffle, which moves the frequency of
interfering peaks and dips. The difference betwamttra may thus show up as large change
in amplitude although it is the frequency of a peaklip, which has changed.

3.3 Test equipment

All measurements used the Briel & Kjeer PULSE testiment, which is shown to the left
in the picture below. The PULSE hardware is housétin a small module (shown to the
right of the first picture) and contains the sowssherator for output to the loudspeaker, two
microphone inputs and the software for calculattbrcomplex spectra in real time and for
connection to the computer, a personal computatingnMicrosoft Windows and the PULSE

software.

Figure 22 — The personal computer and the PULSE edpment used for measurement of the
spectra (left); and the power amplifiers and activecross-over network with power supply,

which were located within the anechoic room (right)
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The set-up is sketched below and is centred orPthieSE system, which generates the test
signal (random noise with a bandwidth of 12.8 kkr)output to the loudspeaker through an
active cross-over and two power amplifiers. Inpainf the microphone was fed through a
battery power supply (discussed below) to the PULS&tem on input channel 2 for
correlation with the output signal from the PULSgstem, which was fed back from the
output to input channel 1.

Anechoic room

Windows P( Briel & Kjeer o KEF Microphone
Briel & Kjeer PULSE hardware Cross-over filter —_ i
PULSE software
S i Twin

: loudspeaker :

| Power | Power Power | |

|| amplifier | ampliier supply | |

Figure 23 — The PULSE equipment generates the tesignal, which is amplified and fed to
the source loudspeaker, and the signal from the migphone is fed back to the PULSE
equipment for calculation of the amplitude response

A relative strong 50 Hz signal (mains hum) was dSeehe recorded spectra but this affected
only the low-frequency range below the range daériest and did not cause problems with the
FFT — so it was ignored. The cause of the hum wasraced.

3.3.1 Loudspeaker

The signal is output through a KEF loudspeakeresydhoused within a ball-like cabinet for
reduction of cabinet diffraction. The loudspeakentains two concentrically mounted units; a
bass unit for the low-frequency range and a treflg for the high-frequency range. The
loudspeaker was found to be directional so it Wl oriented with the axis pointing toward
the test set-up.

Using the simplified loudspeaker model of sectiaB.2 the resonance frequency of the
loudspeaker within the closed cabinet was calcdlatethe approximate value of 60 Hz,
according to the calculation below.

The outer diameter of the cabinet was 300 mm santieenal radius was assumed to 145 mm and
the internal volume becom&g = (4/3)pr® = 12 dni. The acoustical compliance of the confirmed
air becomed/g/rc? = 91 10° m/N. The bass loudspeaker was fitted with rubbepsnsion so the
compliance of the suspension can be ignored striseriuch softer than the acoustical compliance
of the confirmed air. The bass loudspeaker diamesesr 100 mm so the cross-sectional area of the
diaphragm is aroung, = pr? = 7.8 16° m* and assuming a moving mass of sdvhg= 5 10° kg

the acoustical mass becomds = M/S2 = 82 kg/n‘l and the estimated resonance frequency
within the closed cabinet beconfgs: 1/20CMaCg = 60 Hz.

It indicates that the loudspeaker should be ayfaidlod low-frequency reproducer despite the
relatively small cabinet so it is expected adeqfatehe current study. The directivity at the
high-frequency end was however rather marked akhgilshown in the measurements to
follow.
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3.3.2 Power amplifier

Individual power amplifiers were used for the basd treble channels with a layout shown in
the drawing below. The amplifier is based upon raegrated power IC LM1875, which is
capable of outputting 30 W intoW, but the power supply was only £16 V thus limititing
output to 10 W for loudspeaker protection in cafsaroerror during the set-up of the PULSE
system. The frequency is downward limited to 3 Kzhe input DC blocking capacitor and
to 5 Hz by the feedback circuitry (both frequencéshe —3 dB point) and upward limited by
the power bandwidth of the chip, which is specifited70 kHz without further information.
Hence, the power amplifier is not the limiting faicfor the frequency response. The linear
gain was 21 times according to the schematic diagrad a linear potentiometer could be
used to lower the gain.

+16 V
INPUT 1nF
47 KA i 4
—e OUTPUT
-16V
|::|l.0 MW

20 kw

1.0 KW

—|— 33nF

Figure 24 — The basic layout of the power amplifigrwhich can deliver 10 W into 8W/load.
Details, such as bypass capacitors, Zobel networkd power supply, have been omitted.

Distortion was specified at <0.05 % for <20 W (@sit25 V supply) and the equivalent input
noise was specified to B//CHz so the wideband output noise level was 7 mV R&Kng
the linear gain into account. The input signal @86 mV RMS from the PULSE test system

so the output level was 4.2 V RMS corresponding.BbW into 8W. The signal/noise ratio at
the output was 55 dB so the noise should not cprgd#ems.

3.3.3 Microphone

The microphone used for the measurements, PanabtDie-2000, is a low-cost capacitor
microphone with “build-in” polarisation voltage aral FET-buffer to reduce the output
impedance. The microphone was preferred due ®zés it is tiny, the diameter is 6 mm and
it is 5 mm long, which is small even to the highfestiuency within the audible range.

Figure 25 — The microphone was glued to a thin roénd a screened wire soldered to the
terminals and battery-powering was used to reduceaise injection from mains hum.
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The microphone was glued to the end of a knittiegdie, which is a metal rod some 2.5 mm
thick and 350 mm long, and the connection cabldéchvis of the same diameter, was also
glued to the rod thus forming a slim constructidhe microphone does not need to be a
precision measurement microphone; the prime cheniatit is the size, the sensitivity is not

important and the amplitude characteristic will ineasured during the initial phase. The
available data for the microphone is shown below.

Table 1 — Data sheet for the Panasonic MCE-2000 maphone with key parameters shown.

Parameter Specification

Frequency range 20 ... 20.000 Hz, +2 [dB
Sensitivity al 1 kHz 6 mV/Pa, 4 dI

Signal/noise ratio >58 dB
Temperature range 0..40°C
Supply (via resistor) 1,5 ... 10V @ 0,5 mA|

Data was obtained frommttp://www.shop3000.de/product _info.php/productsl6d 1

Noise is assumed expressed relative to 94 dB SPhesspecified noise floor is at 36 dB SPL
(around 6nV RMS), which is rather optimistic even if A-weighg is assumed; these cheap
microphones are known as being rather noisy. Anywhg average test level will be
significantly higher than the noise floor — aroB@ dB SPL was planned — and the analyser
will use Fourier transformation with narrow bandthidnd averaging to suppress the noise.

The capsule was purchased in 1998 from Monacor RanavsS.

3.3.4 Microphone supply

Power to the FET-buffer within the microphone ipglied externally from a battery within a
screened cabinet, which also carries some additamaponents as shown in Figure 26. The
microphone is attached to the box through a jaok pind the power is interrupted when the
jack is removed. Output to the PULSE equipmentgpsed through standard BNC.

Power supply

Mini
A jack 1 0F BNC

To PULSE
Screened cak

O 5mA
MCE-200(

Figure 26 — The FET-buffer is supplied from a 9 V lttery through a resistor. The capacitor
blocks for DC and a resistor keeps the output refemced to zero. The voltage across the
microphone was measured to 8.4 V with 9.2 V acros$ise battery, so the current consumption
was 240 YA and the peak output becomes limited aD#8 V, which corresponds to 0.6 V RMS
for sine wave signal and somewhat lesser for randonoise.

It is the source loudspeaker and the microphonsuweghat limits the obtainable frequency
range since the electrical interface is inactivéhinithe audible frequency range.

The low-frequency response is limited downward hg tapacitor but the knee frequency will
never be higher than 80 Hz at —3 dB even with atemutput. With the assumed 1 Moading
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from the PULSE test equipment will the lower fregog limit be 0.3 Hz. The high-frequency
response is upward limited by the capacity of thenection cables used (some 100 pF/m) and by
the input capacitance of the PULSE equipment. UgBign cable between microphone and test
equipment loading becomes 2 nF, which correspam@dsknee frequency of 40 kHz assuming an
output resistance of 2 kfrom the microphone.

3.3.5 Sound pressure

The output signal from the microphone is specibgdts sensitivity, which indicates that the
microphone is expected to output 6 mV signal f&alof sound pressure, corresponding to 94
dB SPL (using 20 Pa as the 0 dB reference). The sound pressuregasting was planned
at minimum 80 dB SPL so the expected signal shextged 1 mV RMS, which leaves some
40 dB of distance to the noise level. Accordinghte PULSELevel Metey the signal level
was around —40 dB relative to the maximum inpuirsgbf 0.7 V RMS, which is signal of 7
mV RMS, so the actual sound pressure level was €&t SPL.

With 2.2 W of input power and 1.3 m distance, thedspeaker sensitivity can be calculated
to 90 dB at 1 W input power and 1 m distance. bisms to be a reasonable figure but it was
unfortunately not possible to verify the value.

3.3.6 Frequency response

An initial measurement of the amplitude responsthefset-up without the baffle is shown to
the left in Figure 27 using 1.0 m of distance bem&udspeaker and microphone. The treble
loudspeaker is obviously too loud so the high-fesgry amplifier was turned down to 50 %
of full level resulting in the amplitude respon$®wn to the right, which is more level but an
amplitude dip of almost 15 dB is observed at 2 kHz.

FregRespFull dat

FregResplLevel dat
20 T

20

25 251

SE0F S0F

35 -35

o 40t

Amplitude (dB)
Amplitude (dB)

45| A5+
50t B st

E=3 g B Ea g

&0 . 50 "
10 10° 1ot 10 10 10
Frequency (Hz) Frequency {Hz)

Figure 27 — Left: Raw amplitude response for the lodspeaker and microphone at 1.0 m
distance. Right: Treble amplifier reduced to the 50% setting.

Two-way loudspeakers are commonly using a cross-ogquency in the range from 2 kHz
to 5 kHz dependent upon the high-frequency respohsige bass unit and the low-frequency
capability of the treble unit so the notch coulgresent problems at cross-over. The set-up
was arranged to measure the bass and treble chandeidually and the cut-off slopes were
found to +30 dB/octave, which is quite steep; iquiees five poles within the transfer
characteristic and at least three of these musiithén the electronic circuitry.

As is shown in the figures below, the —3 dB frequies was found at different values for the
loudspeakers; 1.5 kHz for the bass unit and 2.5 tddzhe treble unit, which could be an
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attempt to level amplitude peaking due to increatigettivity or diaphragm break-up for the
bass unit; however, this is assumptions.

FreqRespBass. dat FregRespTreble.dat
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Figure 28 — Amplitude response for the bass loudspker channel (left) and for the treble
loudspeaker channel (right).

The loudspeaker was tilted some 10° backward daleetanechanical support, which was not
attempted corrected but since the loudspeaker iposivas kept unchanged during all
measurements it was considered of minor importahice.directivity was measured at a later
time and found supportive for this assumption.

An unintended phase difference between the basdraht® units at cross-over could be a
problem since a half wavelength at 2 kHz is 85 mich is comparable to the size of the

loudspeaker construction, so the response withréige unit inverted is shown below (the

treble unit was inverted by swapping the white Bhet plugs). This reduced the depth of the
notch to a more manageable level around —6 dBlandesultant amplitude response is shown
below as the blue curve. Note the changed orderdte

FreqRespReference. dat FregRespZero. dat
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Figure 29 — Amplitude response of the set-up withréble loudspeaker attenuated 50 % and
phase inverted using a measuring distance of 1.0 fblue). The measurements were repeated
with damping material added and measuring distancéncreased to 1.3 m (green) and again a
later time with the same set-up (red). The differece between green and red curves shown in
the right picture illustrates the uncertainty.

The measurement was reproduced with the microphooiating directly toward the
loudspeaker and the distance was increased fromm 1001.3 m, which was to be used during
the measurements to follow (green and red cursesg@duction in amplitude of —2.2 dB was
expected due to the increase in distance andgstssen to apply. The difference between the
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two last measurements is shown to the right tolalysfhe uncertainty associated with the set-
up. The uncertainty reaches some +5 dB toward igfie-frequency, which is quite much so
the set-up was reproduced two weeks later in ordemprove the accuracy of the most
important measurements using the circular bafflee ficrophone was pushed into the hole
in the centre of the baffle and tape was appliesetd the narrow slit between the microphone
and the baffle. The distance was fixed at 1.41 hickvwas measured for each change of set-
up, and assumed to be within £0.01 m for all subsetymeasurements but the previously
mentioned uncertainty due to the floor of steekwistill applies.

A series of measurements were executed and tl@ ipasition with the microphone without
baffle was repeated several times creating a tdtédur free-field measurements, where the
average of the measurements is shown below. Thissfthe reference for the measurements
within this study.

Average spectrum
-25

-30

iR}
5l

Armplitude (dB)
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Figure 30 — Free-field O dB reference spectrum ah¢ average of four measurements using
1.41 m distance. The peak at 50 Hz is mains hum arlde steep cut-off above 12.8 kHz is due
to the PULSE test system.

The response is within £3 dB from 120 Hz to 12 ldHawing for a couple of peaks above the
upper limit and is sufficiently flat for the presestudy where onlghangedrom the free-field
response are of concern. The peaks and dips dffegirecision only due to the risk of non-
linear behaviour at high level and noise at loweleso the sound pressure level was arranged
to be within the upper limit set by the amplifierdaloudspeaker and the lower limit set by the
microphone and PULSE system.

Each measurement was output from the PULSE testrayas an ASCII text file with 6401
lines carrying (1) the line number from 0 to 64®),the frequency from 0 Hz to 12800 Hz in
2 Hz steps, (3) the real value of the recorded dquassuree(f) and (4) the imaginary value
of the sound pressuimm(f). The file also carried some 50 lines of informatifor the set-up
but these lines were deleted and the files savieg tise DAT-extension.

Each file was read into a MATLAB program and conedrinto a magnitude spectrunf):
m(f)=4/re?(f)+im?(f)
The average of the four measurements was compuotedamverted to decibels:

m(f) = 20log,, nh(f)+m2(f)-;ms(f)+m4(f)
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It was found unnecessarily to include the referguressurepgreg) since it would be removed
again when the spectrum is subtracted from thesfesttrum. Each of the four measurements
was related to the average spectrum to determenditference and the result is shown below.
As can be seen, the data are within +2 dB througltioel frequency range, which is an
improvement to the previous measurement. The lakighs"Initial* and "Source" refer to the
hand-written documentation from the laboratory.test
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Figure 31 — Difference between each of the individd measurements and the average
spectrum.

An amplitude response measurement using a calibraterophone has not been conducted
since the present work does not depend upon absadliies and precision in the sub-decibel
level is not required. The interest is within tsisdy focused on the change in amplitude
response versus a change within the set-up anddtwgacy of the change this is primarily
related to the linearity of the transducer deviegisich are assumed to be ideal transducers.
However, the linearity of the microphone — or tleenplete test set-up — has not been verified,;
they have simply been assumed to be sufficiemibydr for the present study.

The directivity of the source loudspeaker was messand the result is shown below with
the measurements normalised to the on-axis measuteofi Figure 30 so the 0° response
should ideally be a straight line at 0 dB (the biueve). All measurements were performed
using 1.41 m distance measured from the front ca¥ehe loudspeaker to the tip of the
microphone.

All curves should ideally start from 0 dB, whichabviously not the case; the difference is
approximately 1 dB at low frequencies correspondingome 10 % of change in amplitude.
This cannot be due alone to uncertainty within distance measurement since this would
require a variation of 0.14 m, and the distance mvaasured to within one centimetre for each
measurement. Although some uncertainty may be altieet steel wires it is unlikely that the
set-up is the sole source to error; it is morelyikbat at least some of the variation is due to
the loudspeaker system.
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Figure 32 — Frequency response of the source loudsgker from 0° or on-axis to 180°, which
is with the loudspeaker pointing away from the meagement microphone.

There is no visual effect related to the cross-dvequency, although the output is weak
around 3.5 kHz, so this part of the system seemwadk very well in this respect. All
measurements in this document were conducted hethréeble loudspeaker unit inverted and
its power amplifier tured 6 dB down as describesmusly.

It is obvious that the source loudspeaker is divea@nd must point directly toward the baffle.
It was chosen to point toward the centre of théldab that £170 mm of variation (the height
of the baffles were 340 mm) leads to less than zdf0tincertainty, which indicates an
uncertainty level of £1 dB except at upper freqyeextreme.

3.3.7 Microphone alignment

Measurements with the circular baffle were perfatragth the microphone pointing toward
the loudspeaker through a hole in the centre ofcttmilar baffle and the sensitivity to the
microphone not being flush with the front of thefleawas measured with the microphone
moved +5 mm relative to the surface of the baffle.

Baffle

Microphone
It Sound

d

Figure 33 — Set-up for studying the effect of varyig the distance from the peak of the
microphone to the surface of the baffle.

The result is shown below and is within £1 dB belowHz although larger effect is seen at
higher frequencies. The 5 mm deep hole in fronth&f microphone (left figure below)
corresponds roughly to a quarter-wave resonatd7atHz, so the increase in amplitude is
expected related to the resonance. The ripples@aeed by approximately 1 kHz and are
expected representing reflections from the edgeéhefbaffle since the baffle radius was
selected to equate one half wavelength at 1 kHz.
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Figure 34 — Amplitude response change with the miophone 5 mm behind the surface of the
baffle (left) or 5 mm in front of the surface of the baffle (right).

In general is the treble increased when the miaophs dragged backward and decreased by
the microphone is pushed forward. The importarqudescy range up to 4 kHz is almost not
affected by the misalignment but the effect becowery significant at higher frequencies.
The microphone was placed flush with the baffletaximum £1 mm of uncertainty so the
measurements are not expected to be seriouslytedféy the unavoidable misalignment.

Measurements were also conducted with the microphoarated at the front side in order to
ease movement of the test point. This should predue same result as measurement with the
microphone pointing toward the loudspeaker throagiole in the centre of the baffle but this
was unfortunately not the case as the followingsueament shows so the set-up was avoided
for measurements with the microphone at the ceaxittiee circular baffle.

Baffle

O <:| Sound

Microphone

Figure 35 — Set-up for studying the effect of monitring the sound pressure with microphone
located at the front side of the baffle.

The figure below shows the difference between asmement with the microphone pointing
to the test point at the front side of the bafflel avith the microphone pointing toward the
loudspeaker through a hole in the centre of thdlebatThe difference is within +1 dB for

frequencies below 500 Hz, within +2 dB up to 4 ki within £5 dB at higher frequencies.

The conclusion is that the measurements are eguivalp to approximately 4 kHz and that
higher frequencies are inaccurate.
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Figure 36 — Difference between measurement with theicrophone at the front side of the
baffle and the microphone pointing through a holen the baffle.

The hole in the baffle was closed during the measent using a wooden plug pushed into
the hole and tape for sealing of leakage.

3.4 Circular baffle

The amplitude response for the circular baffle wildiusR = 170 mm is detailed in this
section for different observation angles and far tst point being offset from the centre of
the baffle. The measurements are assembled fromestauns using different measurement
distances, which affect the measurement of soufsetting and rectangular baffle.

3.4.1 Response to change in observation angle

The sound pressure was measured at the centre tfaffle for angles from 0° (on-axis) to
180° (rear side) in 30° increments with the micrampd pushed through a hole at the centre of
the baffle. The reference was free-field so 0 dBesponds to the sound pressure from a
point source without baffle and this level is agmioed toward the low-frequency end.

Low frequencies are not affected by the baffle th& high-frequency response is greatly
influenced by the baffle, which is seen as the BQrttrease in level from 500 Hz to 1 kHz
and the ripple at higher frequencies. The cross-fregiuency due to the baffle is 400 Hz,
which is in reasonable agreement with the estimeadae forkB = 1, which is 320 Hz for the
circular baffle with 170 mm radius.

Middle frequencies are characterised by the riglesed by the baffle. The expected peak
frequency of 1 kHz is due to the half wavelengttagalue to baffle radius where the direct

and diffracted signals combine constructively dmeldip at 2 kHz is due to the delay of a full

wavelength causing destructive interference. Chantjie axis to 30° reduces the amplitude
of peaks dips and the measurement at 90° repregentsignal at the border between front
side and rear side, which is fairly unaffectedffequencies below 4 kHz; higher frequencies
cannot be trusted although the sudden reducti@amiglitude above 6 kHz is so large that it

could be correct.

A final plot is included where selected frequendiesn 125 Hz to 8 kHz are reported versus
the observation angle using thé ®easurement as 0 dB reference. The plot showse larg
changes in the frequency response even for a chang@ in the observation angle so the
sound quality from such a baffle is varying muclihvthe observation angle.
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Figure 37 — Amplitude response for the circular bdle from 0° to 18C observation angle.

3.4.2 Response to change in loudspeaker position

Offsetting the test point from the centre of thecalar baffle is studied within this section
with the microphone pointing toward the test pdiotm the front of the baffle.

<:| Sound

Baffle

Microphone

[ L

Figure 38 — Set-up for studying the effect of monitring the sound pressure with microphone
located at the front side of the baffle.

Measurements were performedr@t 1.30 m but the O dB reference for free-field egiated

the distancey = 1.41 m so the monitored level is increased alingrto the inverse distance
law and the reported values must therefore be extlbg the following value.

1/r. r 1.41m
DL =20lo —TEST dB=20lo REF. dB=20lo —~ — dB=0.71dB 48
glO 1/ glO glO 1 . 30m

REF TEST

The result of offsetting the source from the cemgrehown below using 3 cm step size. The
first step removes most of the ripple caused bystimemetrical case with a circular baffle and
a test point at the centre although the dip at 2 isHeft virtually unaffected.

Circular bafle, Offset O cm Circular bafle, Offset 3 cm

wm
wm

Amplitude (dB)
Amplitude (dB)

Free field
Measurement
T

Free field
Measurement

. 10 T
w0’ 0 0t w0’ 0 10

Frequency (Hz) Frequency (Hz)

4

Figure 39 — Amplitude response for the circular bale with the test point moved 0 or 3 cm
from centre, where the latter corresponds to 20 % foradius.

The following steps remove the dip at 2 kHz andrdsult for an offset around 50 % of the
baffle radius produces a quite acceptable resuthiohigh-frequency region.
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Figure 40 — Amplitude response for the circular bale with the test point moved 6 or 9 cm
from centre, which corresponds to 35 % and 50 % ofadius.
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Figure 41 — Amplitude response for the circular bdle with the test point moved 12 or 15 cm
from centre which corresponds to 70 % and 90 % ofadius.

The measurements below are for the test point mou&tddethe baffle, so they represent the
effect of locating a loudspeaker in the proximifyaolarger surface. However, the effect is a
minimal increase at middle frequencies for the &pahker just outside the baffle and nothing
significant for the loudspeaker at 1.5 times radilise 8 cm distance corresponds to one-
quarter of a wavelength at 1 kHz thus showing ffeceof smallandlarge distance.
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Figure 42 — Amplitude response for the circular bale with the test point moved 1 or 8 cm
outside the edge.
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3.5 Rectangular baffle

The amplitude response was measured for a rectanigaffle 200 mm wide by 340 mm high.
The basic behaviour is much the same as the responsa circular baffle; the level is
increased from 0 dB at low frequencies to aroundlBGt 1 kHz where the large dimension
equates one wavelength. However, the high-frequesgyonse is less ragged since the phase
of the reflected signal is blurred by the differ@atth lengths between the test point and the
edge of the baffle.

3.5.1 Response to change in observation angle

Measurement distance wdg= 1.30 m for the on-axis measurement and the resspwill be
related to the free-field reference using= 1.41 m so the monitored level is increased and
this must be compensated for O dB at the low fraqueend. The set-up was not arranged for
constant distance between source and baffle dtinmghange in observation angle and this
must be corrected too.

0 Rotation [ 4 D:l Sound

centre ¢ [ source

— dg }—

do + ds D:l S:L:Jrr::i
90¢ ———
Rotation
[ J
centre

Figure 43 — The change in observation distance durg change of observation angle.

The baffle was positioned at the small distathce 0.15 m from the centre of rotation and the
source loudspeaker was not moved during the tegtesee so the distance between source
and microphone was changed during the test seqemmedy = 1.30 m tod;go = 1.60 m.
Assuming a circular relation the actual distanaemfrthe tip of the microphone at the test
point to the source was:

d(") =d, +dg- dg 005(57)

Assuming that the sound pressure is inversely ptmmal to distance and changing the
reference distance tg, the measured level will appear increased by:

o) d, + 001 codg))

The figures become: 0.71 dB at 0°, 0.57 dB at 82 dB at 60°, —0.24 dB at 90°, —0.68 dB
at 120°, -0.99 dB at 150° and —1.10 dB at 180°.s&hiigures are subtracted from the
measurements to level the measuremet to the sgleaasurement distance.

DL = 20log,, dB = 20log,, dB

The result is shown in the figures below and shawsncrease of the front-side amplitude of
approximately the same level and frequency rangeaasseen for the circular baffle although
the high-frequency range is less ragged due tbltireing of the transient response. The final
plot shows the relative behaviour for change ireoletion angle with the°dmeasurement as
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0 dB reference. The result is an improvement coetgh@o the circular baffle since the first
30° change in the observation angle does not sigmificghange the frequency response.
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Rectangular baffle, 120 degrees Rectangular baffle, 150 degrees
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Figure 44 — Amplitude response for the rectangulabaffle at 0° to 180° observation angle.

3.5.2 Response to change in loudspeaker position

Three test point positions was selected to reptdgpital loudspeaker designs and the results
is primarily a change of the level around 2 to &ki¥hich can be important for the design of
a cross-over network for a typical two-way louddqa
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Figure 45 — Definition of the positions for the tespoints and amplitude response for the
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rectangular baffle measured at test point 1, 2 an@.

The centre position is the mose symmetrical buseHhaurring reduces the ripple amplitude
although the range around 1 kHz is pronounced.pic} two-way loudspeaker system may
use a cross-over frequency around 2 kHz, which tkeafrequency where a bass loudspeaker
at position 1 will be attenuated some 5 dB duehthaffle thus complicating the design of
the cross-over network. Small loudspeaker boxes ioegte the loudspeaker at position 2,
which is a small improvement since the attenuai®rmoved up in frequency but the
attenuation within the dip around 2.5 kHz is slighhcreased. A treble loudspeaker may be
located at position 3, which levels the range floeiow 1 kHz and up and is thus giving the

Rectangular baffle, Point 1

Model

Measurernent
T

10*

10° 10
Frequency [Hz)

Rectangular baffle, Paoint 3

todel
Measurement

10

loudspeaker good support below the cross-over &ecy

drsted DTU — Acoustical Technology

10’ 10t

Frequency (Hz)

51



Loudspeaker Cabinet Diffraction

3.6 Semi-infinite baffle

A series of measurements were conducted in ordemlidate the diffraction theory for a
semi-infinite baffle. The set-up was build at theher's home and a “low-noise” ventilation
fan was used as the sound source giving a nicelbaval noise of sufficient level to be useful
for the measurement. The fan was positioned orble taith the axe 0.9 m above the floor
and the microphone was at the same height. Thbléale radius was 85 mm.

—— ) | = L&
Figure 46 — Measurement set-up for the frequency sponse with an infinite edge using a fan

as sound source. The baffle was located verticalgnd horizontally to test for the influence of
the diffraction around the baffle ends.

A semi-infinite baffle was not available so a 3 rphate with measure 0.52 m by 0.90 m was
used to block the sound from the fan. Sound widweidably diffract around the sides of the
baffle so short measurement distances were useedtee the level from the far edges and
two orientations of the plate were used. The umulye was aligned with the line-of-sight

between fan and microphone with 0.25 m from fanplate and 0.50 m from plate to

microphone. The additional distance through a céfi@ from the floor was 1.1 m so the half-

wavelength frequency becomes 160 Hz where thedipsin the frequency response could be
expected for some of the measurements but intedere/as not observed.

Figure 47 — A rear-view showing the other side ofre set-up. The remote fan was not in use
and the doors were shut to keep noise low. The mesement equipment consisted of a home-
build instrument with preamplifier, third-octave fi lter and true RMS rectifier.

A voltmeter with build-in pre-amplifier and filtavas designed 1982 by the author and served
for the present measurements for third-octave measnts from 16 Hz to 20 kHz. The filter
section included a second-order resonance filteeduto the bandwidth required for third-
octave filtering; the RMS rectifier was designedieasure correctly for both sine wave and
noise signals and all readings used 0.5 s integratine. A LED display outputs the current
gain selection to avoid misreading of range andititea was input to MATLAB for plotting.
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Measurements are to be used for verification ofiéindield and near-field diffraction theories
from the wavelet model chapter where two differemddels are considered; one using a
source of plane waves (the Fraunhofer far-fieldragmation) and another using a spherical
source (the Fresnel near-field approximation). dtgut from the models are comparable, as
will be shown in the chapter, so one common measene set-up was considered sufficient.
The basic idea for the test is to monitor the réidacin sound pressure from one case to
another as shown in the figure below.

Plane wave

P1

P2

———— P;
Sem-infinite
baffle
1

Sef*n-infinite
baffle
1

Figure 48 — An infinite edge is blocking part of tle sound at the observation point.
Three measurement cases are to be considered.

In thefirst caseis the obstruction not present, so the radiatrmpg@gates unobstructed
from the source to the observer where it createstiund pressui; this is the 0 dB
reference for the two following measurements.

In the second cases the obstruction arranged to remove precisely%o®f the
radiation from the source. This was accomplishedebglling the upper edge of the
baffle with the line-of-sight from source to obserwhere the rotational axe was used
as the fan position. Since half the radiation maeed the sound pressure is expected
reduced to half its unobstructed level, Pe.= P1/2. This relation is postulated in the
chapter and is thus to be verified.

In thethird caseis the obstruction brought further up thus remgwine direct signal
so the observer reaches only signals that areadiffd at the upper edge. The residual
signalPs is the interfering signal without direct signaldacan be used for verification
of the ripple amplitude — but this was not possibleneasure with the set-up.

The raw results are plotted below.

The uppermost curve (dash-dotted blue line) reptssthe output from the fan measured

without baffle. This was the most problematic df mkeasurements since the level changed
slowly so four recordings were averaged (other mmemsents are averaged through two

recordings). The dotted black curve was includedcfumparison to a first-order slope thus

showing that the “frequency response” of the fars wé dB/octave. The noise floor was

measured with the fan switched off (hence the t&8# label) and the baffle removed and is

also averaged from four measurements althoughwhis not required since measurements
were much alike. The lower limit of 25 dB SPL isediv noise input from the environment as

well as internal noise from the microphone capsuld noise from the input attenuator and

pre-amplifier stage. The difference between theebdund magenta curves represents the
available headroom since the measurements wiltjbeezed in between these curves.
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Infinite wedge - Raw measurerments
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Figure 49 — Raw measurements with the top curve dhe fan signal and the doted line for
comparison. The next curves represent two orientadins of the small plate, one large plate
and the small plate raised 100 mm above the line sfght for increased blocking. The bottom
curve is the background noise with fans off.

The measurements are indistinguishable from theenfddor below 200 Hz so the lower range
was ignored in the following plot, which shows ttiéerence between the top curve and the
measurements with the baffle present. The referestemvn as the horizontal line at 0 dB,
represents the signal without baffle and the nfi@er is shown as the dotted magenta line.
The signal-to-noise is around 10 dB for the impartaiddle part of the range, which is just
about acceptable for a conclusion.

Infinite wedge - Comparing measurerments
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Figure 50 — Measurements with the baffle shows a gdendency on frequency below 1 kHz
and approximately constant levels around -5 dB fohigher frequencies. The plate alignment
is reported relative to the line-of-sight betweendn and microphone.
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Two plate orientations were used with the uppereeaigthe line-of-sight between fan and

microphone. The blue curve represents the baffledshg on the floor thus blocking sound

from the lower half of the fan for diffraction mesmement but an additional contribution from

the left and right sides are of course unavoidalie. baffle was rotated to horizontal position
to see if this changed anything; the left and rigjdes are further away from the fan but the
sound may now travel through the lower side as.\idlere is barely a change from the blue
curve to the green curve. A large plate was coatcfrom several smaller plates to a 1.50 m
wide and 0.90 m high construction and the reswh@wn as the red curve. An improvement
of 1 to 2 dB was observed within the range from 620to 6 kHz compared to the blue and

green curves.

The smaller horizontal baffle was lifted 100 mm abdhe line-of-sight thus blocking for
most of the fan and the result is shown as the cyawve. The level is reduced above 3 kHz
with up to 3 dB compared to the horizontal bafti® anm (green curve).

Comments:

1. The low-frequency level is attenuated significanly the presence of the baffle,
which was surprising since the baffle is small canegl to wavelengthké = 1 for a
baffle “radius” ofa = 0.25 m at 250 Hz) so the signal was expectgadpagate with
minimum attenuation at the lowest frequencies. fasellt may be an effect related to
the near-field since the distances to source arutopiione were small related to
wavelength. An interesting point is that the thetoy the semi-infinite baffle does
indeed introduce a low-frequency cut-off althougthva lower knee-frequency.

2. The mid-frequency range from 1 to 10 kHz is apphirag a constant level at -5 dB
compared to the reference without the baffle. Thpeeted —6 dB is probably not
reached due to additional sound sources from diifra around the sides and it is also
possible that the sound pressure is increased betweurce and plate from sound
build-up in analogy to the pressure increase knfsam microphones (Leach, 64-66).

3. The high-frequency level above approximately 6 kislzess than 6 dB from the
background noise and details can be expected maskdte noise. However, the
response with the 100 mm raised baffle is obstngdiie direct sound and the increase
in attenuation may reflect the obstruction of tivect sound.

A second-order high-pass filter with 600 Hz cut-aff-6 dBQ = 0.5 was plotted solely for
comparison (dotted black curve) and shows thattbasured responses are complex; this can
be seen from the plateau around 600 Hz, from tbee@sing slope at lower frequencies and
the weak indications of ripples with peak frequescat 400 Hz, 1.5 kHz and 2.5 kHz.
However, the noise level is relatively high andtimay as well be the reason.

Conclusions:
1. The measurement will be accepted as supporting1keP,/2 postulate.

2. The discrimination between large and semi-infififfle is of minor importance,
which allows the model for the semi-infinite baffieing used for a finite baffle such
as the loudspeaker cabinet boundary.

This concludes the measurement section.
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4 Edge diffraction model

This chapter introduces the model and comparesethdts to the measurements. The model
is not derived from existing models although ide&se discovered and incorporated during
the progress. The origin to the model is shortycdssed below.

4.1 Background

It all started by the simple assumption that ddfian was some kind of reflection from the
cabinet boundary. The wave front is at the edgenging from propagation within the half
space in front of the baffle into full space at sodistance from the cabinet. The associated
change in impedance is a discontinuity that mukt 8 propagating wave into a reflected
wave and a transmitted wave so it should be passibhulating diffraction using the theory
of reflection. The sound pressure on the front swi@d thus be modelled as the direct signal
plus the reflected signal and the sound pressutheorear side could be modelled through the
transmitted signal. An edge diffraction model was

Diffraction
Transmissio _«~——~

Reflectior

Sound N
source

Observatior
Direct souni point

Rear
side side
Rigid cabine

Figure 51 — Graphical presentation of diffraction. The observation point at the front side
receives direct signal from the loudspeaker unit agvell as a reflection due to the diffraction
at the cabinet edge while the shadow zone receivesransmitted signal.

A consequence of the reflection theory is thatrtteglel must include eeflection coefficient
which proved the first obstacle to attack since ridection coefficient could be related to
such different subjects as the wedge angle, thereation angle and frequency. The values
found in the literature were contradicting, as Wil shown below, so an expression for the
reflection coefficient was derived and the valukalated to —0.60 (see section 4.5.1). Using
this value, the frequency response was calculatddaund in agreement with measurement.

Fixed reflection coefficient R = -0.60

Amplitude (dB)

Iadel
Measurement

.
o° 10° 0t

Frequency (Hz)
Figure 52 — On-axis frequency response for a circat baffle with the source at the centre.

However, the value of the reflection coefficientaned a mystery for quite some time until
the results from literature were fully understoAdeview of the literature is reported below.
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Bews & Hawksford (1986) quoted Lord Rayleigh (18#8)the sound pressuRe at the edge
of the cabinet due to the sound pressteof an undisturbed point source at distanc€he
level is defined from the cabinet wedgeaccording to their Eq. (1):

PE = 4—'0 Pfs,r

4 - g
The sound pressure becomé2for an infinite baffle §= 2p), and at the edge of a boxlike
cabinet ¢ = p) is the sound pressure reduced to B33 the difference is —0.67 so the

reflection coefficient becomes —0.33 since theafispund is Pss . For a thin baffle = 0) is
the sound pressure 19, so the level of the diffracted component becon@eS56-

49

Vanderkooy (1991) measured the impulse response & aircular baffle using a tweeter and
found that the diffracted signal is inverting a¢ finont side and non-inverting on the rear side.
His thin-baffle model is —1/2cosf2) for the diffracted signal wher is the angle between
source and observer (Urban, 1045). The on-axisevau-0.71at far field and approaches
infinity at the shadow boundary; “this is unphysiaccording to Vanderkooy (p. 926).

Sound T Rear sid: Sound po Front side
pressur ' pressur
. T pr
1

I Time I 1 Time
Pr

Figure 53 — Impulse response from a loudspeaker caiet due to edge diffraction.

Wright (1996) used Finite Element Analysis withiecalar disk for calculation of an impulse
response. The reported level of the direct sigred 862 units of “half-space magnitude” and
his figure 2a reports the diffracted signal lewet210 units with a relative level of —0.58

Urban et al. (2004) introduced a model based oalatisn to the wave equation where the
level of the diffracted component was at —Oirbthe forward direction.

The author decided to measure the impulse respasiag a circular baffle and the result is
shown below. The diffraction component is delayes s due to baffle radius of 0.17 m.
The amplitude starts off from almost unity and diféraction component level is =0.77
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1 T T T T T

——-Real
s lmag
Amplitude

0s

06 F

DA

02r

Armplitude

P Y
aap/ LR
iy
G ]

ek

-1

L I L L I L L I L
a 0z 04 06 o8 1 12 14 16 18 2
Tirne (5) }HU‘B

Figure 54 — Frequency and time responses for circait baffle measured on-axis.

As will become apparent later (see section 4.9s5an optimal value for the reflection
coefficient between —0.5 and —-0.6 for the bedbfineasurements.
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4.2 Introduction

A model will be developed for description of théeet of loudspeaker cabinet diffraction and
the model will be divided into separate expressimnghe front side and rear side to reflect
the different sign of the diffracted component. Thedel will further be divided into two
separate parts where the first part is an analyjgaroach, which leads to simple expressions
using standard functions, and the second parcanguter model improving the accuracy of
the model.

Z-axis .
Observatior

point

1 - Propagatin wave

Frontsid T 2 — Reflectedwave
Imaginary Diffraction
_____________ H ./ |
infinite baffle ™ ———" components
L= T~ 3-Transmitter wave
Monopole
Rear sid sound source

(Shadow zone)

Figure 55 — Graphical presentation of diffraction nodel. The propagating wave (1) is
partially reflected into the front side of the baffle (2) and transmitted into the rear side (3).

A spherical wave front is propagating from the muaoie sound source within the half-space
in front of the baffle. The wave is diffracted hetedge of the baffle and this diffraction will
be modelled through three waveforms each propagatihalf-spaces. The direct sound (1) is
assumed to continue within the half-space in fafrthe baffle as if the baffle was of infinite
extent. The diffraction sound from the edge is @spnted by two waves reflectedwave (2)
radiated into the half-space in front of the baffled atransmittedwave (3) radiated into the
half-space on the rear side.

At the front side is the resultant sound pressepgesented by the combination of the direct
and reflected waves while the sound pressure aetireside is represented by the transmitted
wave alone. Introducing theeflection coefficientwith label R, the basic relations for the
sound pressure at the front and rear sides ofdfike bhecome:

Pe = P+ RP

50
Pr = (1+ R) P

A derivation will show that the reflection coefférit is around —0.60 at low frequencies,
which is 20 % below the previously measured valte level of the signal transmitted into
the rear side is represented by the transmissiefficent T = 1 +R, according to equation
28, so this signal is approximately 0.40 times léheel of the direct signal so the baffle is
attenuating the signal in the shadow zone by 8ung this model the problem boils down
to estimating the diffracted sound pressurevhich is the main objective of this study.
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It is obvious that a wave front cannot changeigs st the border between the front and rear
sides as this would correspond to a singularityheut physical ground, but this is a
diffraction modeland the discontinuity was introduced to simplirigation since all waves
are radiated into half-space. The model does tbhuspply to monitoring at the edge, i.e. for
an observation angle of 98ince this is at the border between two models.

The model is somewhat analogous to @eometric Theory of Diffractiopresented by Bews
& Hawksford (1986), although their model was retéd to+10° from on-axis and without
discussion of the rear side radiation; also, theadel was presented without comparison to
measurements. There are also similarities to théeiaf Urban, et al. (2004) although their
edge sources are dipoles with continuous definitiom ¢ to 180.

4.3 Direct sound

A model is shown in the figure below and considta sound source radiating into the front
side of the cabinet and the wave front travelsughodistance, to the observation point as if
the monopole sound source was located at the tbat large (infinite) baffle; this sound
pressure will be designated. The direct sound from a point source within thexpmity of

an infinite baffle and at distanag, is given by equation 35. The definition of theusd
source for the direct signal is:

ikrcq

P, = plr,) = 5 exp(- ikr, ) 51

0

In this equation is frequency represented throbghaingular wave numbkr= 2pf/c and the
medium is represented by the characteristic impsglan. The strength of the point source is
characterised by its volume velocity which is given by the mechanical properties @& th
loudspeaker unit where an example is given in sec®.8.3 for the electro-dynamic
loudspeaker. The volume velocity is in this caseergely proportional to frequency within
the operational range so the sound pressure frenpdimt source becomes (approximately)
independent upon frequency.

4.4 Diffracted sound

A line array of infinitesimal point sources will ised modelling the baffle. The baffle shape
will be defined through distandg which is the path from the point source to thgeadlhe
distance is a function gf, which is used to describe the points on the edgshown in the
figure below and is running from 0 t@2

dp(/)

Soun
source source X

Figure 56 — Left: Definition of the infinitesimal sound pressure dp. Right: Examples of
distance b for two different baffle shapes.
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The infinitesimal sources are assumed radiating haif-planes thus assuming presence of an
infinite baffle separating the front and rear sidese distributed sources are placed where the
boundary of the physical baffle would be locatethe Tsound pressure from each of the
infinitesimal sources is an attenuated and delagegy of the direct sound due to the
additional distance through the pd&th r; from the monopole sound source to the edge. The
attenuation caused by the increased distance cagnbeed when the baffle dimensions are
small compared to the distance to the observatmnt gut the change in phase is crucial
since 50 mm corresponds to one-half of the wavgtleat 3.5 kHz, i.e. change of sign.

The infinitesimal sound pressudp, from each of the line segments is defined by the
expression for the sound pressure from a pointceoaibove a reference plane with distance
to the observation point and an additional delag thio. Each infinitesimal line segment is
described by the angje and the length of each infinitesimal line segmergroportional to
d/ . Since the circumference of the unit circle s rBust each line segment be occupying
d/ /2 of the unit circle and the sound pressure fromhezfcthe infinitesimal line segments
becomes:
= _kred o ik(o+r, )%
dp, 2,0(b+l‘l)e F( ( l))2,0 52

Distancer; is function of observation angleand of , and the relation df to is defined by
the shape of the baffle, which is known when thecmaeical details of the cabinet are
defined. The resulting sound pressure from theatifed wave is estimated by integration of
the sources along the edge of the baffle, whichresponds to integration through one
revolution of through the unit circle. Hence the expressiortlierdelayed signal:

_ iwrq , o/}
= ———exp- klb+r))=—
B i@ ka3
At large distance to the observation point bame assumed small compared tawvithin the

amplitude term and this distance is itself approagh,, so the expression of the diffracted
sound pressure can be simplified into:

2p

iwrq
2m,

2p
p, = expl- ikro)% expl- ikb)d/

0

Identifying the factor in front of the integral #® sound pressure from the monopole sound
source,po, the expression for computation of the delayedaigs reduced to a scaling
function for the sound pressure originating fromuadisturbed point source.

2p
p, = 2% expl- ikb)d/ 53

0

The core of the edge diffraction model is the dateation of this integral.

This derivation differs from Vanderkooy, who ushe wvavelet model (see the next chapter)
to determine the sound pressure from the edge s®uHe argues that the sound field at the
edge is proportional to B{using the variable names from this document) taatl the sound
field at the observation point is proportional t#;land concludes that the resulting sound
pressure is proportional tolt{. He further argues that the signal is delayedtdube sum of
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distances and arrives at the infinitesimal souresguredp = exp(-+k(b + r;))dz/(r,c) for the
line sources along the edge whdmas an infinitesimal section of the edganderkooy
assumes thdir; is independent upon although his figure 2 shows that this is not ¢thse,
and he uses this assumption to simplify the degwatThe assumption dbr; = constant
corresponds to the above simplification wbith r; =ro so the representations are equivalent.

4.5 Error level

The simplification that leads to the above resuiswased upon the assumption that the
additional distance through andr; could be considered small compared¢oln order to
quantify the error due to the approximation, theeptable error leved will be introduced.
The largest distance through the diffraction path ke written asbuyax + r1 and can be
represented as factor letimes the direct path:

buax +1, =(1+€)r,, O<e<1

For on-axis monitoring is distance defined byrg andb using the Pythagorean rule for the
rectangular triangle. The approximation below ismigghe two first terms of the Taylor series
expansion of the square root.

b; by

- [(2,hn2 = ax AX

=\l +Byax = o |1+ =55 » 15 1+ o2
o o

Hence, by insertion:

bi by
bMAX +r 1+ A2X = (1+e)ro o+ X +1 bMAx = (1+e)ro
2r, 2r,
Assuming thabyax is much smaller tham, the error in ignorindpyax becomes:
e» bMJ 54
r.O

For a monitoring distance of = 2 m and 10 % of maximum erra £ 0.1) the largest baffle
dimension must not exce®glax = 200 mm.

45.1 Transfer function

The integral in equation 53 represents the frequelependency of the diffraction component
so an equivalent form of the edge diffraction madeb regard the resultant sound pressure at
the observation point as the output from a trarfsfiection when it is excited b:

=(1+RH i
=L RHRy 1 )y 55
Px = (1+ R)H,p, 20
H; is a dimension-less expression for the frequemspanse of the diffracted component;
hence, 1 4RH; is the transfer function for the front side and-(R)Hj is the transfer function

for the rear side. This representation will becaatteactive later in the study when higher-
order diffraction components are addressed.

Two terms are to be determined to calculate thguiacy response of the point source in the
proximity of the baffle; the transfer functidty and the reflection coefficief®
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4.6 Reflection coefficient

A reflected signal is generated whenever the impeelaf the medium is suddenly changed
from its previous value so theflection coefficienis the starting point for the model. An
expression will be derived through the study ofespdal waves within a conical horn, which
will then be generalised into a plane disk. Deforabegins with the well-known equation for
the plane wave within a tube, which was introduegtiin the Acousticschapter and shall be
augmented in this section.

Consider the conical horn shown in Figure 57, wiriak a source located at the top point and
is characterised by an opening angle@fA spherical wave is travelling through the horn
toward the open end at= B, where the horn is terminated by the acousticpledance&ar,
which is an unknown quantity for the moment. Sorhéhe wave front will be reflected back
into the horn and the rest will be absorbed byabteustic impedance (or transmitted into the
space outside the horn). Spherical reflection iscoonmonly accounted within acoustics but
is anyway possible using a reflecting surface ofstant radius.

) Baffle
Conical hor| . B N p(X) oru(x)

Source
Source

Figure 57 —A conical horn is terminated at the opeing by known acoustic impedance (left)
and is opened into a circular disk (right).

The wave fronts within the conical horn is chardsta by the incident wavp. travelling
outward and the reflected wave travelling backward. The expressions for the sound
pressure and particle velocity are reproduced bdimm equations 17 and 19, with the
reflection factoR from equation 26 included.

p(r,t) = %[exd— ikr)+ R>ex;:(ikr)] ex;:(i Wt)

_p,  l+ikr Cay L-ikr : :
u(r’t)_rrc o expl- ikr) o Roexp(ikr) explint)

The acoustical impedance of the spherical wavefised as:

ZAS(r)_ p(r,t) _rcikr 1+R>exp(2ikr)

“S(ru(r,t)  S(r)1+ikr p. Lok Roex{2ikr)
1+ikr

56

The differences from the previous situation withl@ane wave are that the cross-sectional area
is a function of radius and that the expressiothefparticle velocity is more complicated due
to the near-field correction.
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At the end of the horn where= B is the boundary condition known since the impedanast
equate the terminating impedance.
_ rc ikB 1+ R>exp(2ikB)
ZAT - - :
S(B)1+ikB, ikB-1
ikB+1
The areaS(B) represents the area of the surface through wihiehair particles are moving,

i.e. where radius is constamt<£ B). The opening angle () is given by the conical horn and
the surface area is given by (Westergren, 74):

S(B)=2tB*(1- coqQ)) 57

ForQ = 0 is the horn is closed and the cross-sectiarad is zero and f@ = 90° is the horn
unfolded into a plane disk with arepﬁ. The baffle is removed f@@ = 180° where the area
equals the surface of the full sphere, 8%

R>exp(2ikB)

Using this expression for the area and solvingterreflection coefficient:

7 . ikB rc
ro1tikB T 1+ikB 20B°(1- codQ))
1- ikB 7 4 ikB rc
AT 1- kB 20B%(1- codQ))
At Q = 90° is the horn unfolded into a circular diskpresenting the loudspeaker baffle with

the loudspeaker at the centre. The exponential tepresents time delay and will be ignored
(see comments for equation 27). The reflectionfament for the circular baffle becomes:

7 . ikB rc

R_1+ikB AT 1+ikB 2082

T 1- kB kB rc

Zpet o5

1- ikB 2p0B

This is equivalent to the expression with a plarevevwith exception of the frequency-
dependent terms witkB, which are due to the particle velocity for th&epcal wave.

expl- 2ikB)

58

The previously used assumption of a pressure rafitfe open end; i.e. that the impedance is
approaching zero, cannot be used here since thedamge of the spherical wave front is
itself low at the edge of the baffle for low-frequaées. This can be seen from equation 56
usingr = B:

, rc 1+R
Z,(B) ¥ %@ |k8@1_ = V@ O

A more useful value for the termination impedansaiven by the acoustical loading of a
pulsating sphere with radius. The current application is however not equivalémta
pulsating sphere as shown below where the baffees from the edge. For radius within the
range of the baffle; < B, is the wave front a pulsatin@lf spherewith a surface area given
by 2pr? and increasing topB? at the edge. For radius larger than the baffléusad > B, is
the sphere gradually increasing its area into ¢hat full sphere due to the diffracted wave so
the area is increasing gradually fromr2to 4pr?, which is the core of the reflection idea; the
increase in surface area corresponds to an impedhsoontinuity.
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r < B: Half sphereS= 2pr

_______ r = B: Half sphereS= 2pB?

Baffl \ r >B: Half sphereS® 4pr?

Figure 58 - The wave front is a half sphere for raiis within the limit of the baffle and is

gradually increasing toward the value for a full sghere for radius larger than the baffle.
The conclusion is that the wave front at the edgthe baffle is represented by a pulsating
half-sphere of areapB?, which is one-half that of the pulsating spheretts® terminating
impedance for the baffle with radiBsbecomes:

1 1 iwr 1 _ kB rc

. . =—7 == =
AT 27" 2 4B1+ikB  1+ikB 80B®

The radiation impedance of the sph&kgs given by equation 36.
Insertion into equation 58 the reflection coeffitibecomes:

R= 3 1+ikB - 060 kB® 0
5 3. _ - 59
51+§ikB 100 kB® ¥

It could be argued that the radiation impedanaghanging from half sphere at the boundary
into that of a full sphere and that the terminatingpedance should represent the latter
situation Zar = Z») and using this argument the resulting reflectioafficient becomes:

R 11+kB _ - 033 kB®O
T3 1. - 60
31+;ikB 100 kB® ¥

These equations are plotted below. It will laterdeen that the first model applies well to
measurements while the second does not. This sispfiee assumption that the acoustical
impedance can be represented by the radiation iampedof the half-sphere.

Reflection coefficient Reflection coefficient

: Real value X Real valug
Al e Imaginary value |7 1 s Imaginary valus |7
R - ) —— - Absalute value . — —~Absolute value
ozl B q 02 IR

Reflection coefficient
=]
i
Reflection coefficient

I I I T L L L L I
a 500 1000 1500 2000 2500 3000 u] 500 1000 1500 2000 2500 3000
Fregquency (Hz) Frequency (Hz)

Figure 59 — The reflection coefficient showing theesult of the half-sphere model (left) and
the full sphere model (right).

The model is debatable:
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The derivation is based upon the simplified waveagign for spherical waves thus
ignoring relation tog and,/ . The wave front may be perfectly spherical evethat
highest frequency although high-order modes cast éai kB > 1, which corresponds
to 320 Hz forB = 170 mm and may limit the application of the mlode

A half sphere is not physically realisable.

It has not been proved that a conical horn camii@ded into a circular disk although
the wave equation is not invalidated and it isHertassumed that the sound pressure
is constant throughout the sphere, which is theesamsaying that any point on the
sphere is affected by the presence of an edge &iottder of the sphere.

To conclude, the following value of the reflectiomefficient will be used within this study.

R=- 060 61

The fixed values of the reflection coefficient aslias the full expressions will be compared
to the measurements in the following section tgsuipthe selection.

4.7 Analytical expressions

The diffracted componer; is dependent upon the shape of the baffle, thatilmt of the
point source representing the loudspeaker and lisereation point. The expressions will
start assuming on-axis monitoring using a circbiffle with the point source at the centre of
the baffle. Off-axis monitoring will be consideretthe source will be moved off from the
centre and the shape will be changed into ellignid rectangular baffle shapes.

More complicated baffles become too difficult taide and use so the section following the
elementary baffle shapes introduces a numericabagp.

4.7.1 Circular baffle, on-axis

For an observation point at the axis of symmetry (0°) and at large observation distance
thus allowing use of the above assumption and \waithircular baffle wherd = B, the
expression for the delayed sound pressure becomes:

o k)lzpd
_ e L%y
Py = Poexil- ) - o

The integral is easily computed and the delayedddiecomes:
p, = p, expl- ikB) 62

The delay function is modifying the phase of thgnal but leaves the amplitude unchanged,
so strong interference must be expected at thenadigen point. Inserting into expression 50
gives the result for the circular baffle:

pe = p, + Reexpl- ikB)p,
ps = (1+ R)>exp- ikB)p,

A plot is shown below using fixed values of thel@efion coefficientsR = —0.60 is shown to
the left and is seen to apply reasonably well ®rtteasurements, whike = —0.33, which is
shown to the right, starts above the correct lanel the ripple amplitude is far too low.

63
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Fixed reflection coefficient R = -0.60 Fixed reflaction coefficient R =-033

Amplitude (dB)
Amplitude (dB)

Model
Measurement

Tlodel
Measurernent
T

I L
10 10° 10 10° 10° 10*
Frequency (Hz) Frequency [Hz)

Figure 60 — On-axis response with two different vales of the reflection coefficients.

The full expressions of the reflection coefficieate used for the plots below where the main
difference is the high-frequency end, where thieotibn coefficient is approaching —1.00 for
both models thus seriously increasing the ripplglaaode. It is obvious that this behaviour
cannot be used as a model thus voting in favoarfofed value.

“ariable reflection coefficient R =-0.60 .. -1.00 ariable reflection coefficient R =-033 . -1.00

Amplitude (dB)
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Madel
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Frequency (Hz) Frequency (Hz)

Figure 61 - On-axis response with the reflection edficient given by equation 59 (left) and
equation 60 (right) showing far too much high-freqency signal being reflected.

The model includes an estimate of the radiatioo ihe rear side (shadow zone) and plots are
shown below using the fixed values of the reflactoefficient.

Fixed reflection coefficient R = -0.60 Fixed reflection coefficient R =-0.33

SRV TA Y IR s mow

n
n

Amplitude (dB)
Amplitude (dB)
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Iadel Iadel
Measurement Measurement
25 L L 25 L L
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Frequency (Hz) Frequency (Hz)

Figure 62 — Rear-side response with two differentaflection coefficients.
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According to equation 28 is the transmission coedfitT = 1 +R = 0.40 so the response for
the rear side is estimated to —8 dB without depeoyléo frequency. The corresponding level
for R = 0.33 isT = 0.67 or a level of —3.5 dB. Neither responseagect butR = —0.60 is
close to the measured low-frequency level althahghpeaks around 500 Hz and 1.5 kHz are
missing. The plot foR = —0.33 is too high in the low-frequency level Bitorrect at 500 Hz
and 1.5 kHz, which is considered a coincidence. fiifs¢ value is the most correct for an
average evaluation throughout the frequency spacfuewed by eye).

The rear side response is shown below using theefpiressions from equations 59 and 60
but neither model can correctly model the spectofithe transmitted signal. It is obvious that
the expressions are over-estimating the refleaiomgh frequency thus again indicating that
a fixed value is to be preferred.

Figure 63 — Rear-side response with variable exprs®ns for the reflection coefficient.

The difference between the calculated and meaduegdency responses are shown below
for the two fixed reflection coefficients (frontd& responses). Both curves depart from the
ideal but the curve witR = —0.60 is close to 0 dB difference for middleginency where the
curve with a reflection coefficieR = —0.33 is offset 2 dB throughout the middle frexcy
range. The first curve oscillates around 0 dB ghhirequencies where the second curve
oscillates around the 2 dB offset value.

Fixed reflection coefficient R =-0.33

Amplitude (dB)

Difference
T

.
w0’ 0 10

Frequency (Hz)

4

Figure 64 — Difference between calculated and measud frequency responses using the fixed
values of the reflection coefficient.

All in all, the best fit is the fixed reflection efficients of R = —0.60 since both the front and
rear sides are most accurately modelled.
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This baffle is comes into play aroukd = 1 where the phase of the reflected signal is
changed 90° from its initial value thus is definitig cut-in frequencyaround 320 Hz for a
baffle radius oB = 170 mm. The delay is one-half wavelengtkBt (some 1 kHz) where
the direct signal combines with the reflected sigmihout loss (constructive interference)
thus forming the firspeak frequencyThe delay is one wavelengthld® = 2 (2 kHz) where
the reflected signal is again in anti-phase witk thirect sound resulting in destructive
interference, which is the firgip frequencyThe characteristic frequencies are:

c c c

fCUT- IN :ﬁ fPEAK :Ev fDIP :E 64

The response ripples up and down at higher freqesnc

4.7.2 Circular baffle, off-axis

Distancer; is constant only for on-axis monitoring with actilar baffle thus indicating the
need of analysing other observation angles. Ttatioal ofr; to the observation angle will be
calculated using the figure below, which shows steay with a circular baffle. The drawing
to the right represents a projection to xzglane.

Sound source ¢ =0°

Observatior
z point z B Xo
0 o r o EZO r
o 1
y

— H
/— B dp H

~ [ X dp X

Figure 65 — Estimation of distance r as function of the observation point expressed by.

Line segmenk is the projection ofg to thez-axis and line segmerg is determined from the
Pythagorean law for the right-angled triangle fodrbg the line segmentgs, B + X andry.

g =(B+x) +2 B+X =I5 - % =\lg-%-B
Sincez = rocos(g) we have:

X =loy1- cos(g,) - B=rysin(q;)- B

Distancer; can now be defined for the triangle formed bylthe segmentsz, xo andr;:
W =K+ 2
= \/(ro Sin(%) - 8)2 + (ro COS(%))2

= \/ro2 sin?(g,)+ B - 2rpsin(g,) + 17 cos'(gp)
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Using the relation sitx) + co(x) = 1 and moving distance outside the square root, this
can be simplified to:

2
r, :ro\/l+ B ZrEsin( )

rO 0

Assuming thaB/r, is small enables us to approximate the squarebptie first two terms of
its power series expansion (Westergreen, 196).

L Fimax > To 1irESin(%) , B<<r, 0<g,<90° 65
0

The equation applies to the front side only, icg. § from 0° to 90°, and does not include the
effect of angle . Changing from 0 to 180° corresponds to changindgrom positive to
negative, which is reflected by the plus/minus sigor; can be larger or smaller thapn For

o = 90°, i.e. at the edge of the baffle, and vBth, = 0.1, we get the valugyn = 0.90ry,
andrivax = 1.10rq, which indicates that the changeriris moderate for a typical set-up.

If we — for the sake of simplicity — assume thadtaincer, is changed linearly fromy to
rimax for moving from 0 to and that the distance is again changed lineaidtik bar v
for moving further from to 2 , we have the following relation:
Fane (T = T )/— 0</ <
IMIN IMAX 1IMIN p ./ p
r, = .
/ .
2rlMAX aRLETY N (rlMAX - r1M|N)I; pP</ < 2,0

Insertion of the limiting values from equation G&¥laassembling terms:

1+ %-1 rEsin( ) r, 0<j <p
0

g
1

1+ 3- 2L Baing)r, p<j<2p
p T

Using equation 53 to get an expression for the dguassure of the reflected wave:
1 p 2, 2p 2/
p, =exp- ikB)— exp - ikB Z--1 sin(g,) d/ + exp - ikB 3- =L sin(g,) d/ p,
0 P » P

The integrations are evaluated and the terms asrdsed into:

o, = extl- ikB) exdikBsin(gﬁzl)B-Sien?i-) ikBsin(g,)) o,

Using Euler’s formula for the sine function (Wesien, 62) the equation for the reflected (or
diffracted) signal can be written:

o, = exql- ikB)sin(kBsin( )

kBsin(g, )
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Hence:
p, =exg- ikB)sindkBsin(g, ) p, 66

The sinc function is unity for zero argument, which is awl frequencies where the
interference is at its maximum, and decays towagtb Zor increasing argument with
oscillations around zero (see Figure 110). The ylagaamplitude is thus reducing the
interference at high frequencies.

For an observation point right at the axis of syrmgné o = 0) is the sinc function unity and
the result is simply a signal delayed by the sizthe baffle and the result is identical to the
previous result for on-axis.

The result for the front and rear sides of thelba#f plotted below for a circular baffle with
radiusB = 0.17 m radius and 30° off-angle.

Figure 66 — Amplitude response for an observationragle of 30° for the front side (left) and
the rear side where the measurement at 150° was assas reference (right).

The expression models the broad outline but migeespples at high frequency.

The lowest frequencies are some 2 dB higher thimuleded due to the missing second-order
effects and the peak around 1 kHz is 2 dB more qarooed within the calculated response
than within the measurements. However, the ovebalaviour of the baffle is modelled
reasonably well despite the visual differences betwthe calculated and measured responses
especially at high frequency.

The first zero where the sinc function suppredsedliffracted signal occurs at:
f=_ &
° " 2Bsin(g,)

The zero frequency is 2 kHz a§ = 30° and is reduced to 1 kHz at= 90°. The resultant
front side response is unaffected by the baffléhatzero frequencies since the interference
from the diffracted signal is removed at these derggies so the amplitude crosses the 0 dB
grid here. The 2 kHz zero frequency is easily seghe rear side plot.

kBsin(g,)=p

The rear side response is not correctly modelledHsuaverage response is reflected although
the zero frequency is around 1.5 kHz within the sone@aments.
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4.7.3 Elliptic baffle, on-axis

The derivation ob(;) for the elliptic baffle follows the same route \was shown above but
the derivation is not trivial and has been moveth®appendix (section 1.1) where a general
approach for the determination of the effect oftthéle is developed.

It is obvious that an elliptic baffle can be regadda projection of a circle onto a plane tilted
relative to the plane of the circle and this resuitthe below equation for 30° of tilting (note
the similarity to the above off-axis model althoutje parameters have been changed). The
delay is reduced to 81 % of that of the off-axisdelosince the delay represents the average
value between long and short. The sinc functiomase than halved compared to the off-axis
model thus increasing the zero frequency accorgingl

p, = p, exp(- 081kB)sind 0.19B)

The model is compared to measurements below usiittg@ circular baffle as the reference.
The left figure shows the response on-axis forftbet side and the right curve represents the
shadow zone, i.e. the rear side spectrum. The memasnts were a circular baffle tilted 30°
for front side and 120° for rear side. The agredn®measurements is not as good as for the
circle, and there are two reasons for this; fifsalbthe simplicity of the model and secondly
the difference between regarding the ellipse aggtmn of a circle and the true expression for
a tilted circle.

Figure 67 — Front-side and rear-side for the elligt model using 30° projection angle.

The on-axis response is not as close to the meh&@guency response as the off-axis model
displayed above although the model can be usethbuear-side response is useful only up to
300 Hz with very large differences from the meadussponse at frequencies above 1 kHz.

An equation for the tilted circular baffle is degtVin section 7.2.6 and is for 30° of tilting
identical to the derived model for off-axis monitg at 30° so the plots will not be shown but
the conclusion is that the result of either theaofis model or the tilted model is far better
than the projection model; but this should not ssgsince the projection model does not
take the change in delay time into account.
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4.7.4 Circular baffle with offset source

The equation for a baffle with an offset sourceasived in the appendix for the general case
of an elliptic baffle (see section 7.2.7). For tireular baffle the equation becomes:

o} =P exp - ikB 1- da sinc kB% +exp - ikB 1+% sinc kBE , dg -D
2 4 4 4 4 B

The sound pressure will be calculated o= 50 mm, which corresponds to 30 % of radius,
and forD = 100 mm, which corresponds to 60 % of radius. ddpeations become:

P, :%[exp(- 093kB)sind 022kB) + expl- 122kB)sin 007kB)], for D = 5cm

P, :%[exp(- 085kB)sind 044kB)+ ex(- 144ikB)sind 015B)], for D =10cm
The results are plotted below where it is intergsto see that the offset suppresses most of
the high-frequency oscillation leaving only a dipleb kHz. Fairly good agreement is seen for

the measured response with moderate offset (5 erasaonding to 30 % of radius), while the
larger offset of 10 cm (60 %)) fails at the 1.5 ki frequency.

Figure 68 — On-axis response for circular baffle wh source offset 5 cm or 10 cm.

The difference between the calculated and meadtegdency spectrum is shown below for
the offsets and the calculated responses are withaB of the measured responses.

Figure 69 — Difference between calculated and measd frequency spectrum.
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4.7.5 Rectangular baffle with offset source

The rectangular baffle is harder to model thanciheular and elliptic baffles but the result is
more useful since the vast majority of real baffies rectangular. The modelling problems
lead to the requirement of numerical calculatiorthrods, which follow in the next section.
The equation for a rectangular baffle is derivedhe appendix (see section 7.2.9) using a
very simple model with baffle size 1B%igh by B. ForB = 170 mm this corresponds to a
baffle with the measure 200 mm by 340 mm.

p, = poéexr(- ikB) exp(- ikD)+ Zcosk—ZD sinc k_2D

For an offset oD = 0 the model becomes the equation for a cirdoddile, thus illustrating
the lack of model complexity. For an offset onef ik distance from centre to the edge
along the long side we have:

p, = pO%exd- ikB)exp(- 050kB)+ 2co025kB)sind 025kB)|, for D =85mm

The resulting on-axis response is shown below tagetvith the difference between model
and measurement.

Figure 70 — Front-side response (left) and differeze from measured response (right) for
rectangular baffle (200 mm by 340 mm) with sourceffset 85 mm.

The implemented model is not sufficiently complexr¢present all details of the rectangular
baffle but the model is anyway arous8 dB of the measured response. It is possible to
increase the complexity as shown in the appendikti®e workload involved is not justified
unless an analytical expression is indeed required.

4.7.6 Conclusion

The method presented so far results in a simplé/ace function consisting of one or two
delay terms and ripple functions build from the pbex exponential and sinc functions. The
expressions can reproduce the broad outline offrdguency spectrum such as the low-
frequency 6 dB reduction in amplitudiegs of bagsand approximate the amplitude of the
ripple at the higher frequencies; but the modedsrant accurate. The expressions may prove
valuable for implementing into an analytic functidescribing the loudspeaker within a baffle
but more accurate models will be required for otlygplications and this is the objective of
the following section.
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4.8 Numerical simulation

The edge diffraction model is well-suited for numal computations allowing increased
accuracy and larger freedom for selection of olet@m distance and observation angle. The
following implementation is intended for use witHlWATLAB using the fast execution of
vector arithmetic. The model will be enhanced gedigiias the implementation is progressing
and the model is including more information.

A point source is used to represent the loudspeaakesravoiding blurring of the results due to
the size and directivity of the loudspeaker. Therse is assumed located inside the boundary
and a number of point sources are located alongdle to represent the shape of the baffle.
The observation point can be located anywhere withe half-space in front of the baffle for
calculation of the front-side spectrum or behind thaffle for the rear-side spectrum. The
algorithm does not produce the correct simulaticih@ edge of the baffle (80

The sound pressure at the observation point censighe direct signal from the main sound
source and a finite number of contributions from ploint sources located along the edge. The
model below shows the definitions used for the rhadeéng a rectangular baffle but the
model can use almost any shape.

y ' /

’_T_ dp(Xn+1,Yn+1,0) bn+1

Ld, .,
(]
’_L dp(Xn¥n,0) "

YB

03, Observatior

X > (%p,Yp,zp) point
0 Xs XB 0

Po(Xo,Y0,0)
0 i

z
Figure 71 — Definition of the coordinate system uskfor the model.

The direct signal is given by equation 35 since itihedel assumes the loudspeaker being
represented by a point source above an infinitlebahd the resulting sound pressure at the
observation point at distancgfrom the source is:

tkreg exd— ikro)

Po = p(l’o): >

0

The source will be located atyf yo, 0), and the observation point is locatedxat Yp, zp), SO
the distance between the source and observatiom ipecomes:

'y :\/(XP - Xo)2 +(yp - YO)2 + Zﬁ 67

Radiation from the edge is represented by a numigoint sources calleeldge sourcesach
representing a line segmeftl, as shown in Figure 71 where line segmeiiegins at edge
sourcen and extends to edge source 1 with distancd, to the starting point. The effective
length of the line segment is given by the angl¢hefline segment viewed from the source
and this angle will be called . All segments along the edge of the baffle aréunted when
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the sumbDj, + Dj, + ... + Djn equals P so the sound pressure at the observation point fro
the edge source associated to segmerits proportional to0j/2p in full analogy to the
derivation of equation 52. Hence, the sound presom edge sourae

ikrcq , D/

Dp, = ———expl- ik(b, +1,)) 5= 68
2p(b, +1,) 20

In this equation are the parametbysr, andDy, to be defined.

Edge sourcen is located atX, yn, 0) and the main source is located x Yo, 0) so the
distance from the main source to the edge source is

bn = \/(XO - X, )2 + (yo - Y )2 69

It is possible to include thecoordinate in order to model baffles with curvedface.

The observation point is assumed locatedkatyp zp) so the distance from edge sourc®
the observation point is:

=y (%o - X, + (Ve - v, )+ 22 70

An expression is required for the angle occupiedhgyline segment and this is calculated
from the length of the line segment associated thighedge source:

an = \/(Xn+l - X )2 + (yn+l - Ya )2 1

For the last point ig€dy calculated using, = Xy andxy+1 = X3, which is the distance from the
last point to the first thus closing the curve freqio xy back to the starting poimt.

The angle that line segmeftl, is occupying viewed from the source is given by ldw of
cosines for the triangle formed by the lingsndb,.; (Westergren, 68):

Dd? =b? +b2, - 2b.b. ., codDy ,) 72
Hence the segment angle:

. b? +bZ, - Dd?
D/ , =arccos+————~
2b.b

n-n+l

73

Assembling the above information, the sound pressamd the corresponding transfer
function at the observation point for the frontesigdiationpr and similar for the rear side
radiationpg becomes given by:

N N
P =P +R  Dp, HF(f)=1+R 2,
n=1 n=1 po
N N Dp
Pr = po(1+ R) Dp, HR(f)=(1+ R) —
n=1 n=1 po

Here isN the total number of edge sources &g the reflection coefficient. The expression
to the right have been normalised to the direchdainrough division witlpg thus defining
the transfer function of the baffle. This is a fneqcy-dependent and position-dependent
factor describing the alteration of the free-fislmlnd pressure from an undisturbed spherical
source (above a reference plane) due to the presgribe loudspeaker baffle.
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Insertion of the expressions f0p, andpg gives the transfer functions for the font skdleand
for the rear sidéig:

_ 1N % .
HF(f)—1+R2p b expli[r, - b, - r.])0y

(1+ R)% ) b Ii:)_r exr'(ik[ro_ bn - r.n])D./.n

n=1 ~n n

74

He(f)

The parameteny, by, r, and Dy, are defined above, the frequency is representéd=bgpf/c,
the total number of points along the edghlis 1 and the reflection coefficientis= —0.60.

Any selection of coordinates for the edge soursedlowed but the distance between any two
points should be small compared to wavelengtlik/Zh < 1 defines the frequency limit:

c 5 cN
20Dd,  2pC

The approximation applies & equidistant points along the edge with circumfeegh For a
baffle with measure 200 mm by 340 mm the circumfeeeis 1.08 m and using 16 points the
upper frequency limit becomes 800 Hz so 200 paanésrequired for calculation to 10 kHz.
For the on-axis response are the segments at apm@ety the same distance from the
observation point, which may reduce the requiremimer of sources as will be shown below.

f< 75

The implementation to follow calculates 6401 meament points from 0 to 12800 Hz using
steps of 2 Hz. Each step consists of complex calioms for vectors with the size given by
the number of edge sources and for 200 sourcaseisetquirement more than one million
calculations so relatively long computation timeswexpected. However, the time required
were five seconds for calculation of the full freqay spectrum including two seconds for the
output plot thus showing the power of the MATLAB ¢mmge. The computer was Intel
Pentium 4 running at 2.4 GHz and equipped with MB§te of RAM.

4.8.1 Examples

The calculation can be performed with few segmelnis to the high degree of symmetry,
which can be seen below where the left-hand plosisg only two edge sources but produces
the same result as the right-hand plot using 2@@ sdurces.

Figure 72 — On-axis frequency spectrum for the cinglar baffle using 2 point sources (left)
and 200 point sources (right) at, = 1.41 m distance to observer.
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More edge sources are required for off-axis momtpas can be seen from below where the
30° tilting of the baffle creates am elliptic shapashequiring more edge sources.

Figure 73 - Frequency spectrum at 30° for the circiar baffle using 4 and 200 point sources.

The responses for 60° and 90° differ somewhat fiteenmeasurement but peaks and dips are
modelled correctly. The direct signal is too lowdaage observation angles.

Figure 74 — Frequency spectrum at 60° (left) and 9(right).

The rear-side spectrum is plotted below usingHefunction from equation 74 where the
diffracted signal is modelled as the transmittephal. There are large differences.

Figure 75 — Rear-side frequency spectrum at 120° dril50°.
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Figure 76 — Rear-side frequency spectrum at 180°.

The prediction of flat rear-side spectrum at —8fdB180° is far from being correct although
the measured spectrum is more or less flat upkidZBwith an average value around -5 dB so
the simulation is 3 dB low and without the detaile tilted responses at 120° and 150° are
some 5 dB low for frequencies below 1 kHz but tsbgpw approximately correct cut-off and
peak frequencies so the broad outline is correct.

4.9 Higher-order diffraction components

The model used so far includes only one reflectiom the baffle although there are several
pulses in the impulse response corresponding tonskecrder and higher order diffraction
components (Vanderkooy, 929-931).

4.9.1 Second-order diffraction component

Below is sketched the construction of an idealisedulse response whem is the direct
signal from the source, which is arriving at thesetvation point at tim&. The signal from
the source reaches the edge after a short delatodiistanceB from the source to the edge as
the first-order diffraction componept, which is defined as follow for a circular bafflgth
the source at the centre:

P = EX[:(— ikB) Po

This signal is at the edge divided into a reflecdigghal of amplituddrp, which is arriving at
the observation point within the front side at tithand is causing the interference studied in
the previous section; and also a transmitted sighamplitudeTps, which is arriving at the
observation point at timig within the rear side (shadow zone) as the rea-diffraction also
studied previously.

The reflected or transmitted signals may travehgleither side of the baffle but only the
contribution from the front side will be consideraere so the reflected sigrip, is assumed
to travel from the edge toward the opposite eddk aisecond delay related to distanBe 2

Hence, this second-order diffraction component bee
p, =expl- 2ikB)Rp
=exp(- 3kB)Rp,

This signal is at the edge divided into two conttibns, a signal reflected into the front side
of amplitudeRp; and a signal transmitted into the rear side ofldaute Tp,.
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Figure 77 — Graphical construction of the resultantimpulse response for a circular baffle
where only the signals travelling along the frontisle are implemented into the theory.

Assembling the fragments we arrive at the followepressions for the two sides of the
baffle:

Pr =P, tRp +Rp,
Pr=Tp +Tp,

This is in contrast to Vanderkooy who assumes itisé-drder diffracted signal to be radiated
in any direction from the edge and thus energishreg other edge sources so the resultant
radiation becomes blurred. The present model asstiraethe signal is partially reflected and
transmitted and as such can only move back ani,foet along radius for a circular baffle.
This assumption may not hold in real life but tleeand-order diffraction is a correction to
the model and is not the core of the model.

76

Inserting the expressions for the circular bafile, get:
p. =[1+exp- ikb)R+exg- 3kb)R?]p,
pe =[1+exd- 2ikb)R]exd- ikb)Tp,
A generalisation from circular baffles into any ftefshape is possible using the previous
division of the edge into short sections each wligtanceb, from the source and distaneg
to the opposite side of the baffle. The derivatibrihe second-order diffraction component

begins with the first-order diffraction componewhich was estimated in equation 68 and is
reproduced below:

77

ikrcq . D/,
—Zp(bn N rn)exd |k(bn +rn)) o

The termikrcg/2p is due to the point source located at the cenfreghe baffle; the
denominatom, + r, is the distance from the source to the observagtimint, which is also
observed within the exponential as a factor colmiglthe delay and)//2p is the fraction of
the edge occupied by the line segment from edgeesauo edge source + 1.

D —
Doy =
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The sound pressure from an unobstructed point safsove an infinite baffle and at distance
ro to the observer is:

ik )
P = Iz,f;q expl- ikr,)

0

Using this, the expression for the first-order @ifition component can be written as function
of the unobstructed point source:

o - D/
b = 2 ewli(e -5 1) Lo

The first-order diffraction component is an atteiedaand delayed replica of the original
sound from the main point source (the loudspeakdrg amplitude and phase are changed
due to the increased distance and the amplituderiber scaled by the size of the line
segment.

The model of second-order diffraction is relatihg tifferential source to the sound pressure
from the corresponding first-order diffraction cooment, so it is reduced in amplitude and
delayed due to the added edge-to-edge disytoetween the edge sources, into:

Dp? = bt e eXIO( ike )Dp(l)

b, +r1,
__b+r, RN o/
T te exp(- ike )bn e explik(r, - b, - r.)) 25 P
— o h o . D/
mexp(lk(r b-r -e)) 25 P

Using equation 76, the sound pressure for frord sidhe baffle becomes:

N
p- =P+ (RORY +R°DpY)

n=1

R D/,
=p | Rp k(- b, ) e,
R ok b e ) e
=pt RO R el ika) exlk- b, 0) 22 b
= P +R:1 1+ R%exd- ike,) bnrirn explik(r, - b, - r.)) 2/; B

The expression to the right of the parenthesibasfirst-order diffraction component and the
parenthesis contains the frequency-dependent @dterdue to the second-order diffraction
component. The summation is thus changed from titeli form (1 + Hi)po where H;
represents the frequency-dependent alterationaltleetfirst-order diffraction components to
(1 + (1 +Hx)H1)po whereH; represents the frequency-dependent alterationaltiee second-
order diffraction components.
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And similarly for the rear side of the baffle:

_ " O L 12ma@ )T b, +1, : ®
pR - (Tq)n +T Dpn )—T 1+TmeXd' |ken) Dpr.|
n=1 n=1 n n

Using equation 74, the transfer functions become:

1N b + . : )
HF (f ) =1+ Rz o 1+ Rﬁe)@(' |ken) bn r_?_ r exli(lk[ro - bn - rn])D./ n
78
1N b, +r, . o . R .
HR(f)—T—zp . 1+T—bn T te exd |ken) b +T exp(lk[ro b, rn])D/ n

The transfer coefficient i = 1 + R and the edge-to-edge distangewill be selected
somewhat arbitrarily using “the most distant painthich is assumed to be the distance from
edge sourca to edge source + N/2 in order to get something easy to implementsThian
acceptable assumption since the second-order diffirais not a significant source of sound
but merely a correction to an existing model.

The relation for the distance between opposite edgeces are defined as:

en:\/(xn+N/2- Xn)2+(yn+N/2' yn)2 n=l N/2
en:\/(xn-le' Xn)2+(yn-N/2_ yn)2 n=N/2 N
The equations were programmed into the MATLAB pasgrasEdge diffraction model.2

4.9.2 Examples

The results are shown below for the circular baffigh the source at the centre and the
distance = 1.41 m to the observation point.

Figure 78 — Front side frequency response with twdiffraction components.

The inclusion of second-order diffraction composestclearly visible. At the low-frequency
end is the level increased from —8 dB to —3 dB,clvhis over compensating the response but
this will be corrected when the third-order diffiao components are being included in the
following section. The same argument applies tdakefrequency end of the simulations for
30°, 6C° and 90. The result is fair at medium and high frequenée$°® and 30.
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Figure 79 — Front side frequency response with twdiffraction components.

Simulation at 60 and 90 are too high, which is a general statement foraaf§ modelling
with the model. Although the simulation for%® fair; the simulation for 90is not.

The rear side model is used to modet B9 specifying 91 to trig the model selection code
but using the rear-side model is far from an improent. However, the response for 1B@s
much of the measured response although the lemeMison the low side.

Figure 80 — Rear side frequency response with twdftraction components.

The simulation for 150 is surprisingly good when compared to the othear-side
simulations but the simulation for 18 not of much use.

Figure 81 — Rear side frequency response with twdftraction components.
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The second-order diffraction component was an ivgmeent despite the assumptions made
during the development in order to simplify theaaithm. Inspired by the progress, the third-
order diffraction component will be considered.

4.9.3 Third-order diffraction component

From the previous section we have the first-ord#ragtion component defined as a scaled
copy of the direct signal with the amplitude sogldue to the distance being increased from
the direct path from source to observej) (o the path via the edge sourd® ¢ rn) and
delayed relative to the direct signed £ b, —ry):

w=_T - D/,
=—2—expiklr,- b, - r
Dpn bn+rn d (0 n n)) 2,0 pO
The second-order diffraction component is atterdiatee to the distance being increased
from b, +r,to b, + r, + €, wheree, is the additional distance from the edge sourdhdaedge
source at the opposite side of the baffle and @elale to the same distance:

b, +

—exp( ike, )opy”

@ —
Dp, b +1

Consequently, the third-order diffraction componeetomes:

b, +r,+e,
@ — ()
Dp, b 1 +2e exp( ike ) Dp,
b +r .
=—n _n_ eaxp(- 2ike )Dp®
b +r, +2e p( ) Pn

Using equation 76, the sound pressure for fror sidhe baffle becomes:

N
p. =P+ (ROp® + R°Dp® + R*Dp®)

n=1

Inserting the expressions for the diffraction comgts:

N b, +r :
= + @ + 2 n n - @ +
b =P ROpY+RE "2 exd- ke 0p;

n n

b+

s_ DT oyl oik
b+ g XA 2ke,)op”
N b +r . b, +
=p,+R 1+R———"—exp- ikg, )+ R ———
pO n=1 bn+rn+en F( e”) b +r +2

N b +r b

— n__ 'n ht ®
_pO+Rn=1 1+R bn+rn+en+Rb ey expl- ike,) exd- ike,) Dp}

expl(- 2ike,) Dp®

The summation consists of the original terms fdcwation of the first-order diffraction
component with the expression 1R...)exp(+ke,) included as a correction due to the
presence of the second-order and third-order diffsa components.
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Using equation 74, the transfer functions become:

_.. RN b, +r, b, +r, +e, - »
HF(f)—1+En:l 1+R b +1 +e +Rbn+rn+Zen exp( |ken) exd |ken)

.0 o .
b +rn eXdlk[ro bn rn])D/n

n

T " b, +T, b, +r, +e, . :
= 1+T n_n _+T-"n 1 exp- ik exp- ik
2 e b d- ike,) exd- ike,)

. Iy . ) ) .
b +r eXF(lk[ro bn rn])D/n

n n

He(f)

The equations were written Exge diffraction model @nd the result is shown below.

4.9.4 Examples

The third-order diffraction component corrects kbw-frequency level and reduces the high-
frequency ripple amplitude for simulations ¢fdnhd 30 observation angle.

Figure 82 — Front side frequency response with theediffraction components.

Simulation of 60 and 90 are improved at the low-frequency end but the fiigquency level
is too high and the asymptote for°’3@ward the high frequencies is wrong.

Figure 83 — Front side frequency response with theediffraction components.
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The rear side is only slightly improved.

Figure 84 — Front side frequency response with theediffraction components.

Figure 85 — Rear side frequency response with thragdiffraction components.

The analytical expressions proved insufficient wites source was offset significantly from
the centre of the baffle so the behaviour of theneical simulation will be investigated. The
observation point for the simulation was kept fixa@dl.41 m from the centre of the circular
baffle with the source being offset along the pesitirection of they-axis.

Figure 86 — Frequency response with source offsetad 3 cm.
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Small offsets are modelled correctly, allowing fave or two decibels of uncertainty. The
notch frequency is changed slightly for the firstr8 offset and this is correctly modelled.
The result below for 6 cm and 9 cm offsets corragigdo approximately 50 % of radius.

Figure 87 — Frequency response with source offsetcén and 9 cm.

Offsetting the source to 6 cm removes the dip pt@pmately 2 kHz and at 9 cm is the dip
changed into a small peak and these changes areedliscted by the simulation. The high-
frequency ripples of the measurement are not medeh details but the broad outline is
reproduced satisfactory.

For offsets at 12 cm and 15 cm is the slope frof 8@ to 5 kHz slowly changing and the
simulation reproduces this with peaks and dipshatright frequencies although the ripple
amplitude is less than within the measurement.

Figure 88 — Frequency response with source offse2 tm and 15 cm.

However, increasing the offset to 18 cm amd 25 ammses problems but the simulations are
related to test pointeutsidethe border of the baffle. Despite the simulatioroes are the
location of peaks and dips correct but the oveslalbe is not and the simulated level is on the
high side.
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Figure 89 — Frequency response with source offse8 tm and 25 cm.

The agreement with the measurements is quite aetisf when the source is located within
the limits of the baffle but the algorithm cannotept a source outside the edge of the baffle.

Measurements with the rectangular baffle are coaiparto the previous measurement using
a circular baffle and the figures will not be rejeor The simulation is generally correct f6r O
and 30 observation angle and even°88 simulated quite well although 9% not; the level

is almost 5 dB higher than the measurements. Thermmts to the rear-side simulations are
equivalent to those of the circular baffle.

Offsetting the source on the rectangular baffleegates the following outputs where the
observation point is on-axis with the centre of iadfle k» = 0.10 m andp = 0.17 m) and
rhe observation distance was 1.41 m with the measemt corrected according to the
description within théVleasurementhapter.

For position 1 (see section 3.5.2 for the definitizas the source (loudspeaker) positioned at
the centre of the bafflex{ = 0.10 m,ys = 0.17 m). The simulation is shown below together
with the difference between simulation and measergrand this shows that the simulation is

within £3 dB up to 3 kHz andi4 dB throughout the frequency range.

Figure 90 — Frequency response with rectangular b8é and test point at position 1.

For position 2 was the source moved 50 % down albagertical axe thus corresponding to
the typical location for small two-way loudspeakexes ks = 0.10 mys= 0.085 m).
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Figure 91 — Frequency response with rectangular b8é and test point at position 2.

For point 3 was the source moved 50 % along thedmtial axe to a position often seen used
for the treble unit for small two-way loudspeakexbs ks = 0.15 mys = 0.085 m).

Figure 92 — Frequency response with rectangular b8é and test point at position 3.

The results are quite satisfactory with most of siraulation withint3 dB relative to the
measurements.

4.9.5 Reflection coefficient reviewed

It seems that the simulation has become slightlyd&r’ so the effect of a minor change of
the reflection coefficient value will be tested hwithe reflection coefficient changed5 %
and the result is shown below. The curve for thve-donplitude value (-0.50) is smooth and
come close to the measurements while the high-&amlglivalue (—0.70) is obviously wrong.
For comparison is the result using the current e/gh0.60) slightly on the high side (see
Figure 82); however, it is the correct choose wtienmodel is using first-order diffraction
(see Figure 72).

The conclusion is that an optimal value (for thaifles) will be within the range:
- 050£ R£- 060 80

The value used by Bews & Hankford and by Urban.asa-0.50 and Wright reports —0.58 as
result from a simulation run. The value used by d&kooy is within the range for source to
observer angle via the edge of @< 67, which dictates very short measurement distance so
his typical value is higher.
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Figure 93 — Frequency response using reflection dfieient —0.50 (left) and —0.70 (right).

The Rayleigh theory used by Bews & Hankford (ecquat#9) can be written in a more
appropriate form (Urban, 1045):

1 40

2 4p-g

The interior wedge angle ig = 2p for an infinite baffle where the reflection coefént
becomesk = 0 so there is no reflection from the non-existearder;g= p for a boxlike
cabinet whereR = —0.33, which indicates that 67 % of the sigsatransmitted around the
edge to the shadow side; age O for a thin baffle wher& = —0.50 so 50 % of the signal is
reflected back into the front side and 50 % issnaitted to the shadow side.

According to the present work should the facton‘front of the equation be a parameter with
a value given by equation 80.

4.9.6 Loudspeaker directivity

It was the intention to model the behaviour of biadfle alone and not to include the effects
related to the loudspeaker, such as its directasity smearing. However, the model can easily
be modified to include a model of the loudspeaRére directivity can be described as the
diffraction caused by plane waves travelling thtowgcircular aperture (see section 5.1.1),
which gives an analytic expression of loudspeakesctvity.

The dependency to observation angle is describenigh the following equatiom is the
observation angle with°Gor loudspeaker on-axis:

F(g)= 2J,(kasin(g))

kasin(g) o

This model must be included at two places. The fiface is to affect the direct sound from

the loudspeaker, which is described by funcfidg) for the selected observation angle and
where on-axis corresponds Eg0) = 1 and is independent upon frequency. Thersbptace

is to affect the sound that is propagating towel liaffle edge and this is described through
F(90°) with strong dependency @ since the sine function is unity.
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The transfer functions used for the above plotseweritten into the MATLAB program as
Edge diffraction model dsing the following algorithm:

_ R b, +r, b,+r, +e, » .
HF(f)_F(q)+|:(o)En:l 1+R bn+en+rn+Rbn+rn+2€n expl- ike,)
I LT .
vy explik[r, - b, - r.])D/ |
82
_ T N b, +r, b, +r, +e, u ,
HR(f)—F(O)an:1 T e T expl- ike,)
bnr'?‘rn eXF(ik[rO - bn - rn])Djn

Execution time was increased to 20 seconds dueetaddition of the Bessel functions.

The result fora = 0.1 m corresponding to an 8 inch bass loudspeakshown below for the
on-axis (0) and off-axis (30) responses and compared to the existing measutemen

Figure 94 — Frequency response with loudspeaker dictivity included within the model.

The reduction in high-frequency ripple is easilysetved and indicates that the effect of the
baffle is reduced at high frequencies. A loudspeakelirective forka > 1 corresponding to
frequencies above 550 Hz where radiation is gragllb@lcoming concentrated along. 0The
model can not be expected valid at the highesufrgies since a real loudspeaker will suffer
from break-up for frequencies aboka » 2p where the wavelength is comparable to the
circumference and this corresponds to 3.5 kHafer0.10 m.

4.9.7 Fourth-order diffraction component

There is a simple scheme for addition of fourthéordiffraction components or even higher
corrections but this is not required and it will shgrobably not cause any improvement of
the simulation. There are two reasons for this.

First of all is the level of high-order diffractimomponents scaled I so the level becomes
reduced with increasing order. The amplitude sgalim R' = —0.60 for the first-order
diffraction componenﬂ,:x’2 = 0.36 for the second-order component Rh¢ —0.22 for the third-
order component. There is no reason to includednighder diffraction components since the
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next scaling factor becomé® = 0.13 so the correction is limited #13 % ¢1 dB) when
related to the direct signal.

Secondly, the model is approximate and assumesthieatiffraction components can be
described through one edge source per edge saexciiere are no phase spreading so signal
blurring is probably not modelled correctly.

4.9.8 Conclusion

The numerical edge diffractiomodel performs very well for observation points hint
approximately+60° of on-axis but fails for angles approaching thgeedt+90° where the
level departs 5 dB from the measured response. kHawehis is an improvement to the
Vanderkooy model where the levels are approachifigity (Vanderkooy, 926). The rear
side response for more tha®0° is not modelled correctly since the differencenirthe
measured data is too large to be accepted.

A model based upon a numerical approach must apdest to be of interest and the
implementation fulfils this requirement by providione with a full 6400 point frequency
response within 5 seconds using 200 edge sourcka standard personal computer.

Thedistributed edge dipolenodel of Urban et al. will now be considered. Thedel differs
from the edge diffraction model by removing the gimary plane between front side and rear
side and the inclusion of angular form factorsbdoth the main source and the edge sources.
Apart from these changes is the model very simtdathe numerical edge diffraction model
and the required changes within the algorithm regames minimal workload.

4.10Distributed Edge Dipole model

The model of Urban et al. takes its offspring frantheoretical study of the driving pressure
for a source mounted in a finite baffle. The ratfathis sound pressure to the sound pressure
of the source mounted on an infinite baffle wasnstubto be described by:

Flg)= 2ot

Urban et al. states that the equation is derivatgube Kirchhoff approximation and that this
is not validated for angles above°d8ut they assume that the equation can be usedllfor
angles. The main direction for output from the seus on-axis (§ where the expression is
unity, At the edge of the baffle (90is the sound pressure reduced to 0.50 and aedreside
(>90°) is expression the level reduced and approachresard 80.

Rediation patteri Rediation patteri
On axis for Main source  for Edge source

Main Edge L
/source /source N 05
,,,,,,,,,,,,,,,,,,,,,,, % .

0.5

Figure 95 — Angular form factors for the main and &ge sources.

An important distinction from the edge diffractiomodel is that the main source is active for
all observation angles and that the edge soureesogtinuous across the boundary.
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Another important difference from the edge diffrantmodel is the definition for the edge
sources where Urban et. al. quotes Vanderkooyriaxaeriment with a tweeter mounted at
the centre of a circular baffle:

It was observed that the wave radiated from theegdwas in phase opposition when facing the
baffle (illuminated zone) and in phase when thecolrion point was behind the baffle (shadow
zone). This experimental result prompted us toalisa the phenomenon in the following way.

When the main piston compresses the air at veryflegquencies, the air flows in every direction
and, in particular, along the baffle surface uitieaches the edge, turns around, and goes behind.
This movement of the air around the edge is likergy piston” moving backward in opposition to
the main piston. It is thus possible to understded'phase reversing” in the illuminating zone and
the “in-phase” pressure in the shadow zone. (Urb846).
The edge sources can be described as a distridigett source, which is the origin to the

name of the model.

F.g)=- 5coda,)

Hence, the edge sources radiates into the froetwith amplitude —0.50 at on-axis and the
amplitude of the radiation is gradually reducedzeyo toward the edge (90and then
increased within the rear side onto +0.50 at’180

The model will be implemented using the basic idears the edge diffraction model and the
figure below defines the nomenclature for the wasi@angles required by the angular form

factors.
y / Edge

/ sources
Loudspeake
Sourc— Observatlor
1¥0s point

(Xp.YpP.20)

Figure 96 — Definition of the coordinate system uskfor the DED model. The baffle can be
located arbitrarily within the coordinate system athough z, = 0 is a requirement.

The observation anglg for the main source is the angle betwegand the normal defining
the loudspeaker on-axis and this is a vector pradl thez-axis. For the main source is the
observation angle given by a little trigonometry:

\/(XP - XS)2 + (yp B ys)2

f'o

rosin(g) = \/(XP - %)+ (¥ - ¥s) go = arcsin
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The main source (the loudspeaker) locatedatyg, 0), the edge sources a,(y,, 0) and the
observation point atxg, yp, zp). The variablesp, yp, X, andy, are defined in section 4.8. For
the edge source is the observation angle givemlggaivalent expression:

V% - %, + (e - v,)

r

Iy Sin( n) = \/(XP - Xn)2 + (yP - yn)2 a, = arcsin

n

The main source was unity in the previous edgeatifion model so the angular form factor
Fo is substituted for the “1” in thélr expression of equation 74. The edge sources are
“weighted” byF, so this factor is simply multiplied onto the exgs®n within the summation
and the reflection coefficient is removed from dwpiation.

The DED algorithm becomes:

_lvcodg) 11N m o or :
H(f)_ 2 2 2p e bn +rn exdlk[ro bn rn])COiQn)D/ n 83

The equations were written to the MATLAB file a®thED modeland the result is shown
below.

4.10.1 Examples

The frequency response is shown below for diffedmdervation angles. The DED model
performs very well for Dand 30 although the ripple amplitude is somewhat lessan tthe
measurement.

Figure 97 — Frequency response for the DED model.

For an observation angles 63 the response better than with the Edge diffsacmodel
although the over-all level is slightly below theasured value. Anyway, the model is robust
and can accept 90of observation angle, which is an improvement carag to the edge
diffraction model.
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Figure 98 — Frequency response for the DED model.

For the rear side is the response less impressidgtee simulated level is higher than the
measurements for 120150 and 180.

Figure 99 — Frequency response for the DED model.

The final simulation for 180shows strong ripples.

Figure 100 — Frequency response for the DED model.

The rear side is not well modelled; in this respsas the edge diffraction model a better
suggestion.
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4.10.2 Modification

The results are impressive but the general viethas amplitude changes on front side are
modelled on the low side while the signal in tharreide is too high. It was therefore
tempting to reintroduce the reflection coefficient.

The modified DED algorithm becomes:
1+codg,) R M : .
H(f)=—""1+— —9% exqik|r,- b, - r.])codq, )D 84
( ) 2 2,0n=1bn+l’n d [O n n]) S(qn) /n
The equations were written to the MATLAB file a®thED modeland the result is shown
below.

4.10.3 Examples

The results for Dand 30 are generally improved by the correction althotigh level at the
low-frequency end is slightly below the measureldea

Figure 101 — Frequency response for the modified DEmodel.

The changes are barely visible for°@fut the responses are at least not invalidatethdy

modification. The 90 simulation is not changed but this is absolut@yect; the diffraction
sources are silent at this angle due to the cdaimetion.

Figure 102 — Frequency response for the modified DEmodel.
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The results for 120and 150 are slightly improved by the approximately 1 dBvésing of
the signal level within the rear side but the diéfece between the simulated values and the
measured is still relatively large.

Figure 103 — Frequency response for the modified DEmodel.

The response for 180s also closer to the low-frequency level but éimeplitude of the high-
frequency ripples is increased.

Figure 104 — Frequency response for the modified DEmodel.

The value —0.60 of the reflection coefficient igstly better suited than the value —0.50 as
was proposed by Urban et al. but the differencetdarge.

4.11 Conclusion

The distributed edge diffraction model by Urbamleis an excellent simulation model for the
observation range up to and including the edgdefdaffle at 90 where the response is very
well reproduced. However, the model is incorreat leorger observation angles where the
simulated level is increased and thus departingiftbe measurement. This range is better
represented by the numerical edge diffraction model

This concludes the diffraction models and the m&spter will address the wavelet model.
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5 Wavelet models

According to the principle oChristiaan Huygens (Holland, 1629-1695) is any paha
wave front a region of disturbance, which acts asw@ace of secondary waves, wavelets, and
the position of the wave front at a later timehe envelope of the wavelets. The method was
devolved within the field of optics and describ&$raction as any deviation from geometrical
optics that results from the obstruction of a wawat of light (Pedrotti, 324).

R A A A
SPrrrrvrry
A A A A A A

Figure 105 — Graphical representation of Huygens pnciple with plane waves (left) and
spherical waves (right); the wave front is assumedo emit secondary waves, known as
wavelets, that add up to the resulting wave front elater time.

If both the source and observation points arergeldistance from the diffraction aperture, so
that the wave fronts are approximating plane waitas far-field diffractionwith the theory
according to Joseph von Fraunhofer (Germany, 1&2®%)l when this is not the case and the
curvature of the wave front must be taken into aatoit is near-field diffractionwith the
theory developed by Augustin Jean Fresnel (Frad@88-1827). Both theories will be
addressed within this study.

Visible light is electromagnetic waves, as well tasrmal radiation and radio waves for

terrestrial broadcast, and the waves propagateoutitany medium required between the

source and observer. Audible sound is pressuresyangpagating through a medium, such as
air or water, so the results from the field of optcannot be assumed to apply directly to
acoustics; however, both fields are described tiimahe wave equation and therefore share
the same basic solutions. Acoustical sighals opevith wavelengths from 20 mm to 20 m so

the far-field assumption is rarely met in real l#fed can only be considered fulfilled at high

frequencies so the Fresnel near-field theory mestdmsidered in most cases.

The far-field theory is used to introduce the waveheory by deriving expressions for the
sound pressure behind an aperture, which is hergetl to an opening within an infinite
baffle, and the results is compared to the wellvkmdheory of loudspeaker radiation patterns.
The near-field theory leads to the Fresnel integmad Cornu spiral, which are tools for
calculating the frequency response behind an tefiadge, which is used as a model of the
loudspeaker edge. The models are then combinegisiride the radiation from a loudspeaker
with finite baffle.
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5.1 The Fraunhofer far-field approximation

The resultant sound pressure at the observationt poicalculated from summation of the
contributions from infinitesimal sound sources, ef@s, which are described through the
infinitesimal areadSand the particle velocity of the plane wave. The sound pressure within
a plane wave ip = rcu, whererc is the specific impedance of air. Since the volwalecity

is g = Suandu is constant for a plane propagating wave, we hhagdollowing relation for
the infinitesimal volume velocity of a plane wave:

—=—=Uu dg=udS 85

Each wavelet is represented by a point source,iwisiassumed radiating equally well in any
direction, so the infinitesimal sound pressurehat ebservation point at distancérom the
wavelet with particle velocity and infinitesimal aredSbecomes:

dp =€ exl- ikr)uds 86
apr

A plane wave is not physically realisable but it ¢ee assumed that the wave front is locally
plane within a limited region if the distance te tkource is sufficiently large.

5.1.1 Circular aperture

Plane waves hitting an infinite baffle with a cil@muaperture may represent a conventional
loudspeaker within an infinite baffle assuming thia¢ loudspeaker diaphragm is a plane
vibrating piston. The model shows that the theqpli@s equally well to physical pistons as
to imaginary vibrating surfaces.

Infinite

baffle 1
Plane wave y

< >

Ix

Figure 106 —Left: Plane waves are approaching an infinite baffle wih circular aperture.
Right: Integration uses a horizontal strip of width Ix and height dy to cover the aperture.

The infinitesimal area within the aperture d$ = Ixdy according to Figure 106, so the
infinitesimal sound pressure at the observatiomtdmecomes:

dp= il;;:u exp(— ikr)lxdy

The resultant sound pressure at the observation [gogiven by:

= "Z;“ extl- ikr)l,dy

-a
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Using the equation for the circle? + y* = a%, wherex andy are variables within a rectangular
coordinate system aralis radius of the circle, we can solve foas:x* = a> —y?. The length
of the horizontal strifh is 2 times thex-value since it is the distance fromte x:

|, =2ya’- y?

The distance from the wavelets within the strip to the obseisatpoint is dependent upon
they-coordinate and the observation angle:

r=R+ ysin(q)

The integration becomes:
_ikreu 2 2a%- y?
4p _R+ysinlg

Using the assumption of large distance to the ebsien point simplifies the denominator
since the relation tg can be ignored but this is not possible with thage term. The constant
terms can be moved outside the integral.

p= 2”2%“ expl- ikR) y/a?- y? expl- ikysin(g))dy

a

)exp(- ik(R+ ysin(g)))dy

The square root is rewritten by moving radius aléghe integration.

. a 2
|l;;u eXF(_ ikR)_a\/I EXF(' |ky3|n(Q))dy

This integral takes the standard integral form up@king the substitutions (Pedrotti, 332):

v= % and g=kasin(q)

p=2a

Integration is througly from -a to a so the corresponding range fois from —1 to 1 and the
incremental variable is substituted dy= adv. Hence, the integral:

. 1
p=2a’ I:;CRU exp(- ikR) v1- vZ expl- igr)dv

-1

The definite integral is computed into (Pedrot83R

EXF(- |kR)pJ1(g)

g
Ji(9 is the first-order Bessel function of the firghék and the ratidi(g/gapproaches ¥ fqy
approaching zero and it is observed tbaft represents the area of the circular aperture. The
sound pressure at distarR@nd observation angkbecomes:

0= 2a? ikrcu
4R

0= krepa®u o- ikR) 2J, (kasin(g))

: 87
4R kasin(q)

The factorpa’u represents the volume velocity through the apertur
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Dependency to frequency and observation angleogepl below forka values up to 20 and
observation angles up to 90°. A similar expressoiound in the literature for the directivity
of a circular piston within an infinite baffle (Lela, 25).

Infinite
baffle

=,

Figure 107 — Directivity pattern for circular aperture within an infinite baffle at different ka
values and observation angles (left); definition ofobservation angle (top right) and an
example of using an aperture to increase the beamidth by lowering radius (bottom right).

At low frequencies is the expressioth&asin(g))/kasin(g) approaching unity so the sound
output from the circular aperture is independerdrufrequency and observation angle. The
beam width is narrowed at higher frequencies orldoge aperture radius. The beam width
will in this study be defined at the first zerotbé Bessel function (Asmar, 251).

3.83% c

" 2pasinlg)” 0'6161sin(q)

The first zero-frequency becomes 2.1 kHzdaer 0.1 m andy = 90°. As can be seen from the
figure above is the -3 dB point reached for an mgnt of approximately 1.61, which

corresponds to the above formula with factor 0.68anged to 0.26, hence, the set-up will
show a —3 dB frequency around 900 Hz and a n@llakHz both at 90°.

The importance of the result is the concentratibaonind within a limited region in front of
the loudspeaker for increased frequency; so radidtom the loudspeaker toward the edge is
becoming reduced at high frequency thus reduciaegéefiection from the cabinet edges.

J,(kasin(g)) =0 kasin(g) = 3.832 88

One way of increasing the observation range forivengloudspeaker (typically a bass
loudspeaker) is to mount the loudspeaker behinidcalar aperture with radius less than the
radius of the diaphragm thus reducindf the volume velocity from the loudspeaker rensai
unchanged despite the increased loading then soétirey sound pressure remains unchanged
since the particle velocity at the aperture is éased by the ratio of cross-sectional areas.
However, it is more likely that the volume velocitgll be reduced by the increased loading.
Other known problems are that the cavity in frohthe loudspeaker becomes a Helmholts
resonator and that the output from the loudspe@kéelayed with respect to the output from
other loudspeakers mounted on the same baffle.

drsted DTU — Acoustical Technology 100



Loudspeaker Cabinet Diffraction

The frequency response is shown below at diffecdservation angles for a circular baffle
with radiusa = 0.1 m, thus representing a typical 8 inch bassl$peaker. The curve fof O
was calculated using® Iobservation angle to avoid division with zero, ¢enhe slight drop
off at the high frequency end.

Figure 108 — Frequency response for circular aperte with radius 100 mm.

The high-frequency response is cut-off above 2 kétzan observation angle of 3@&nd
above 1 kHz for larger observation angles. Theatash at 90is toward the edge so this must
be taken into account for the model to represanptiysical loudspeaker.

5.1.2 Rectangular aperture

Plane waves hitting an infinite baffle with a rewalar aperture may represent an array of
loudspeakers mounted close together on the sanfie lzafd oscillating in phase or an
electrostatic loudspeaker mounted within an indifiaffle and assuming that the diaphragm is
vibrating uniformly. Another application is soundopagation from one (large) room to the
next through the door opening between the roonmsusic output through a window.

The infinitesimal area of the aperturedS = dxdy so the infinitesimal sound pressure at
distance from each wavelet becomes:

ikrcu )
dp= exp - ikr Jdxd
P= xp(- ikr )dxdy

The sound pressure at the observation point isdfdbirough integration over the rectangular
aperture, which is throughfrom -A/2 to A/2 andy from -B/2 to B/2:

B/2 Al2

p:

-B/2- Al2

lkreu expl- ikr Jdxdy
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Locally plane Locally tlane Infinite
wave front yp baffle
e wave front
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" Aperture
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point

Figure 109 — Plane waves are approaching an infirdtplane baffle with rectangular aperture.

For on-axis measurement is the distance from arweleaito the observation point equalRo
plus or minus a small distanceR, which is due to the observation angle. Usipgfor the
horizontal observation angle this distance becoxagggy) wherex is the horizontal position
within the aperture. A similar result is obtainex the vertical plane witlg, as the vertical
observation angle so the distamdeetween each wavelet and the observation poimrbes:

r =R+ xsin(g,, )+ ysin(q,)

The amplitude of the wavelet is given by the den@tor and the variation due to theandy
terms can be assumed negligible at large distanoglifying the integral by setting=R so
the amplitude term can be moved outside:

Al B/

=MW o) et ocsinlg, o ol ocsin, Iy

-AI2 -B/2

The error due to this assumption becom&® (+ B/2)/R at the extremes of the aperture.
Allowing for 10 % of error is the requiremeRt= 5(A + B) so an aperture with =B =1 m,
i.e. a window within a large wall, requires 10 mdigtance to satisfy the far-field condition.

The integrals are equivalent so the derivation belishown for one integral only:

Al2
. 1 o
_A:’Xp(' ikxsin(g, ))dx=m[exp(— ikxsin(g,, )|,
2, S kAsin(g, ) exp kAsin(g,, )
2ikAsin(gy, ) 2
Using Euler’s formula for the sine function (Wesgfiem, 62):
Al2 . .
.AfXd- ikxsin(g,, ))dx = - kAs?:(\ H)sin khsinigy ) Asinc kAS'g(qH)

drsted DTU — Acoustical Technology 102



Loudspeaker Cabinet Diffraction

A similar expression is found for thecoordinate. The sound pressure at the observation
point within the far field from a rectangular apgg becomes:

0= ikrcABu kAsin(g,, ) sinc kBsin(g, )
4R

expl- ikR)sinc 89
Note thatABuis the volume velocity through the aperture arad the directivity functions for
thex andy directions are independent and can be describeédebgame plot, which is shown
below. Note the similarity to the plot for the aitar aperture.

The response is shown fieA or kB up to 20.

Figure 110 - Directivity pattern for rectangular aperture within an infinite baffle at different
ka values ka = kA or kB) and observation angles.

At low frequencies wherkA andkB are approaching zero is the sound pressure indepén

upon the observation angle and the sound is spgaally well is any direction in front of the

baffle. The sinc functions come into play at higfrequencies where it is limiting the beam
width thus concentrating the sound in front of dperture.

The first zero of the sinc function will be usedtfis study defining the beam width:

kAsin(g,, ) kAsin(g,, ) » . c

sinc =0 =

2 " Asin(g,,)

A similar equation is found for the vertical plafée first zero is 3.5 kHz for a rectangular
aperture withA = 0.1 m andg, = 90°. Using the frequency for —3 dB, the argummeiuist
equate 1.38 and the frequency becomes 0.22 tireesbibve calculated value. Hence, the set-

up will show a —3 dB frequency about 770 Hz andlaat 3.5 kHz both measured at 90°. The
zero is moved to 4.9 kHz fay, = 45°.
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When the area of the circular aperture is equéhab of a square apertur@ € B) we get the
relationA = 1.77a and the zero frequency of the square aperturenbeso

f=056— "
asin(g)
This is less than 8 % below the zero frequencytHercircular aperture, so the two apertures
behave similar when related to area although tb&tian pattern from a circular aperture is
independent upon rotation around on-axis whilerémeangular aperture is not.

The frequency response is shown below at differemwizontal observation angles for the
rectangular aperture with = 0.1 m /horizontal) anB = 0.2 m and (vertical) corresponding to
a square sound source with width 0.2 m and height™@ The curve for Owas calculated
using T observation angle to avoid division with zero, ¢ethe on-axis drop off toward high
frequencies. The responses are similar to thdteo€ircular aperture.

Figure 111 — Frequency response for rectangular apire with A = 100 mm.

According to equation 24 is the sound pressure pfame wavep = rcu so the transfer
function can be derived by dividing equation 89hwihe sound pressure of the undisturbed
plane wave:

_fAB_.  kAsin(g,) .. kBsinlg,) . . . fAB
M(f) 2CRsmc > sinc > Va Yo ® 2cR

The magnitude of the sound pressure at the obs&amvabint is proportional to the surface

area of the apertueB and inversely proportional to distanReThis corresponds to the well-

known situation of a person opening a door intoudding with loud music; the sound

pressure outside the building is increased whiteshrface area of the opening is increased

and becomes reduced when the observer walks amaythre opening.

Assuming that the wave front is due to a sphesoahd source within the building but can be
assumed locally plane at the aperture, then therae€e sound pressure of the undisturbed
wave front becomes proportional to frequency adogrdo equation 33 thus removing the
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frequency dependency of the above equation; heheeaperture does not in itself attenuate
the sound as function of frequency.

)= ABUsinc kasing,) ging —kBSi;(%) IO %

It is assumed that the relation between particlecity u and volume velocity of the locally
plane wave front can be expressedjasSu whereSis a fixed surface area defining a limit
for “large area” where the sound pressure appraatttet of the undisturbed wave front.

M (f

One consequence of the above relation is that @sfmaker grill should cover but a fraction
of the diaphragm area in order to avoid attenuatiothe sound output.

5.1.3 Semi-infinite baffle

A numerical algorithm will be developed for caldida of the spectrum with an semi-infinite
baffle, which can be regarded as a simplified mawfetliffraction around the corner of a
loudspeaker cabinet. However, the far-field thezagnot directly cope with infinite aperture
size so the integral will be modified to includeveighting function in order to converge. The
following derivation is inspired by the previousgens but is not related to any references.

Locally plane
wave front

Locally plane
wave front

Y

Infinite g Wavelet:

—> —> =0

g: rp P
Observatior hf

point Infinite
0, 0,2) wedge

Figure 112 — Plane waves are approaching an aperter

An infinite edge is assumed to block the plane wleen y < h whereh is the vertical

position of the edge so> O for a edge above the observer height. ThaitaBimal area of
the part of the plane wave, which is above the edg#gS = dxdy so the infinitesimal sound
pressure at distancg from each wavelet becomes:

ikrcu

dp= . expl- ikr, )dxdy

=]

The sound pressure at the observation point isfdlrough integration over the semi-infinite
aperture withx from —¥ to ¥ andy from the edge heightto ¥:

_¥¥ikrcu

exp(— ikr, )dxdy

h-¥ P

An observer is assumed located at (0z),wherezs is positive. The distance between the
wavelet atX, y, 0) and observer becomes:

=Xy 2
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Insertion gives the integral for determinationtod sound pressure:

_ikrcu® ¥ exp{— ikyX* +y* + 7

)dxdy 90
4 \/x2+y2+z§

The square root is increasing framtoward infinity for growingx andy so the exponential is
rotating at increasing speed while the amplitudeagle toward zero with first-order inverse
proportionality tox andy. A picture around (0O, 0) is shown in Figure 11tjland shows that
the decay is relatively slow and the oscillating@xential is expected to retard convergence.

One way to accelerate computation of the integrdbiinclude a weighting function(x,y),
which is unity around (0, 0) and decays for incie@s andy thus focussing on the wavelets
within proximity of the observation point while suessing the radiation from wavelets at
large distance since distant sources are assursedni@ortant. This is in accordance with the
oblique factor introduced by Fresnel (Pedrotti, -37Q) and is discussed in section 5.2.1,
although the present expression is somewhat diftere

Figure 113 — The complex integrant without weightig function (left) and with the cosine
weighting function (right) using z= = 1 m,f = 10 Hz,x, y in meters andy > 0.

It was chosen to use a cosine function with thement defined as the angle between the line
from the wavelet to the observer and the normé#hd¢oplane wave, i.e. theaxis, which gives

0° orw(x,y) = 1 for wavelets close to the observation poimd 80° orw(x,y) = 0 forx andy
approaching plus and minus infinity. Since the Wity function suppresses information we
changes the summation and a correction faCtanust be included to restore the integral to
the correct value. Hence, the integral:

:Cikrcu¥ ¥ exp{- ikyX* +y? + 22
4p -h-¥ \/x2+y2+z,§

) codg)dxdy o1

w

Inclusion of a weighting function is somewhat corgrsial since the problem at hand has
been changed and the solution may not presentblaligformation to the original problem.
The new integral may converge faster but this dugsguarantee that the computed value
represents a useful solution. However, the planeews non-physical due to the unlimited
energy so the theory is anyway an approximatiooesinassumes the presence of an infinite
wave front with constant particle velocity; it isone likely that the wave front Iscally plane
with decreasing particle velocity at increasedadise from the observation point.
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The cosine function will be expressed from the getoynof the problem using the cosine law
(Westergren, 68) for the distanddetweenyp at they-axis and the wavelet, which is defining
the angle seen from the observer. Distashtethus given by the horizontal distancand the
vertical distance using the Pythagorean rule for the triangle, archave:

2 2 2 2
Zo+rs - X2-y

4y =zl 2zr,00dg)  codg)=
27,1
Insertion of the expression fos gives:
2 2 2 2 2 2
Zo+ X +Hy +2z0- X - v4
COS(C]): P y P y - P
22,/X +y? + 22 X+ YR+ 2

The ratio approaches zero foory approaching infinity thus attenuating distant weatseand
the ratio is unity foix =y = 0, which is at the wavelet closest to the olst@om point. The
consequence of including the weighting functiosh®wn graphically in Figure 113 (right).
The main peak around=y = 0 is narrowed and the waves are reduced signifii; we will
return to the effect of this pulse narrowing later.

Insertion of the weight function gives the followimtegral:

ikz,reu® ¥ exp(— iky/x* +y* + zé)

=C
o . XHytz

dxdy 92

w

An analytical solution to this integral is not knowo the author, although a solution with
Bessel functions or something of the like couldelpected, so a numerical approach will be
addressed for computation of the sound pressuhe atbservation point.

5.1.4 Numerical integration
The variablex andy and the observer to edge heighwill be normalised to the variablesb
andbwn using the observation distangefrom the aperture plane as the scaling factor.

a:l, b:l, bM,N:L 93
Z; Z; o
The argument to the square root and the denomibatmmes:
X +y +22 =(a%+ b? +1)2
The derivatives of the new variableandb become:

da _1 dx=z,da and a_1 dy=z.db
dx z dy 1z

Only the lower integration limit fow is affected by the substitution and inserting itlie
integral gives the following expression for thesigral:

_clkzoreu exp(— ikz,/1+a’ +b2)dadb

v 4p 1+a’+b*

bMIN -¥

Numerical integration approximates the integratismg finite lower and upper integration
limits since infinity is so far away so the lowerdaupper integration limits will be substituted
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by auin and awax for the a-variable andbyn and buax for the b—variable whereby is a
parameter describing the relative distance to tigeeand the other three are representing
infinite limits.
The range betweeayny andawax Will be divided into 21 equidistant segments and the range
betweenbyin and buax will be divided intoN equidistant segments. The reason for not
dividing the 6-range into R segments is thay is close to zero, sgymin| < buax/'10, so
the b-range is semi-infinite.

Da = Ayax = Awin Db = bMAX - bMIN 94

2M N

The infinite range above the edge is now reduced fmite surface defined through the
coordinates &win, bvin) for the lower left corner andaiax, bvax) for the upper right corner
with 2MN discrete area segments. This corresponds to angadar aperture with the width
given byW = ayax — auin centred ak = 0 and heighH = byax — buin. The major differences
from the previous study using a rectangular apertane that the integration is intended
approaching the value for infinite limits and atbat the observation height is a parameter;
we are not just monitoring on-axis.

It is now possible to substitute the infinite amang-infinite integrations by finite summations
of definite integrals covering the discrete areaisas with widthDaand heightDb

ikz, rou N o M1 % €XP - ikzo\1+a® +(b- gf

410 n=1 by, m=-M am 1+82 +(b_ g)2

p,=C dadb
Indexing may seem rather arbitrary; thevalues are indexed fromM-to M — 1 and are thus
reflecting the symmetry around zero while thgalues are indexed from 1 b although the

first b-values may be positive or negative depending up@n An explanation follows.

The a-values are represented in MATLAB by a vector cantej 2V elements with the
values calculated fromM-to M — 1 and this vector do not need indexing whenregiged in
the programme since the calculation uses the MATIddBcommands for multiplication and
division; hence, the command A.*B is not a matrimltiplication but two vectors multiplied
element by element agb,, ab, and s forth. However, tha-values are formally defined
through the indexn and the step sizBa as follows:

a,=mba, m=-M 0 M-1 95

A for-loop is used for stepping through thevalues and the range is bound to be from 1 and
up due to an index restriction of the language. Aihealues will thus be represented by:

b,=(n-1)pb+b,,, n=1 N 96

For buin < O is the firstb-values negative anfbis increased to reflect the larger range up to
N and forbyn > 0 is all&-values positive andbis decreased to reflect the smaller range.
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Since the variables are fixed at constant valuesdch segment, the result of the integrations
is approximated by the function value at the sththe interval multiplied by the area of the

i / N M-1 eXd- IkZ 1[1+a + b
C |kZp Cu P m n )Dan

4p n=1 m=-M l+a§1+bnz

w

Insertion of the definition for the step sizes give

i N M-1 - 2 2
c Kz rcu @yax - @un Buax - Buin exp( ikzp1+az +bn)

4p 2M N n=l m=-M l+ar$1+bnz

w

We are interested in a transfer function defining telative amplitude of the sound pressure
regardless of the sound pressure within the plamevgo the expression will be normalised to
the sound pressure of the incident plane waee; which reduces the first factor after the

scaling constant to the dimension-less fadtas/4p, which is proportional to frequency and

observation distance but otherwise independent ggstem parameters.

Symmetry around = 0 enforcesayin = —@uax SO thea-term can be written agyax’M and
the transfer function becomes:

=C ikz, aMAX(bMAX N bMIN) noM exd’ ikZP\/l"'ari + bnz) 97

4p MN el e M 1+a’+b?

Pw

The step sizes are given by equation 94 when tegration limits and number of steps have
been decided and the valuesapf and b, are then calculated from equation 95 and 96. The
plots will usekz as a parameter stepping through the frequencgrdistrange of interest and
parametergwill be changed from plot to plot thus calculatithge frequency response versus
the observation height.

A disturbing result in the equation is that thensf@r function appears proportional to distance
through theikz factor but this is not the case. Singgax = Xuax'zr and buax = Ymax/Ze IS
scaling withikzpauaxbuax equivalent tokxuaxymax/ze and thus inversely proportional 2g as
could be expected.

The transfer function is to be used for studyintatree changes in sound pressure levels,
which are commonly being expressed in decibelghsdransfer function will be calculated
from:

. _ . 2 2
K = 20|0910C|kZP Buno (Ouanr = ban) ™ exp(— tkzpy1tan + by; )‘dB 98

410 MN n=lm=-M l+ar121+br12 ‘
The zero dB reference is unity transfer functiofuga which is equivalent to the sound

pressure of the undisturbed plane wave. This ieed met forbyn approaching minus
infinity and will be used to determine the constant
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It is required determining the integration limitsdanumber of steps sufficient in order to get
the best ratio between precision and computatior.tiAn arbitrary selected stop criterion for
the summation could be to use 0.01 % of the initrablitude thus defining “small” as T0
Since the denominator use squared valuea fond 6 we have thdirst rule-of-thumb

Ay =-100 &,y =100 by, =100 99

An upper limit must be defined féw since the complex exponential is rotating fasthigh
kz-values thus introducing the risk of “under samgliat high frequencies. For large value
of a is the phase approximately proportionakt¢and similarly forb large):

kzo\/1+a® + b %YF® kz.a
The incremental change in phase frarto a + Dais kzzDa and the phase increment must not
exceed in order to avoid missing a change of sign so atelgesecond rule-of-thumb

kz.Da <p kz, <P - f<i 100

Da  ayax 2Zp8\px
Forze =1 m andM = auax is Da= 1 and the upper frequency limit becomes 170 tizloe

response extends to 1.7 kHz Mr= 10ayax, Where the step size iBa= 0.1, so small step
size is recommended for good resolution at the frighuencies.

The required resolution for a given measurementgeis:

Da:aMAX < 1

M 2z, f

Forze = 1 m and = 10 kHz we geDa < 50 10° and usingauax = 1000 we need a fairly high
number of stepdM = auax/Da = 2040°, so computing time is sacrificed for bandwidth.

A starting point for the design could thus lMe= N = 1000 andamwax = buax = 100, which
corresponds to 2 million computationdM®) for one frequency point and the frequency limit
is around 2 kHz for 1 m of observation distank&a (< p/Da). The computer used for
calculation used the Intel Celeron processor run@in2.4 GHz and with 736 megabyte of
ram. The frequency response below with 201 disgretets required 10 minutes of execution
time for one curve, which corresponds to a compuigtme of 1.51s for the expression.

Figure 114 — Initial calculation of frequency respase with almost no obstruction (top curve)
and 50 % blocking (bottom curve).

drsted DTU — Acoustical Technology 110



Loudspeaker Cabinet Diffraction

There are two curves: The top curve islitg = —10, which represents almost no edge since
the distance to the edge is ten times larger tharhbrizontal distance to edge so integration
is almost from minus infinity to plus infinity fdsoth coordinates. The effect of the edge can
thus be expected minimal and the transfer functould output O dB but the result was close
to —6 dB thus indicating a missing factor of twdeTlower curve is foh/ze = 0 where the
edge blocks half the wave front so the energy duced to half of its initial value and the
expected result was thus —6 dB but the output iwdmn —10 to —12 dB depending upon the
frequency. This is close to a factor of two but astprecisely as could be wished. It seems
that the function must be multiplied by factor 2t khere might be more to it so the effect of
the weighting function will be studied before deéesglupon a scaling value.

A couple of test runs was performed with the weighfunction where the variable® and
17 were first used as they are shown in equatiom@8tiaen scaled with constadit
w(x, y) = e , 0<d<1
Y + (@) +2
Scaling used/= 1/3 to produced/3)? and @¢/3)? as can be seen in equation 101, ard1/10
to produce &/10Y and ¢/10¥. The result is shown to the left below and shdves the low-

frequency range is improved for the widening of txeight function. A zoom on the last
scaling ¢= 1/10) is shown to the right where two differeriegration ranges are also shown.

It is seen that the final value is reached at aelofrequency when the weighting function is
widened but the asymptotical value is not changethe weighting function is not related to
the final value and is thus not responsible forrttissing factor 2.

Figure 115 — The effect of widening the weightinguhction is to increase the low-frequency
level and also to increase the ripple.

Further widening of the weight function correspotmsemoval of the weight function so the
effect of completely removing the weight functienshown below. The implemented integral
was equation 98 with a square root in the denomindthe integral is approaching a final
value but the oscillations are seriously retardiogvergence so the weighting function is
indeed required.
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Figure 116 — Removing the weight function resultsistrong ripple amplitude.

In order to conclude the above discussion, thesg®tis to increase the level by 6 dB so the
constant become€ = 2 and the transfer function will also be modifi®o include some
relaxation of the weighting function to benefittive low-frequency region. The selection was
in favour ofd= 1/3, which seems a good compromise betweendserklevel and the ripple.

The transfer function becomes:

|ikzp Ayax (Buax = Bun) ¥ M7 exp(— Kz 1+ a3+ b7 ) |dB 101

2p MN wermew J{L+ @2 + B2 J1+ 1a? + 1 57)

L,, = 20log,,

Recommended values adve= N = 1000 andawax = bvax = 100 for a start. The values faf,
and b, are then calculated according to equation 95 &adrl the lower integration limit
bwin = h/zp is the input parameter. The upper frequency lism kHz but can be increased by
decreasing the step size (see equation 94). Fa&an the denominator is due thsquared
for moderate widening of the weighting function asah be changed, if required, to modify
the low-frequency behaviour.

5.1.5 Semi-infinite baffle

An observer is assumed located at hejghtO and at distanca from a semi-infinite baffle,
which is obstructing part of the plane wave. Thearpedge of the baffle is t= h so the
observer is relatively unaffected for< 0 and the baffle blocks more than 50 % of the
observable range fdr> 0.

Pla{ne wéve
y
P, h/Zp =-1
Pz h/Zp =0
Sem-infinite _
baffle — Pa 2=l
Zp

Figure 117 — An infinite edge is blocking part of he sound at the observation point.

The response is plotted below.
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Figure 118 — Semi-infinite baffle with an observerat distance z» from the baffle. The top

curve is for the observer above the edge; the midellcurve is for observer at same height as

the baffle and the bottom curve is for the observebelow the baffle edge.
This result will be compared to the near-field apmmation to be introduced in the following
section and it will be seen that the results arg eemparable although not identical.

5.1.6 Loudspeaker off-axis response
The output from a loudspeaker will be modelled ggime theory for the semi-infinite baffle

to estimate the off-axis response of a loudspedkes.output from a loudspeaker is far from
plane but this fact will be ignored in order tottése applicability.

The set-up is shown below where the loudspeakeinetls tilted g with respect to the
horizontal plane thus realising an observation erfighm 0 and up to 180 For an angle
below 90 is the observation point above the semi-infinigdfle (h < 0) while the point is
below for larger values of the angleX 0).

Plane wave

Point ro ! P
sourc <

Sem-infinite
baffle

Zp

Figure 119 — An infinite edge is blocking part of he sound at the observation point.

Parameteh is given by the size of the box and the obsermadiagle:

_ P
h=-Bsin = -
5 q

The observation distanag is fixed so distancer between the semi-infinite baffle and the
observer is determined from:

rO:zP+Bcos%—q zP:rO—Bcos%—q
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Hence the lower integration limit, which is requif®r the numerical algorithm:

h
by =—
MIN ZP

It is obvious thato/B must be larger than unity.

The frequency range extends to 10 kHz and this ddmthe following relation between the
integration limit and the step size (from equatl®®):
cM 21z,

f<——— M >
2Z,8,4px

a MAX

Assuming that integration tawax = buax = 20 is sufficient, we gel = N > 1620 for a
distance between the semi-infinite baffle and theeover ofzs = 1.41 m. Implementation is
very time consuming with an estimated computatioetof 5 hours for a complete frequency
response plot with 6400 frequency points so theeceds changed to skip 99 out of 100
frequency points and to interpolate the missingdency values. This reduced the number of
calculated frequencies to 65 and computation timarbund 5 minutes for one plot of the
frequency spectrum but at the expense of 200 Hrzssre within the frequency axis.

The result is shown below (usifg = N = 1200). The range below 200 Hz is incorrect due t
interpolation between zero amplitude at 0 Hz amdrésult of simulation at 200 Hz.

Figure 120 — Frequency response for°Gand 3 off/axis simulations.

Figure 121 — Frequency response for 8Gand 9C off/axis simulations.
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Figure 122 — Frequency response for 12@&nd 150 off/axis simulations.

Figure 123 — Frequency response for 18®ff/axis simulations.

The responses are not impressing but note thatetred at 200 Hz is within 2 dB of the
correct level and that the slope is correct for #imulations up to 90 The simulated
response at higher observation angles is not tlasevwhen compared to the simulations
from the previous chapter using the numerical ediffeaction model.

The main reason for the result is that the loudspeaas assumed to output plane waves and
that this is certainly not the case.

It is interesting to note that there are visiblamies despite the relatively small changes in
the input parameten/z> from —0.071 (0) to 0.071 (180) and that the slope of the curves
changes from positive below 9@ negative above 90The range foh/ze means that the
simulations are performed with approximately 57 #4he plane wave being active fof 0
precisely 50 % for 90and approximately 43 % for 180

The results should be compared to the equivalentisdor the application of the Fresnel
approximation technique shown in section 5.1.6.
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5.2 The Fresnel near-field approximation

Short distance to source and observer violatesasisemptions of far-field operation so the
curvature of the wave front from the source mustaben into account as well as the distance
to the observer. The near-field diffraction thebgcomes much more involved than far field,
but the equations are hard to solve and approximsitare required anyway. This study takes
its onset from the field of optics and is initiallsing the same approximations in order to
solve the equations. This leads — almost — to tharthofer integral so little is gained. Within
optics there seems to be a well-established raugéesblution, which is however violating the
initial assumptions but is leading to a simple afetéquations describing the diffraction. This
study will follow the “optical path” to the Fresnetjuations where modelling takes over.

5.2.1 The Fresnel diffraction integral

A typical arrangement is shown Figure 124 wherphaescal wave is propagating through an
aperture within an infinite baffle. It is assumédttthe sound pressure within the wave front
at the aperture has the same value as without peetuse; that the source and observer
distances are larger than the aperture dimensiodgheat the aperture dimensions are large
compared to wavelength (Pedrotti, 368).

The sound pressure at the aperture is given bytieguz3 for a point source at distange

ikrc .
P, = expl- ikrg)g
4org
SOUrCe . Infinite Sphere | Infinite
_____ | baffle b baffle
______ j Wavelet
BRLEINR P
Observation
> point
> [ ds—e———dp————|

Figure 124 — A spherical wave front is propagatingrom a point source toward an infinite
plane baffle with a rectangular aperture. It is assmed that the unobstructed part of the
sphere is propagating through the hole and the wavigont becomes the source of wavelets.

It is assumed that the particle velocity is constant throughout the surface. The particle
velocity is determined from the specific impedanta sphere according to equation 29:
. i
z, _Pa_ ¢ |k.rS u, :1. ikrs p,
Uy 1+ikrg ikrg rc

Insertion of the expression for the sound pressir¢he aperture gives the infinitesimal
volume velocitydga for the wavelet, which is assumed radiating egualkll directions:

1+ikrg ik
ikrg  4org

dg, =u,dS= exp(— ikrs)qu
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The resulting sound pressure at the observationt giagain using equation 33 for a point
source, now with distanae to the observation point and integration throughaperture\.

lkre expl- ikr, )dq,

dp= i:rc expl(- ikr, )da, p=

P AP

Insertion of the infinitesimal volume velocitig gives:

. 1+ikre ik
expl- ikr, s
d- ikre) ikrg  4prg

lkre expl- ikrs)qdsS

p =

A P

The constant and frequency-dependent terms wilagsembled intd®;, which represents
pressure (the unit is: kghs? = N/n = Pa) and it should not be confused with the cstaiti
pressurd?,. Note thatP; is frequency dependent and is approaching fidéoproportionality

at low frequencies and second-order proportionalitigigh frequencies.
. . 2
lzlfr'krs LS rcq 102
ikrg  4p

The Fresnel diffraction integral becomes.

o expl ik(rs+ro)) (o

p=H 103
rsfp

A

The factorP; in front of the integral differs from the referen{Pedrotti, 368), not because

this concerns acoustical signals as opposed teldwtromagnetic waves of the optical field,

but since the reference generally ignores scalawjofs and concentrates on the core of
diffraction, which is the integral. This can beoaled within optics where the change in

wavelength is typically limited to an octave ordefiowever, acoustic signals may extend
through ten octaves so knowledge of the frequeepgddency is required.

Fresnel introduced an oblique factefg) attenuating the diffracted waves according to the
direction in order to suppress the backward-travghNvave and this was later placed on more
rigorous basis by Kirchhoff. The wavelet amplitugattenuated by the below function where
g is the angle between the directions of propagaimhobservation:

F(q):lJrCTos(q) =co¢ ‘—27 104

The function is unity fog = 0°, becomes %2 at 90° and is zero at 180°.

The oblique factor is addressed with the Fresréladtion theory only and does not appear
with the Fraunhofer diffraction theory. The oblicgfaetor has been referenced within the field
of audio by Vanderkooy and others. It does not &fgnghe problem of solving the equations

although interference from mirror sources can beoigd in some circumstances. The
complications introduced by the oblique factor o easily solved so the model is ignored in
the references used (Pedrotti and Heavens) -wal$ lite in the present study.

Radius of the spherical wave frorg from the source is constant but distamgdrom the
wavelet to the observation point is a functionha tocation on the sphere. The sunrgénd
rr can be expressed as functions of the known disslcandde and positiorh within the
aperture, which represents eitlxasr y within the coordinate system; see Figure 124. tWee
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triangles formed by the linads —rs—h anddp — rp — h introduces a small distanéad, which
is added tals and subtracted frome. Using Pythagoras on the triangles and simplifytimg
square root using Taylor series expansion we get:

2 2 2 2
I’S: (ds+m)2+h2 :dS 1+ E +2E+ L »ds 1+£ E +E+E L
ds s ds 2 d, dg 2 dg

bd° .bd h ° 1bd?bDd 1 h°
I’p: (dP- uj)2-|-h2 :dP l+ - - 2_+ _ »dp 1+_ el kTR
ds dp dp 2 dp d- 2 d;

Taylor series expansion requires tihidtandh are sufficiently small compared ti3 anddp.
The sum removes the first-order dependency upbalthough the squared terms survive, so
the relation becomes:
2 2
rs+r, »dg+d, + i+i h—+Dd
d, d, 2 2

105

The dependency tBd squares was omitted in the reference (Pedroii).3he distancéd is
given by the angle betweepandds, which will be calledas and is defined as shown below.
Simplifying through the use of the Taylor seriepaxsion, and assumirag small, we get:

2
Dd =rg[L- codas)| » rsis

The angle is given through the following sine-riglaf which will also be simplified through
the use of the Taylor series expansion:

. h
h=rgsin(ag)» reas ag»—
rS
Combining the expressions, we get the relation eetwd andh:
2
Dd »
rS

Sincers =ds+ [, andd squared can be assumed small compardgh we get:

2 h2 h2
Dd» — < dSDd+Dd2:— Dd » —
2(d, +Dd) 2 dg
Insertion into equation 105 gives:
2 2
rg+r,»dg +d, + i+i 1+h L

d; d, = 4d? 2
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Assumingh/ds less than one enables us to ignore the secondtpasss thus requiring that

the source is at some minimum distance behind pleetare, i.e. not closer to the baffle than
the size of the aperture. Hence the following refafor the sum, which is also found in the
reference (Pedrotti, 378):

1.1 n
rs+rp»dg+dp + —+— — 106
dg dp 2

The product ofrs andrp will at a later stage in this derivation be assdroenstant, so the
product will be investigated; this was not consadein the reference, which assumed the
product as constant without further argumentatibme product is given by the following
approximate expression, where terms contaihfif@ or with h* has been removed:

2 2
Dd Dd 1 h 1 h
rsfp » dsdp 1+d—- d_+§ d_ +E d—s ?/4 dsdp 107

s P P

It is seen that the effect @l is counteracted and becomes completely eliminfeds = dp
but the product is function ¢f and is thus only approximately constant. It maypbssible to
derive an expression stating the relation betwlkesamndde for an optimum constant product,
but this is overkill. The product will in the foling be assumed constant.

The sum of distanceds anddp represents the length of thiee-of-sightbetween the point
source and the observer and is:

D=ds+d; 108

The Fresnel length for distancesls andde will be introduced. It is defined by the same rule
as used within electronics for the parallel conioacof impedances:

11,1 _dd,

L d, d, T, +d, 109

For equal distances is the Fresnel lerdyfB = dp/2, while the Fresnel length is less than this
for any other combination als anddp. For large ratios between the distances will tresfel
length approximate the shortest distance; i.edifdp << 1 isL ® ds, corresponding to a
model representing a loudspeaker cabinet with ldrgfance to the measurement microphone.

The wave front approaches plane waves Adrapproaching zero so this parameter can be
used to decide between using the plane wave fgmbaimation according to Fraunhofer or
the spherical wave front according to Fresnel, wlas any ofds or dp:
2
Dd = hax o/ =€ f < 22c:d
2d

f MAX

Ford =h =1 m, the limit becomes 700 Hz so the Fresnet-field theory is required below the
limit while Fraunhofer far-field theory is suffigi¢above.

The required approximate relation becomes:

h2
I’S+I’P » D+Z 110
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Insertion into equation 103 gives:
H 2
p = P,exd- ikD) iexp . Tkh ds 111

NAs 2L
Integration was in the reference assuming a cyiltativave front where the problem can be
reduced to an infinitesimal strip with fixed widgiven by the aperture and the application to
both coordinates was implied (Pedrotti, 379). Thespnt study will follow another route with
surface integration through tixeandy axes. Distanch will be representing the distance from
the origin to a point within the aperture and wattength given by:

h2 = X2 + y2
Assuming that the producyp is constant, the integration becomes:
5 expl- ikD) ikx?

iky?
=P———% exp- —— exp- —— dxd
P=h rfo Poo0 ®P 30 Y

A

This integral can be split into two integrals withe inx and the other ity since the two
exponentials are function of one coordinate each.

expl- ikD)™ ik iky?
=P/ 1 exp-— dx exp- — d 112
P=h P30 Pro0 @

S'P X Y1

The two integrals are similar so a common methadsédving them will be sought and this
method is through the use of the Fresnel integrals.

5.2.2 The Fresnel integral
The Fresnel integral to consider is:
| = Xzexp ikx?
= -
N 2L

dx 113

It appears to be a common procedure within the faéloptics to substitute the variabdénto
a dimension-less variable which is at the same time relating it to the Red¢dength and the
wavelength. The argument to the exponential funatian be written:

Ko P o P2 2P,
2L L/ 2L/ 2
The reason for including factor2 is unknown to the author. Hence, the substitutib

vV=_[—X 114

Fords=dpisL =dg2 andL ® dsfor dssmall and similarh. ® dp for de small.
The differentialdx must be substituted as well and is determined iffigrdntiatingv with

reSpeCt o
i’ = i dx = L_/dv
dx VL/ \ 2
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Insertion of the substitution gives the integrabwh below, wheres; andv, represents the
new integration limits for the corresponding apertiimits x; andx;:

lr= exp-ﬁv 1/ /dv where v, = 1/ xl, v2=1}§x2

Vi

Moving the independent factors outside the integral using Euler’s substitution formula for
the complex exponential, we get:

= |L/ cos%v2 dv- i smp 2 dv

| 5 115

Vi Vi

Available tables and numerical software assumegration from zero to the upper limit, so
the definite integrals must be changed into intisgstarting from zero, which is readily done
as shown below using the cosine integral as an pheam

c pzdv- cospzdv cospzdv
\ 0 2 0

The integrals from zero and up are the Fresneheashd sine integrals nam€v) andSv)
respectively.

C(v)= cos—g2 dg
° Y2 38® 1 116
2
S(v): sin —g2 dg
0
Hence, the definite integral frowm to v, becomes:
L/ .
e =5 (C(w)- () i[s(v)- s(w)) 117

The integrals are tabulated in various text bofiksinstance Pedrotti on page 380, and can be
calculated through the MAPLE instructions availafstem MATLAB. The cosine and sine
integrals are plotted below ferextending from -5 to 5. Both integrals are zenovfe 0 and
approaches 0.5 fov approaching ¥ with decaying oscillations. The difference is the
horizontal tangent to the sine integral at theinrand orthogonal oscillations.

! The MAPLE functions are addressed through the refammand within MATLAB but not available within the
Student Edition according to the help-menu — bet rtifun-call proved functional anyway. Executiorfrism
time to time cancelled with a cryptically error reage but functionality was restored after restgrtine
MATLAB environment. This could be a time-out ertioniting the usefulness of the Student Edition pagek or
it could be a software error.
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Figure 125 — Fresnel cosine and sine integrals withe argument from —4 to 4.

The dimension-less variabieis function of wavelength according to equatiord 1t the
relation is not common to acousticians, where fireferred using parametetogether with a
length parameter, such as source radius or obgarvdistance. One way of realising this is
the following substitution that relategor y) to the dimension-less variablausingk and the

Fresnel length.:
V= ix: 2_pxz sz k_szz &i 118
L/ N/ Npo N2 Vp L

Using the definition of the angular wave numbeg fioportionality constant can be written
with frequency and Fresnel length as the parameters

vV=_—X 119

Sincel = dsdp/(ds + dp) isL ® ds for large distance to the observation point ar@l de for
large distance to the source (thus approximatirgy Rraunhofer far-field theory). For the
aperture midway between source and obsenady=sdr andL = dg/2 =dp/2.

For zero frequency ig = 0 so the integral is zero regardless of the rfglekength and the
input variablex and the proportionality constant is invariant for L, which can be used to
scale one measurement to another.

5.2.3 The Cornu spiral

If the Fresnel cosine and sine integrals are mlottgainst variables with C(v) along the
abscissa (real axis) arffv) along the ordinate (imaginary axis) then the ltelsecomes the
complex curve as shown in the figure below. At tkeatre of the coordinate systenmvis 0
which corresponds to the point O + i0 on the cuamel the point moves to the right in
guadrant 1 for positive values wfand to the left in quadrant 3 for negative valags. The
curve oscillates around two points, tges representing minus infinity (-0.5, —0.5) and plus
infinity (0.5, 0.5) for the variable.

drsted DTU — Acoustical Technology 122



Loudspeaker Cabinet Diffraction

Figure 126 — The Cornu spiral for Fresnel integral<C(v) and S(v) with v from —4 to 4.

Integration through the range frowp to v, corresponds to the subtracti@v,) — C(vy), for
the real component ar@v,) — Yv;) for the imaginary component.

5.2.4 Transfer function

Returning to the problem of determining the soumesgure at the observation point, the

integrals from equation 112 is rewritten into Fiesntegrals. The Fresnel integral is given by
equation 113, with a solution given by equation, il is for thec-direction:

& ikx? L/ :

= exp- o dx= | 5-(Clve)- Clva)- i[Slv,e)- Slva)) 120

I =
. 2L 2

A similar expression applies to tlgedirection and the integration limits are transiateom x
ory into v using equation 114 or 118. A new scale factor ballintroducedP,, carrying the
extra terms of equations 112 and 120. Fatid®? appears below without the square root
since the calculation is a product of tigdntegrals.

exf- kD) L/ _1+ikrg ik quexp(- ikD) L/

P2 = F>1 - -
rsfp 2 ikrg  4p rsfp 2
The factorL//2 can be written asL/k (see equation 118); hence the definition:
_ Lrikrg expl- kD) kchCI
Krg rslp 16p

The factor is a pressure (the unit is: kKigh= Nm? = Pa).

P, 121

The sound pressure at the observation point becomes
p= I:)2 (C(sz) - C(Vxl) - i[S(sz) - S(Vxl)])(C(VyZ)_ C(Vyl)_ il.S(VyZ)_ S(Vyl)J) 122

A reference is required for calculation of the #f@n response and it will been chosen to use
the sound pressure of a sphere with radius equbktdistance between source and observer,
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which is D, since this would be the sound pressure at thereéon point without the
obstruction due to the baffle. The sound presstitieeoreference is given by equation 33:

ikrc .
=——exp- ikD
P, = s e D)o

CombiningP, with pp gives:
L+ikrg expl- ikD) kLrc

krs fofp 160 " _.1+ikrg KLrc 4pD _1+ikrs LD

ikr C extl- ikD)q krg 16orgr, ikrc  krg  4rgr,
40D

5
Po

The last term can be simplified by substitutrge> ds andrp » dp, which is justified for large
distance compared to the size of the aperture,raptesenting. by the definition from
equation 108, we get:

ded, (

dse (4 4q,)
LD ds+d; s F 1
rsfp d.d,

This means, that the ratio betwd@nandpp approach ¥ fokrs > 1, which is above 55 Hz for
a source at distanece= 1 m behind the aperture.

Again usingrs » ds, which is an approximation only affecting the Iéngguency range, the
transfer function becomes:

H =T (Olva)- Clva)-ils(u)- Sbeclolie)- ofva)-ifslys)- sbua) 228

This expression applies generally to any rectamgapeerture where the dimensions of the
aperture are not larger than the distance to thececand observation point; a requirement,
which must be satisfied, as will be shown below.

5.2.5 Transfer function problems

Using the Fresnel integrals for solving problemhwdrge apertures invalidate several of the
assumptions leading to the transfer function; thistadce h is not small for apertures
approaching infinity in one or more directions,tBe equation fors + rp becomes incorrect
andrgp cannot be assumed constant. It is anyway commaxtipe within the field of optics
to apply the Fresnel integrals for solving problemith apertures approaching infinity. The
explanation must be that the result of doing smdged leading to useful results. However,
problems are also encountered as the followingyarsawill show.

A simple way of checking the transfer function karge apertures is studying the result of an
aperture approaching infinity; i.e. the completenogal of the baffle. This leaves the

spherical wave form unobstructed and the trangiectfon must be unity since there is

nothing to distort the wave front — but as willdf@wn below, this is not the case.
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Inserting the coordinates for the infinite apertwr® —¥,x ® ¥,y; ® =¥, andy, ® ¥ into
the expression, the transfer function becomes:

=M (0fe)- - ¥)- ) St ¥ete)- ol ¥)- ifst)- st ¥])

- 14&“ (1- i)a- i)

The terms with 1 +represent the vectors of the Carnu plot fontla@d they directions; from
minus infinity at (-0.5, —0.5) to plus infinity 0.5, 0.5). Assuming large distance to the
source, the magnitude of the transfer function eaghnes:

Hj= s 52
krg

4
This is obviously wrong and the error is due touagstion violations. A correction will be
given in the section to follow.

1

Another problem is the amplitude at low frequenciekich “blows up” forkrs approaching
zero, which occur at very low frequencies or witkoarce approaching the aperture:

H =‘1+ K V242
kr

4l

VYD ¥

This is more troublesome to cure than the aboveliardp error since the complex factor
comes directly from the specific impedance of aesptand omission of the term is violating
fundamental acoustic relations. The term approacinity at higher frequencies, where the
amplitude appears to be correct with the excepifdhe missing factor of two, but the term is
increased for low frequencies, which is in conttddn to what could be expected and it is
without physical explanation. However, the ternpiisblematic and must be removed, which
corresponds to state that the impedance of a spheme regardless of the distance to the
source — we have transformed the spherical waeesipiane wave!

5.2.6 Aperture ratio

Integration was performed within theg-plane assuming that the wavelets of the spherical
wave front could be projected onto the plane witrdistortion. This assumption holds when
a surface area of the sphere is indeed approxig#tim surface area of the projection. When
the area of the sphere is larger than the projectiee wavelets are “squeezed together” thus
reducing their effective aredS so the strength of radiation is reduced sincentreelets are
assumed described by the infinitesimal volume vglatg = udS

Assuming a circular aperture we can express the a¢lizhe aperture as the angle between
radius of the sphere at the edge of the apertutehandirection to the observer (thaxis).
The distancels from source to the aperture is a known quantity i@aius of the sphere from
the source can be written usidganda, thus solely using known parameters:

ds =rscoda)=4/d2 +a? coda) = d, /1+di coda)

S
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Hence, the definition for the angle wherevill be introduced as thaperture ratiodefined as
the ratio between aperture height (radius) andli$tance to the source.

coda)=—r, s=2 194
V1+s? ds
For small apertures is the aperture ratio closeet® while it approaches infinity for large
apertures thus limiting the angle to the range ffbta 90°. The result can be generalised into
rectangular apertures, assuming that the ape”uretitoo far from the shape of a circle. For
an aperture with width 2 wide and height B and using the geometric mean of the two
directions for calculation of an average apertize,ave get:

sA:dA, sB:dE S =554 :—“dAB 125
S S S

It will be required dividing the theory into inddaial treatments for the two dimensions when
the ratio between the dimensiohsndB is large.

<

Infinite baffle
with aperture

Sphert y

Sphert

Infinite baffle

\ with aperture
---Is

'\a ) 2a

_—/

]

«— ds —f{ [«—h

Figure 127 — Part of a spherical wave front is propgating through an aperture with two
different aperture angles.

We will now derive an expression of the “wavelestdrition” due to the projection of the
sphere onto th&y-plane of the aperture. The area of the projeatibthe right-hand part of
the sphere onto the plane is the area of the aircayperture with radiua, which can be

expressed by the sphere radius and the above apartgle.

S =pa’ = prdsin(a)
The surface area of the sphere to be projectedheeactual area of the right-hand part of the
sphere, is given by the heightof the curved surface over the aperture accorttnthe
following expression (Westergren, 74) and the hieggin be expressed by the sphere radius
and the aperture angle:
Sy = 2,0(Sh = 2”;(1' Coia))

Hence the ratio between the surface areas:

=S . misin’la) _ sin’(a)
S, 2o2(1- coda)) 2(1- coda))
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Using the trigonometric relation for sine squareel tatio can be expressed as:
_ 1-cos(a) _(1+coda))- coda)) _ 1+cos(a)® 1 a®o0

57 21- coda))  2(1- coda)) 2 12 a® p/2

The result for large apertures £ 1/2) is exactly the result of the transfer fuoctfor the
unobstructed sphere (large angle) and althouglrammbof of the cause of the error, it is at
least a starting point for restoring the amplittmi¢he correct value.

Inserting the above definition of cosine, we figajet the equation for amplitude correction:

S:l 1+ 1
V1+s?

For s = 0.1 wherea = 6° is the area rati®= 0.9975 so the amplitude is corrected by 0.25 %
or less, i.e. small apertures. For 1 wherea = 45° iss = 0.85 so the correction is 15 % and
the aperture is neither small nor large. Bor 10 wherea = 84° iss = 0.55 so projection
distortion is serious and the aperture is large.

126

Referring to the transfer function in equation 188 previously fixed one-fourth scaling
factor will be substituted by the following scalifegtor:

_1_ 1 _1 A1+s?
4s 1 2.1+s2+1 127

21+
J1+s?

Hence,Hpy = ¥4 fors ® 0 (small apertures) arldy = %2 for s ® ¥ (large apertures) with
values within this range for “medium” apertures.

H,

5.2.7 Modified transfer function

Removing the troublesome scaling factor due togpieerical waveform and including the
aperture correctiohl, we get the following modified transfer function:

H =H,(C(v)- Clva)- i[Sw2)- SalClv,e)- Clya)- ilSly,.)- Stwa )l 128

The aperture correction factéty is calculated from equation 127 with the apertaigo s
given by equation 124 for circular aperture or I@5rectangular apertures and the arguments
to the Fresnel integrals are calculated from equoatil4, 118 or 119 and the Fresnel integrals
are evaluated from equation 116.

For control, consider the infinite aperture wisg:® —¥, X ® ¥,y; ® ¥ andy, ® ¥; the
aperture ratio becomess= ¥ and thus the aperture correction fadtar= %2 (large aperture).
The amplitude of the transfer response becomey amitl independent upon frequency as
shown below.

H=hG+3-iBealaes- B3l =R - )=
This concludes the development of the transfertfancaccording to the Fresnell near-field

approximations. The following sections will use tiesults on different applications including
the loudspeaker baffle.
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5.2.8 Semi-infinite baffle

The semi-infinite baffle shown in Figure 128 maypnesent a noise barrier between a noisy
road and domestic area but it may also be usedraedel for the off-axis response of a
loudspeaker baffle with the point source represeritie loudspeaker unit.

V2 ® ¥ I S —
Spherical I ____ :
sound source

Infinite S
wedge

Observatior L
point — ds —= dp

Figure 128 — An infinite edge is blocking part of he sound at the observation point.

An observer sees most of the radiation (dotted® pie diffraction (dashed) from the edge when it
is below the line-of-sight from source to obsery@r< 0). An observer sees 50 % of the wave
front when the edge is just at the line-of-sight£ 0) and a level of —6 dB is expected since half
the power within the wave front is removed. An aliee sees only the diffracted signal when the
edge obstructs the line-of-siglyt & 0) so there will be no interference with theedirsignal.

Assume that the coordinate system is arrangedthéledge at thg-axis where zero is at the
line-of-sight so that the aperture becomes senitefin they-direction and described by the
following coordinates; ® —¥, x; ® ¥ andy, ® ¥; we get the aperture rat®=¥ and the

aperture correctioa = %2 (large aperture) so the transfer functiontfer sound pressure
behind the obstruction (the semi-infinite bafflecbmes:

H =4(C(¥)- C(- ¥)- i[s(¥)- s{- ¥))(c(¥)- Clv,)- i[s(¥)- Sl ))
SinceC(¥) = S¥) = % andC(—¥) = S—¥) = —Y%, the first parenthesis becomes (1 and the
result is:
H :%(1' i)(%' C(Vyl)' il.%' S(Vyl)J)

Using the scaling factor for from equation 118 we get:

= e el i sl =22

Here isy; the edge height above the direct sight from theoto the observer; this means
thaty; is positive when the edge is blocking the linesigfat between source and observer and
negative when the observer can see the source.

Plots of the transfer function are shown usingdtdiferent values of the distandgbetween
source and edge while the distameto observer is kept constant at 1 m. The respmse
calculated for three fixed positions of the edgec#fied throughy;. For the upper curve is the
edge below the line-of-sighy;(= —1 m), for the middle curve is the edge pos#bjust at the
line-of-sight {/; = 0) and for the bottom curve is the edge obstigdhe direct sight between
source and observey;(= 1 m) so that only the diffracted signal is mored.
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The first plot is fords = dp = 1 m (below, left) and the second plots kedipanchanged while
changingdS= 0.1 m (below, right).

Figure 129 — Transfer function with source 1 m frombaffle (left) or 0.1 m (right) and the
observer 1 m from baffle measured and at three diffrent heights.

The third plot usedS= 10 m (below, left) is compared to the Fraunhaifézgration from the
previous section (below, right). This comparisonow$f that the Fresnel near-field
approximation approaches the far-field theory fargé distance to the source since the
spherical wave front can be considered locally @lanlarge distance.

Figure 130 — Transfer function with source 10 m fran baffle (left) and Fraunhofer far-field
approximation (plane wave source) for an observer in from the baffle (right).

The frequency response oscillates around 0 dBriookeserver above the line-of-sight since
the diffracted signal from the baffle is interfegirwith the direct signal. The ripples are
suppressed for a baffle edge right at the lineigtitssince the delay between the signals is
reduced to zero and the level is reduced by 6 dBeshalf the signal power is removed from
reaching the observer (the Fresnel near-field aqpration assumes that the blocked signal
does not cause interference; it disappears, aseifbaffle were perfectly absorbing). The
frequency response for an observer below the lfreght is increasingly attenuated at the
higher frequencies.

The Fresnel length is insensitive to interchangiggndde so the plots remains the same for a
fixed distance between source and baffle of 1 m it the distance between baffle and
observer as parameter.
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5.2.9 Loudspeaker off-axis response

The model for the semi-infinite baffle will be usédl simulate the off-angle response of a
loudspeaker cabinet. The idea is based upon éat fesol the Measuremensection where it
was shown that the diffraction from a narrow baffles m wide) was almost identical to that
of a three times wider baffle. This does not apative that a finite baffle performs as a semi-
infinite baffle, but it does not harm to make apesment and see if it fits. The finite baffle
will thus be considered represented by a semiitefibaffle, which opens the possibility of
using the Fresnel near-field approximations.

Or-axis

Sourct Observe
| 5
EOff-axis 0 Obs<_ervati0r ds dp
point, P ¢ |
H B yl
Wedge \]
height,y1 Wedge
Sem-infinite
baffle
dp

Figure 131 — An semi-infinite baffle is used as maidl for loudspeaker off-axis performance.

The cabinet dimension of interestHsand may represent width or height depending upen t
requirement. The observation distanbeand observation anglg are specified by the
requirements for the set-up. The required distad¢asddr are determined by:

ds=Bcodq) ¢.=p/2-q
d.=D- dg

The edge of the semi-infinite baffle is locatedta y-coordinate of the loudspeaker baffle
edge used for the simulation. The height of theigefimite baffle is thus:

Yi=- BSin( 1)

The Fresnel variablg related not only to the height of the semi-inenlaffle but also to
frequency and is calculated through the use of temua09 and 119:

= |2f __duds
YTV P,
The transfer function is (according to equation)129
H :%(1' i)(%' C(Vyl)' il%' S(Vyl)J)

The result is shown below for a loudspeaker vidtk 0.10 m, which corresponds to a side
length of 0.20 m. The observation distance Ras1.30 m (the measurements were not offset
to 1.41 m as is done elsewhere) and the observatigle is the parameter.
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Figure 132 — Fresnel integration method used to detmine the on-axis (0°) and 30° off-axis
response for a loudspeaker baffle using a semi-imite baffle as model.

Figure 133 — Fresnel integration method used to detmine the 60° and 90° off-axis response
for a loudspeaker baffle using a semi-infinite bate as model.

The responses are correct in broad outline, ir@rigg the finer details. The measurement are
including contributions from all four edges so faltcordance to measurements cannot be
expected from a simulation using one edge only. BhdB loss of bass was correctly
modelled for the 30°, 60° and 90° examples abowyy the calculation at 0° failed in this
respect so it was decided to run a couple of sitima to find the limit where the model
starts working. The figures below show the evohuiio 5° steps and with the measurement at
0° used for reference since measurements at gmhtgeen 0° and 20° were not available.

Figure 134 — Off-axis response for 5°, 10°, 15° arRD° and compared to measurement at 0°.

The low-frequency level is starting near 0 dB asdnoving downward toward the correct
value, which is reached around 20° with a fair agpnation from 15°. The model is thus of
limited value for an observation point close toaxis.
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For angles above 90° is the direct signal from s®ublocked and only the diffracted
component is received at the observation point.résalts are reported below and show good
agreement at 12@Gnd 150 although the finer details are missing.

Figure 135 — Fresnel integration method used to detmine the 120°, 150°, 170° and 179° off-
axis response for a loudspeaker baffle.
The response at 180° can not be calculated sirc€rdgsnel length becomes zero so the last

test was performed at 179° with the measuremenidtresown for 180°. The result are far
away from the measured response so a calculatibn&twas included.

Figure 136 — Fresnel integration method used to detmine the 120°, 150°, 170° and 179° off-
axis response for a loudspeaker baffle.

As a conclusion, the semi-infinite baffle is usedslmodel for off-axis responses from 30° to
150° but it does not model all details of the |qetker baffle. An important feature of the
method is that the transition from front side tarrside is smooth so the method can be used

as a complement to the models presented in thégueehapter, they should be preferred for
simulations withint30° from on-axis.

Execution time for a frequency spectrum with 640hts was less than 3 minutes.
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5.2.10 Rectangular baffle

The transfer function for a rectangular aperturt @ studied for its use as a model for the
rectangular loudspeaker baffle since the radiasassumed equivalent to the radiation from
a point source behind an infinite baffle with adpre shaped as the baffle.

. Y Y] Infinie baffle
Front view Side viev .
(X1, ¥2) (x2, y2) with aperture
Pomt\ Observatior Observatior
source™N ) )
\8 2B paint point
z z
dp—
(Y [ op | (x2i¥)

Figure 137 — Loudspeaker baffle and the spherical ave form at the rectangular aperture.

The point source should ideally be located flusthwie front baffle, but this requirels = 0

so the Fresnel length becomes zero and cannotdeefas scaling to the Fresnel variable. A
compromise is required so a finite distance will dwed corresponding to moving the
loudspeaker baffle back from the front. This desigiravoided in real loudspeaker due to
problems with standing waves but must be accepteel o use the Fresnel theory.

For an observation distance mfmeasured from the aperture, which defines thet fobrthe
box, and using horizontal off-axis simulations gsihexzplane the coordinates becomes:

Xe =1, sin(g)
Ye =0
z, =r,codq)

The transfer function is related to the aperture #we loudspeaker is assumed to be located at
the centre; henceq = -A andx, = A for the horizontal axe ang = -B andy, = B for the
vertical axe. The observation point cannot be movdulit the aperture can — so we have the
following aperture coordinates withas the observation angle:

X =- A+ Rsin(q) X, = A+ Rsin(q)
y=-B y, =B

The integration limits for the Fresnel integralgigen by equation 119 where the scalinghby
relates the Fresnel variables to the size andiposif the aperture, the distance to the source
and observation point and to frequency:

vV, =hx, v, =hx, vyl:hyl, vyZ:hyz, where h= (2:_If_

The transfer function is given by equation 128 as:
H =H,(C(4)- Cwa)- iS(w.)- Slvalllclye)- Clv,)- ilslv,.)- slv,))
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The aperture correction is defined from equation With the aperture size given by equation
125 with the current loudspeaker baffle defined®By= 0.20 m andB = 0.34 m:

by ool A1rs? __J/AB
2145241 ds

The result is shown below and is seen to be vepgiddent upon the selectiondyand there
is no clear relation between the calculated andsomea responses so this method is not
useful for calculation of on-axis responses.

Figure 138 — Fresnel integration used with rectandar aperture as model for a rectangular
baffle at 0° observation angle withds= 1, 2, 5 and 10 cm.

Execution time for 6400 frequency points was léent10 minutes. This includes 8 calls to
the MAPLE commands for Fresnel cosine and sinegiate so more than 50 1integrals
have been calculated thus requiring about 10 medoh integral.

5.3 Conclusion

The Fraunhofer far-field theory and the Fresnelr4fieéd theory are valuable tools for

determining the angular pattern of a source anfdadiion around the edge of a baffle. The
computational power required is relatively largetse models are not (yet) interesting for
implementing within real-time computer-aided system
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6 Software
This chapter presents the software for the models.

6.1.1 Angular response

The angular response was plotted from the seves filonitored at®Q 30° and so on to 180
The © on-axis response were used for normalisation (Oref@rence) and results were
averaged through#b % range around the center frequency.

%

% ANGULAR PLOTS

%

% Plot the angular response for the selected source
%

% The file format is:
%
%
%
%
% Average plot over points corresponding to 10 % fr
% Index for the centre frequency is calculated from
% Hence the line number:

%

% Written by Tore Skogberg, (c) 2006.

(1) Line number:
(2) Frequency: F=0,
(3) Real value.

(4) Imag value.

N=1,

% Files: SourceAngular Response.png

clear

format compact

files.

..., 6401,
, ..., 12800 Hz.

equency
. F=2%(N-1)
N = F/2+1

% === GET FILES

fid=fopen(  '5-CircularBaffle\FreqRespSource000.dat'
DF=fscanf(fid, '%e %e %e %e' , [4inf]); fclose(fid);
DF=DF'; M(1,:)=sqrt(DF(:,3).”2 + DF(:,4)."2);

fid=fopen(  '5-CircularBaffle\FreqRespSource030.dat'
DF=fscanf(fid, 'Y%e Y%e Y%e %e' , [4inf]); fclose(fid);
DF=DF'; M(2,:)=sqrt(DF(:,3).*2 + DF(:,4)."2);

fid=fopen(  '5-CircularBaffle\FreqRespSource060.dat'
DF=fscanf(fid, '%e %e %e %e' , [4inf]); fclose(fid);
DF=DF'; M(3,:)=sqrt(DF(:;,3)."2 + DF(:,4)."2);

fid=fopen(  '5-CircularBaffle\FreqRespSource090.dat'
DF=fscanf(fid, 'Y%e Y%e Y%e %e' , [4inf]); fclose(fid);
DF=DF'; M(4,:)=sqrt(DF(:,3)."2 + DF(:,4)."2);

fid=fopen(  '5-CircularBaffle\FreqRespSource120.dat'
DF=fscanf(fid, 'Y%e %e %e %e' , [4 inf]); fclose(fid);
DF=DF'; M(5,:)=sqrt(DF(:,3)."2 + DF(:,4)."2);

fid=fopen(  '5-CircularBaffle\FreqRespSourcel50.dat'
DF=fscanf(fid, 'Y%e %e %e %e' , [4 inf]); fclose(fid);
DF=DF'; M(6,:)=sqrt(DF(:,3).”2 + DF(:,4)."2);

fid=fopen(  '5-CircularBaffle\FreqRespSource180.dat'
DF=fscanf(fid, '%e %e %e %e' , [4inf]); fclose(fid);
DF=DF'; M(7,:)=sqrt(DF(:,3)."2 + DF(:,4)."2);

% === DEFINE SCALES
F =[125 250 500 1000 2000 4000 8000]; % Frequ
A =1[03060 90 120 150 180]; % Angle

cC=[ b 9 T 'c' m Yy k' T

encies (Hz).
s (degrees).

% Colours for plot.

% === PLOT CURVES

for f=1:7
N = F(f)/2+1;
N1 = round(0.95*N);
N2 = round(1.05*N);

% Step through frequen
% Get index to cent

% Index to -5 %.

% Index to +5 %.

cies.
re frequency.

for k=1:7 % Step through angles.
R(k)=20*log10(mean(M(k,N1:N2))/mean(M(1,N1: N2)));
end
plot(A,R,C(f)); % Plot the selected curve.
hold on % Keep plot active.

end

drsted DTU — Acoustical Technology

135



Loudspeaker Cabinet Diffraction

% === PLOT LABELS
axis([0 180 -30 5));

grid on
title(  'Source angular response’ );
xlabel( 'Observation angle (degrees)' );

ylabel( 'Amplitude (dB)' );
legend( '125Hz' ,'250Hz' ,'500Hz' ,'l1kHz' ,'2kHz' ,'4kHz' ,'8kHZz'
'Location’ , 'SouthWest' );

6.1.2 Impulse response

The edge diffraction model used the calculated isguesponse for a circular baffle where
the measured frequency response was converted polsenresponse using the MATLAB
command for inverse Fourier transformation: IFFT.

The program reads the input file for the measurdraged for the reference and calculates the
complex transfer function in “FreqResp”, which igextor with 6401 complex elements. The
impulse response is calculated directly and plottigd real, imaginary and amplitude values.

%

% Calculate the transient response from measurement S.

%

% Input is the monitored frequency response 0 ... 1 2800 Hz in 2 Hz step
% from the measurement of the on-axis response of t he circular baffle

% normalised to the measurement of the on-axis resp onse without baffle.

%
% Written by Tore Skogberg, (c) 2006.

clear
format compact

% --- Constants

tm = 1/2; % Sampling time (s)

dt = 1/12800; % Incremental time (s)
t = 0:dt:itm; % Time axis (s)

% --- Get source and reference files
s='5-CircularBaffle/FreqRespBaffle000.dat' ; % Source file
fid=fopen(s);

d=fscanf(fid, 'Y%e %e %e %e' , [4inf]);

fclose(fid);

d=d';

s='5-CircularBaffle/FreqResplnitial4.dat' ; % Reference file
fid=fopen(s);

r=fscanf(fid, 'Y%e %e Y%e %e' , [4inf]);

fclose(fid);

r=r';

% --- Plot normalised frequency response
figure(1);
FregResp = (d(:,3)+i*d(:,4)) ./ (r(:,3)+i*r(:,4)); % Response Re+i*Im

semilogx(r(:,2), 20*log10(abs(FregResp)), )
axis([100 10000 -15 25));

title(  'Impulse response - Frequency spectrum'’ );
xlabel( 'Frequency (Hz)' );

ylabel( 'Amplitude (dB)' );

% --- Plot impulse response

figure(2);

TimeResp = ifft(FreqResp);

plot(t,real(TimeResp), - timag(TimeResp), "' tabs(TimeResp), )
axis([0 2e-3 -1 1));

title(  'Impulse response - Time response' );

xlabel(  'Time (s)' );
ylabel( 'Amplitude’ );
legend( 'Real' ,'Imag’ , 'Amplitude’ );
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6.1.3 Comparing models to measurements

This software was used for the majority of ploteeTsoftware is basically divided into three
sections; first, an introduction with definition obnstants used; second, a selection of models
to analyse and third, an output block for plottinglost models are deactivated by
“commenting” the lines within the software list throughUseMode| which is a software
selector used to enable or disenable code segrttaoisghif and elseif commands. Most
models include algorithms for calculation of botorit-side and rear-side spectra and the
software listening includes reference to the PN&+sed internally for this documentation.

Constants
I
! | !
Model 1 Model2 | ----- ModelN
I I |
!
Plot model
'

Plot reference

Figure 139 — Software layout with a common block fothe definition of constants followed
by the individual models and finally the common blgk for plotting of the results.

All plots consist of two inputs: the result frometmodel (plotted in blue colour) and the input

from the file selected for comparison (plotted e icolour). The selected file is plotted as the
difference between the measurement and the avefabe four measurements selected as the
free-field reference.

%
% COMPARE RESPONSE TO MEASUREMENT
%
% Plot the calculated frequency response and compar
%

% Written by Tore Skogberg, 2006.

LSS S oo e —

e to measurement.

clear
format compact
disp('Executing ...");

%
% DEFINITIONS
%
% Constants, parameters and variables used througho

% The "CONSTANTS" can be changed at will, "Paramete
% calculated plot and "Output control" affects plot

% "VECTORS" are internal variables and should not b

% the size should match the 6401 lines of the Data

%

ut the program.
rs" affects the
layout. The

e changed since
files (xxx.DAT).

% === CONSTANTS

% --- Parameters

B = 0.17 % Radius of circular baffle
R = -0.60; % Reflection coefficient.
c = 345 % Speed of sound (m/s).

% --- Output control

fmin=60; % Start frequency (Hz).

fmax = 10000; % Stop frequency (Hz).
pmax = 10; % Maximum pressure within p
pmin = -15; % Minimum pressure within p
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% offs= O; % No free-field correctio n (dB).
offs= -6.02; % Free-field correction (dB ).
corr=  0.00; % Distance correction (dB).

% === VECTORS

f=0:2:12800; % Frequency axis (Hz) - DO NOT CHANGE.
g =1:6401; % Dummy index counter.

pO(g) = 1; % Initialise pO for 0 dB in meas. report.
k = (2*pilc)*f; % Angular wavenumber (1/m).

kB = k*B; % Normalised frequency and range.
%

% MEASUREMENT REPORT - CIRCULAR BAFFLE

%

% Files: PlotCircularBaffleCentre000.png (Observ ation angle)
% PlotCircularBaffleCentre030.png

% PlotCircularBaffleCentre060.png

% PlotCircularBaffleCentre090.png

% PlotCircularBaffleCentre120.png

% PlotCircularBaffleCentre150.png

% PlotCircularBaffleCentre180.png

%

% PlotCircularBaffleOfsetOOcm.png  (Source offset)
% PlotCircularBaffleOfset03cm.png

% PlotCircularBaffleOfsetO6cm.png

% PlotCircularBaffleOfset09cm.png

% PlotCircularBaffleOfset12cm.png

% PlotCircularBaffleOfset15cm.png

% PlotCircularBaffleOfset18cm.png

% PlotCircularBaffleOfset25cm.png

% === PLOT OBSERVATION ANGLE

% MainTitle="Circular baffle, 0 degrees';

% DataFile='5-CircularBaffle\FreqRespBaffle000.dat' ;

% === PLOT SOURCE OFFSET

% MainTitle='Circular baffle, Offset 25 cm';

% DataFile='3-CircularBaffle\FreqRespFront25cm.dat' ;

% corr =-0.71;

%

% MEASUREMENT REPORT - RECTANGULAR BAFFLE

%

% Files: PlotRectangularBaffleCentre000.png

% PlotRectangularBaffleCentre030.png

% PlotRectangularBaffleCentre060.png

% PlotRectangularBaffleCentre090.png

% PlotRectangularBaffleCentre120.png

% PlotRectangularBaffleCentre150.png

% PlotRectangularBaffleCentre180.png

% PlotRectangularBafflePoint1.png

% PlotRectangularBafflePoint2.png

% PlotRectangularBafflePoint3.png

% === PLOT OBSERVATION ANGLE

% MainTitle="Rectangular baffle, 180 degrees’;

% DataFile="'4-RectangularBaffle\FreqRespCentre180.d at’;

% === PLOT SOURCE OFTSET

% MainTitle="Rectangular baffle, Point 3';

% DataFile='4-RectangularBaffle\FreqgRespCentre000.d

% DataFile="4-RectangularBaffle\FreqRespOffset.dat
% DataFile='4-RectangularBaffle\FregRespAsym.dat

at'; % Point 1
""" % Point 2
" % Point 3

%

% EDGE DIFFRACTION MODEL - REFLECTION COEFFICIENT

%
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% Files: PlotFixedReflectionCoefficientl.png (R
% PlotFixedReflectionCoefficient2.png (R
% PlotFixedReflectionCoefficient3.png (R
% PlotFixedReflectionCoefficientd.png (R
% PlotFixedReflectionCoefficient5.png (R
% PlotFixedReflectionCoefficienté.png (R
% PlotVariableReflectionCoefficientl.png (R
% PlotVariableReflectionCoefficient2.png (R
% PlotVariableReflectionCoefficient3.png (R
% PlotVariableReflectionCoefficient4.png (R

-0.60 Front)
-0.33 Front)
-0.60 Rear)
-0.33 Rear)
-0.60 Dif Front)
-0.33 Dif Front)
-0.60 Front)
-0.33 Front)
-0.60 Rear)
-0.33 Rear)

% === FIXED REFLECTION COEFFICIENT

% R =-0.60;

% pl = exp(-i*kB);

% MainTitle = 'Fixed reflection coefficient R = -0.

% DataFile='5-CircularBaffle\FreqRespBaffle000.dat'
% p0 =1+ R.*p1; % Front side sound pressu
% DataFile='5-CircularBaffle\FreqRespBaffle180.dat'
% p0 = (1 + R).*p1; % Rear side sound pressur

% === VARIABLE REFLECTION COEFFICIENT

% R = -0.60*((1+i*kB)./(1+0.60*i*kB));

% pl = exp(-i*kB);

% MainTitle = 'Variable reflection coefficient R =

% DataFile='5-CircularBaffle\FreqRespBaffle000.dat'
% p0 =1+ R.*pl; % Front side sound pressu
% DataFile='5-CircularBaffle\FreqRespBaffle180.dat'
% p0 = (1 + R).*p1; % Front side sound pressu

-0.60 ... -1.00";

%

% EDGE DIFFRACTION MODEL - ANALYTICAL EXPRESSIONS

%

% Files: PlotCircularBaffleOffsetSource5cm.png (Of
% PlotCircularBaffleOffsetSource10cm.png (-"
% PlotCircularBaffleOffsetDif5cm.png  (Of

% PlotCircularBaffleOffsetDif10cm.png  (-"

% PlotEllipticProjectionFront.png (El

% PlotEllipticProjectionRear.png "

% PlotEllipticProjectionFrontDif.png  (El

% PlotEllipticProjectionRearDif.png  (-"

% PlotTiltedBaffleFront.png (El
% PlotTiltedBaffleRear.png "
% PlotTiltedBaffleFrontDif.png (El
% PlotTiltedBaffleRearDif.png ("

% PlotRectangularBaffleFront85.png (Re
% PlotRectangularBaffleFront85Dif.png (Re
% PlotSquareBaffleFront2.png (Re

% PlotSquareBaffleRear2.png ("

fset source)

fset source, dif)
<)
liptic Projection)

liptic Difference)

liptic Tilted)
liptic Difference)
ctangular 1)
ctangular 1 Dif)
ctangular 2)

% === CIRCULAR BAFFLE

% --- Observation angle (off-axis monitoring)

% MainTitle = 'Circular baffle at 30 degrees off-ax

% DataFile='5-CircularBaffle\FreqRespBaffle030.dat'
% pl = exp(-i*kB).*sin(0.50*kB)./(0.50*kB);

% p0 =1 + R*p1; % Front side sound pres

% MainTitle = 'Circular baffle at 30 degrees off-ax

% DataFile='5-CircularBaffle\FreqRespBaffle120.dat'
% p0 = (1 + R)*p1; % Front side sound pres

is - Front side";

sure.
is - Rear side’;
)

sure.

% === CIRCULAR BAFFLE

% --- Offset source
% MainTitle = 'Circular baffle with source offset 5

% DataFile='3-CircularBaffle\FreqRespFront05cm.dat'

% pl = (1/2)*(exp(-0.93**kB).*sin(0.22*kB)./(0.22
% exp(-1.22**kB).*sin(0.07*kB)./(0.07
% MainTitle = 'Circular baffle with source offset 1

% DataFile='3-CircularBaffle\FreqRespFront10cm.dat'
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cm - Front side’;
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% pl = (1/2)*(exp(-0.85**kB).*sin(0.44*kB)./(0.44
% exp(-1.44**kB).*sin(0.15*kB)./(0.15
% p0 =1+ R.*p1; % Front side sound pressu

% === ELLIPTIC BAFFLE

*kB) + ...
*kB));
re.

% --- 30 degree projection of circle

% pl = exp(-0.81*i*kB).*sin(0.19*kB)./(0.19*kB);

% MainTitle = 'Elliptic baffle - Front side’;

% DataFile='5-CircularBaffle\FreqRespBaffle030.dat'
% p0 =1+ R.*p1; % Front side sound pressu
% MainTitle = 'Elliptic baffle - Rear side";

% DataFile='5-CircularBaffle\FreqRespBaffle120.dat'
% p0 = (1 + R).*p1; % Rear side sound pressur

% --- 30 degree tilted baffle

% pl = exp(-i*kB).*sin(0.5*kB)./(0.5*kB);

% MainTitle = 'Tilted baffle - Front side’;

% DataFile='5-CircularBaffle\FreqRespBaffle030.dat'
% p0 =1+ R.*pl; % Front side sound pressu
% MainTitle = 'Tilted baffle - Rear side';

% DataFile='5-CircularBaffle\FreqRespBaffle120.dat'
% p0 = (1 + R).*p1; % Rear side sound pressur

% === RECTANGULAR BAFFLE

% --- Model 1

% pl = (1/3)*exp(-i*kB).*(exp(-0.5**kB) + ...

% 2*c0s(0.25*kB).*sin(0.25*kB)./(0.25*kB));

% MainTitle = 'Rectangular baffle source offset 85

% DataFile="4-RectangularBaffle\FreqRespOffset.dat
% p0 =1+ R.*pl; % Front side sound pressu

% --- Model 2

% pl = (1/2)*(exp(-1.25**kB).*sin(0.33*kB)./(0.33

% exp(-1.04**kB).*sin(0.04*kB)./(0.04

% MainTitle = 'Square baffle - Front side’;

% DataFile='4-RectangularBaffle\FreqRespCentre000.d
% p0 =1+ R.*p1; % Front side sound pressu

% MainTitle = 'Square baffle - Rear side’;

% DataFile='4-RectangularBaffle\FreqgRespCentre120.d
% p0 = (1 + R).*pl; % Rear side sound pressur

mm - Front side’;

re.
*KB) + ...
*kB));

at';
re.

at';

%

% EDGE DIFFRACTION MODEL - NUMERICAL CALCULATION

%

% Files: PlotNumericalCircularBaffle1l.png (
% PlotNumericalCircularBaffle2.png (
% PlotNumericalCircularBaffle3.png (3
% PlotNumericalCircularBaffle4.png (3
% PlotNumericalCircularBaffle5.png (6
% PlotNumericalCircularBaffle6.png (9
% PlotNumericalCircularBaffle7.png (a2
% PlotNumericalCircularBaffle8.png (15
% PlotNumericalCircularBaffle9.png (a8
% PlotNumericalCircularBaffle10.png (3
% PlotNumericalCircularBafflell.png (6
% PlotNumericalCircularBafflel2.png (3
% PlotNumericalCircularBaffle13.png (6
% PlotNumericalCircularBafflel4.png  (
% PlotNumericalCircularBaffle15.png  (
% PlotNumericalCircularBaffle16.png  (
% PlotNumericalCircularBafflel7.png  (
% PlotNumericalCircularBaffle18.png  (
% PlotNumericalCircularBaffle19.png  (
% PlotNumericalCircularBaffle20.png  (

(

% PlotNumericalCircularBaffle21.png

% PlotNumericalRectangularBafflel.png (
% PlotNumericalRectangularBaffle2.png  (
% PlotNumericalRectangularBaffle3.png  (
% PlotNumericalRectangularBaffle4.png  (
% PlotNumericalRectangularBaffle5.png (3
% PlotNumericalRectangularBaffle6.png (6
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0deg, 2 points)
0 deg, 200 points)
0deg, 4 points)
0 deg, 200 points)
0 deg, 200 points)
0 deg, 200 points)
0 deg, 200 points)
0 deg, 200 points)
0 deg, 200 points)
0 deg, Corr #1)

0 deg, Corr #1)

0 deg, Corr #2)

0 deg, Corr #2)
0deg, 0cm)
0deg, 3cm)
0deg, 6.cm)
0deg, 9cm)

0 deg, 12 cm)

0 deg, 15 cm)

0 deg, 18 cm)

0 deg, 25 cm)
0deg, 4 points)
0deg, 8 points)
0deg, 16 points)
0 deg, 200 points)
0 deg, 200 points)
0 deg, 200 points)
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Loudspeaker Cabinet Diffraction

% PlotNumericalRectangularBaffle7.png (9

% PlotNumericalRectangularBaffle8.png (12
% PlotNumericalRectangularBaffle9.png (15
% PlotNumericalRectangularBaffle10.png (18

% PlotNumericalRectangularBaffle11.png (
% PlotNumericalRectangularBaffle12.png (
% PlotNumericalVersion2Circularl.png  (

% PlotNumericalVersion2Circular2.png (3
% PlotNumericalVersion2Circular3.png (6
% PlotNumericalVersion2Circulard.png (9

% PlotNumericalVers1CorrlCentre000.png (
% PlotNumericalVers1CorrlCentre030.png (3
% PlotNumericalVers1CorrlCentre060.png (6
% PlotNumericalVers1CorrlCentre090.png (9
%

0 deg, 200 points)
0 deg, 200 points)
0 deg, 200 points)
0 deg, 200 points)
0 deg, Offset #2)
0 deg, Offset #3)
0 deg, 200 points)
0 deg, 200 points)
0 deg, 200 points)
0 deg, 200 points)
0 deg, V=1, C=1)
0 deg, V=1, C=1)
0 deg, V=1, C=1)
0deg, V=1, C=1)

% PlotNumericalCircularBafflel.png 0 deg Model 1
% PlotNumericalCircularBaffle2.png 30 deg

% PlotNumericalCircularBaffle3.png 60 deg

% PlotNumericalCircularBaffle4.png 90 deg

% PlotNumericalModel2CircularBaffle1.png 0 deg Model 2
% PlotNumericalModel2CircularBaffle2.png 30 deg

% PlotNumericalModel2CircularBaffle3.png 60 deg

% PlotNumericalModel2CircularBaffle4.png 90 deg

% PlotNumericalModel2CircularBaffle5.png 91 deg

% PlotNumericalModel2CircularBaffle6.png 1 20 deg

% PlotNumericalModel2CircularBaffle7.png 1 50 deg

% PlotNumericalModel2CircularBaffle8.png 1 80 deg

%

% PlotNumericalModel3Circular000.png 0 deg Model 3
% PlotNumericalModel3Circular030.png 30 deg

% PlotNumericalModel3Circular060.png 60 deg

% PlotNumericalModel3Circular090.png 90 deg

% PlotNumericalModel3Circular091.png 91 deg

% PlotNumericalModel3Circular120.png 1 20 deg

% PlotNumericalModel3Circular150.png 1 50 deg

% PlotNumericalModel3Circular180.png 1 80 deg

%

% PlotNumericalModel3CircularOffset00.png 0cm Model 3
% PlotNumericalModel3CircularOffset03.png 3cm

% PlotNumericalModel3CircularOffset06.png 6.cm

% PlotNumericalModel3CircularOffset09.png 9cm

% PlotNumericalModel3CircularOffset12.png 12 cm

% PlotNumericalModel3CircularOffset15.png 15cm

% PlotNumericalModel3CircularOffset18.png 18 cm

% PlotNumericalModel3CircularOffset25.png 25cm

%

% PlotNumericalModel3Rectangular000.png 0 deg Model 3
% PlotNumericalModel3Rectangular030.png 30 deg

% PlotNumericalModel3Rectangular060.png 60 deg

% PlotNumericalModel3Rectangular090.png 90 deg

% PlotNumericalModel3Rectangular091.png 91 deg

% PlotNumericalModel3Rectangular120.png 1 20 deg

% PlotNumericalModel3Rectangular150.png 1 50 deg

% PlotNumericalModel3Rectangular180.png 1 80 deg

%

% PlotNumericalModel3RectangularP1.png P os1l Model3
% PlotNumericalModel3RectangularP2.png P 0s 2

% PlotNumericalModel3RectangularP3.png P 0s3

% === MODEL SELECTION

UseModel = 5; % UseModel = 0 to discard the m odel.

% UseModel = 1 for model 1 Firs
% UseModel = 2 for model 2 Seco
% UseModel = 3 for model 3 Thir
% UseModel = 4 for model 3 Dire
% UseModel = 5 for model DED, U

UseBaffle = 1; % UseBaffle = 1 for circular di
% UseBaffle = 2 for rectangular
if (UseModel > 0)
if (UseBaffle == 1)

% === (BAFFLE 1) CIRCULAR BAFFLE ==========

drsted DTU — Acoustical Technology

t diffraction.
nd diffraction.
d diffraction.
tivity.

rban et al.

sk radius B.
baffle AxB.
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Loudspeaker Cabinet Diffraction

%

%
%

%
% The circle is specified by the number of

% through EdgeSources, with a nominal value

% The sources are located on a circle with
%

% Source location is specified through (x0,
% Shservation point is specified through (x
%

MainTitle = 'Circular baffle, Model DED (
MainTitle = 'Circular baffle, Model DED, 15
DataFile='5-CircularBaffle\FreqRespBaffle15

MainTitle = 'Circular baffle, Model 3, 25

DataFile="3-CircularBaffle\FreqRespFront2
% --- OBSERVATION POINT
OA =150; % Observati
OD= 1.41; % Observati
XP = OD*sin(OA*pi/180); % Observati
yP =0;
zP = OD*cos(OA*pi/180);
x0 =0.00; % Source (|
y0 =0.00;
z0 =0.00;
EdgeSources=200;
EdgePoint=1:EdgeSources;
X = B*cos(2*pi*(EdgePoint-1)/EdgeSources);
y = B*sin(2*pi*(EdgePoint-1)/EdgeSources);

% Number of

edge sources input
of 200 sources.
radius B.

y0, z0).
P, yP, zP).

R=-0.6), 120 degrees';
0 degrees’;

O.dat ';

cm offset’;

5cm.dat

on angle (deg).
on distance (m).

on point.

oudspeaker).

edge sources.

else

% === (BAFFLE 2) RECTANGULAR BAFFLE =======

%
%

%
% The rectangle is specified through width

% and the number of edge sources to use. Th
% by 4 and rounded to the nearest integer.

% are thenplaced equidistantly along each s
%

% Source location is specified through (x0,

% Shservation point is specified through (x

%

MainTitle = 'Rectangular baffle, Model 3, P
DataFile="4-RectangularBaffle\FreqgRespCen
DataFile="4-RectangularBaffle\FreqRespOff

DataFile='4-RectangularBaffle\FreqRespAsym.

OA = 000; % Observati

OD= 1.41; % Observati

XP = 0.10 + OD*sin(OA*pi/180); % Observati
yP =0.17;

zP = OD*cos(OA*pi/180);

X0 =0.15; % Source (I

y0 =0.085;

z0 =0.00;

EdgeSources=200; % Number of

E = round(EdgeSources/4);

W =0.20; % Baffle wi
H=0.34; % Baffle he
forn=1E

x(n) =W*(n-1)/E; % Lower edg
y(n) =0

X(n+E) =W;
y(n+E) = H*(n-1)/E;
X(n+2*E) = W*(E-n+1)/E; % Top edge
y(n+2*E) = H;

% Right edg

(W) and height (H)
e number is divided
The edge sources
ide.

y0, z0).

P, yP, zP).

osition 3';
tre000.dat'; % Pos 1
set.dat '; % Pos 2
dat " % Pos3

on angle (deg).
on distance (m).

on point.

oudspeaker).

edge dources (>1).

dth (m), W =2A.
ight (m), H = 2B.

e (0,0) to (W,0).
e (W,0) to (W,H).

(W,H) to (0,H).

X(n+3*E) = 0; % Left edge (O,H) to (0,0).
y(n+3*E) = H*(E-n+1)/E;
end
end

% === PREPARE VECTORS
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Loudspeaker Cabinet Diffraction

r0 = sqrt((xP-x0)"2+(yP-y0)"2+(zP-z0)"2); % S
b = sqrt((x0-x)."2+(y0-y)."2); % S

r = sqrt((xP-x)."2+(yP-y)."2+zP"2); % E
thO = asin(sqrt((xP-x0)"2+(yP-y0)"2)/r0); % O

ource to observer.

ource to edge.
dge to observer.
bservation angle.

N = length(x); % Half number f or pointer to the
N2 =N/2; % second-order diffraction source.
for n=1:N-1
d(n) = sqgrt((x(n+1)-x(n))"2+(y(n+1)-y(n)) "2);
phi(n) = acos((b(n)*2+b(n+1)"2-d(n)*2)/(2*b (n)*b(n+1)));
th(n) = asin((sqrt(xP-x(n))"2+(yP-y(n))"2) Ir(n));
if (N<N2+1)
e(n) = sqrt((x(n+N2)-x(n))"2+(y(n+N2)-y (M)2);
else
s(n) = sqrt((x(n-N2)-x(n))"2+(y(n-N2)-y (M)"2);
en
end
d(N) = sart((x(N)-x(1))"2+(y(N)-y(1))"2);
phi(N) = acos((b(N)*2+b(1)"2-d(N)"*2)/(2*b(N)*b( 1));
th(N) = asin((sgrt(xP-x(N))*2+(yP-y(N))*2)/r(N ));
S(N) = sgrt((x(N2)-x(N))"2+(y(N2)-y(N))"2);
en
% === MODEL 1
% Basic implementation using one diffraction compon ent.

% Front or rear side is determined from the sign of
%

if (UseModel == 1)
disp('ED model 17;
for g = 1:1:6401 % Index counter.
f(g) = 2*(g-1); % Frequency: 0, 2, 4, .
ik = i*2*pi*f(g)/c; % Angular frequency (1/
if (zP-z0>=0) % Front side radiation.
pO(g) = 1 + (R/(Z*pi))* ...
sum((r0./(b+r)).*exp(ik*(r0-b-r
else % Rear side radiation.
pO(g) = (1 + R)/(2*pi))* ...
sum((r0./(b+r)).*exp(ik*(r0-b-
end
end

the z-variable.

.., 12800 Hz
m).

))-*phi);

)).*phi);

% === MODEL 2

% Extended model using two diffraction components.
% Front or rear side is determined from the sign of
%

elseif (UseModel == 2)
disp('ED model 2Y);
for g = 1:1:6401 % Index counter.
f(g) = 2*(g-1); % Frequency: 0, 2, 4, .
ik = i*2*pi*f(g)/c; % Angular frequency (1/
if (zP-z0>=0) % Front side radiation.
pO(g) = 1 + (R/(2*pi))* ...
sum((1+R*(b+r).*exp(-ik*e)./(b+
(r0./(b+r)).*exp(ik*(r0O-b-r
else % Rear side radiation.
pO(g) = (1+R)/(2*pi))* ...
sum((1+(1+R)*(b+r).*exp(-ik*e)
(r0./(b+r)).*exp(ik*(r0-b-
end
end

the z-variable.

.., 12800 Hz
m).

e+r)).* ...
))-*phi);

J(bte+r)).x ...
) phi);

% === MODEL 3

% Extended model using three diffraction components
% Front or rear side is determined from the sign of
%

elseif (UseModel == 3)
disp('ED model 3');
for g = 1:1:6401 % Index counter.
f(g) = 2*(g-1); % Frequency: 0, 2, 4, .
ik = i*2*pi*f(g)/c; % Angular frequency (1/
if (zP-z0>=0) % Front side radiation.
po(g) =1 + (R/(2*pi))* ...

drsted DTU — Acoustical Technology

the z-variable.

.., 12800 Hz
m).
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sum((1+R*exp(-ik*e).*((b+r)./(b
R*(b+r+e).*exp(-ik*e)./(b+r
(r0./(b+r)).*exp(ik*(r0-b-r
else % Rear side radiation.
pO(g) = ((1+R)/(2*pi))* ... -
sum((1+(1+R)*exp(-ik*e).*((b+r
(1+R)*((b+r+e).*exp(-ik*e)
(r0./(b+r)).*exp(ik*(r0-b-
end
end

+r+e)+ ...
+2%€))).* ...
))-*phi);

)./(b+r+e)+ ...
d(b+r+2%e)))).* ...
)).*phi);

% === MODEL 4
% Extended model using three diffraction components
% Includes model of loudspeaker directivity.

% Front or rear side is determined from the sign of

%

elseif (UseModel == 4)
disp('ED model 4%;

the z-variable.

a=0.10; % Loudspeaker radius (m ).
for g = 1:1:6401 % Index counter.
f(g) = 2*(g-1); % Frequency: 0, 2, 4, . .., 12800 Hz
ik = i*2*pi*f(g)/c;
ka = ik*ali;
FO = 2*besselj(1,ka*sin(th*pi/180))/(ka*sin (th*pi/180));
F1 = 2*besselj(1,ka)/ka;
if (zP-z0>=0) % Front side radiation.
pO(g) = FO + (R*F1/(2*pi))* ...
sum((1+R*exp(-ik*e).*((b+r)./(b +r+e)+ ...
R*(b+r+e).*exp(-ik*e)./(b+r +2*e))).* ...
(r0./(b+r)).*exp(ik*(r0-b-r ))-*phi);
else % Rear side radiation.
pO(g) = (1+R)*F1/(2*pi))* ...
sum((1+(1+R)*exp(-ik*e).*((b+r )./(b+r+e)+ ...
(1+R)*((b+r+e).*exp(-ik*e) d(b+r+2*e)))).* ...
(r0./(b+r)).*exp(ik*(r0-b- r)).*phi);
end
end
% === MODEL 5
% Urban: DED model.
0
elseif (UseModel == 5)
disp('DED model’);
for g = 1:1:6401 % Index counter.
f(g) = 2*(g-1); % Frequency: 0, 2, 4, . .., 12800 Hz
ik = i*2*pi*f(g)/c; % Angular frequency (1/ m).
pO(g) = (1+cos(th0))/2 - (1/(4*pi))* ...
sum((r0./(b+r)).*exp(ik*(r0-b-r)).* cos(th).*phi);

end
end

%

% FRESNEL INTEGRATION

%

% Files: PlotFresnelinfiniteWedgeRectangular001.png
% PlotFresnelinfiniteWedgeRectangular005.png
% PlotFresnelinfiniteWedgeRectangular010.png
% PlotFresnelinfiniteWedgeRectangular015.png
% PlotFresnelinfiniteWedgeRectangular020.png
% PlotFresnelinfiniteWedgeRectangular030.png
% PlotFresnelinfiniteWedgeRectangular060.png
% PlotFresnelinfiniteWedgeRectangular089.png
% PlotFresnelinfiniteWedgeRectangular120.png
% PlotFresnelinfiniteWedgeRectangular150.png
% PlotFresnelinfiniteWedgeRectangular170.png
% PlotFresnelinfiniteWedgeRectangular179.png
% PlotFresnelinfiniteWedgeRectangular180.png
%

% PlotFresnelRectangularBaffle1cm000.png

% PlotFresnelRectangularBaffle2cm000.png

%

% PlotFraunhoferRectangularBafflem000.png

drsted DTU — Acoustical Technology

1 deg data 000

5 deg data 000
10 deg data 000
15 deg data 000
20 deg data 000
30 deg data 030
60 deg data 060
89 deg data 090
120 deg data 120
150 deg data 150
170 deg data 180
179 deg data 180
180 deg data 180

Odegds=1cm
0degds=2cm

0 deg
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% PlotFraunhoferRectangularBafflem030.png
% PlotFraunhoferRectangularBafflem060.png
% PlotFraunhoferRectangularBafflem090.png
% PlotFraunhoferRectangularBafflem120.png
% PlotFraunhoferRectangularBafflem150.png
% PlotFraunhoferRectangularBafflem180.png
%

% Execution time: max 3 min.

UseModel = 0; % UseModel = 0 Discard models.
% UseModel = 1 Fresnel semi-inf
% UseModel = 2 Fresnel rectanfu
% UseModel = 3 Fraunhofer semi-
if (UseModel ==1)
% === FRESNEL - SEMI-INFINITE BAFFLE ==========
MainTitle = 'Fresnel integration - Loudspeaker
DataFile="4-RectangularBaffle\FreqgRespCentre000

A = 0.10; % Horisontal dimension
D = 1.30; % Observation distance
th= 0; % Observation angle (de

% --- PARAMETERS
ds = A*cos(pi/2-pi*th/180); % Distance to s

dp = D-ds; % Distance to o

y1 = -A*sin(pi/2-pi*th/180); % Wedge height
% --- MODEL

HA =0.5; % Aperture constant (la

L =ds*dp/(ds+dp); % Fresnel length (m).
h = sqrt(2*f/(c*L)); % Scaling factor (1/m).
disp('...1/2");

Cy = mfun('FresnelC',h*y1);

disp('...2/2");

Sy = mfun('FresnelS',h*y1);

p0 = HA*(1-i)*(0.5-Cy-i*(0.5-Sy));

elseif (UseModel == 2)

30 deg
60 deg
90 deg
120 deg
150 deg
180 deg

inite baffle.
lar baffle.
infinite baffle.

baffle at 0 deg’;
.dat";

(m); Width =2A
(m).

grees).
ource (m).
bserver (m).

(m).

rge aperture).

% === FRESNEL - RECTANGULAR BAFFLE

MainTitle = 'Fresnel integration - Rectangular
DataFile="4-RectangularBaffle\FreqgRespCentre000

A = 0.10; % Horisontal dimension
B = 0.17; % Vertical dimension (m
0= 1.30; % Observation distance
th=0; % Observation angle (de

% --- PARAMETERS

ds = 0.20; % Source to ape

dp = rO*cos(pi*th/180); % Distance to o
x1 = -A+r0*sin(pi*th/180); % Aperture coor
X2 = A+r0*sin(pi*th/180);

yl=-B;

y2 = B;

% --- MODEL

s = sqrt(A*B)/ds; % Apert

HA = (1/2)*sqrt(1+s"2)/(sqrt(1+s"2)+1); % Apert
L =ds*dp/(ds+dp); % Fresn

h = sqgrt(2*f/(c*L)); % Scali
disp('...1/8"; % Displ

Cx1 = mfun('FresnelC',h*x1);

disp('...2/8";

Cx2 = mfun('FresnelC',h*x2);

disp('...3/8");

Sx1 = mfun('FresnelS',h*x1);

disp('...4/8";

Sx2 = mfun('FresnelS',h*x2);

disp('...5/8;

Cy1 = mfun('FresnelC',h*y1);

disp('...6/8);

Cy2 = mfun('FresnelC',h*y2);

disp('...7/8";

Syl = mfun('FresnelS',h*y1);

disp('...8/8");

Sy2 = mfun('FresnelS',h*y2);

pO = HA*(Cx1-Cx2-i*(Sx1-Sx2)).*(Cy1-Cy2-i*(Sy1-

elseif (UseModel == 3)

baffle at 0 deg, ds =20 cm’;

.dat";
(m); Width =2A
): height = 2B.
(m).

grees).

rture (m).
bserver (m).
dinates (m).

ure size.

ure correction.
el length (m).
ng factor (1/m).
ay step number.

Sy2));

% === FRAUNHOFER — RECTANGULAR BAFFLE

drsted DTU — Acoustical Technology
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MainTitle = 'Fraunhofer integration - Rectangul
DataFile='4-RectangularBaffle\FreqRespCentre030

% --- INPUT PARAMETERS

th = 030; % Observation angle (de
0= 0.41; % Obsevation distance (
B = 0.10; % Baffle half-width (m)

% --- INTERNAL PARAMETERS
h = -B*sin(pi/2-th*pi/180) % Edge height (o
zP = r0-B*cos(pi/2-th*pi/180) % Edge to observ

amax = 20; % Horisontal lintegrati
bmax = 20; % Vertical upper integr
bmin = h/zP % Vertical lower integra

M  =1200; % Number points for alf

N =1200; % Number points for bet

da =amax/M; % Increment in alfa (no
db = (bmax-bmin)/N; % Increment in beta (no
FP =100; % Number of frequency p

% --- INTEGRAL
alfa = -amax:da:(amax*(M-1)/M); % Vector contai
% --- Frequency loop

for g=1:6401 % Index for the
f(9)=2%(9-1); % Frequency (Hz
if (mod(g,FP) == 1) % Calculate for
disp(9); % Output the lo

ikz = i*2*pi*f(g)*zP/c; % Frequency-dis
% --- Summation loop
for n=1:N % Index for bet
beta = (n-1)*db+bmin;
abv = sqrt(1+alfa.*2+beta”2);
wf = sqgrt(1+(alfa/3).~2+(beta/3)"
% --- ALFA summation (2M elements)
alfasum(n) = sum(exp(-ikz*abv)./(ab
end
% --- BETA summation (N elements)
p0(g) = abs(ikz*ramax*(bmax-bmin)*sum(al
if (g > FP)
for h=(g-FP+1):(g-1)
pO(h) = ((g-h)*pO(g-FP) + (h+FP
end
end
end
end
end

ar baffle at 30 deg’;
.dat';

9).

m).

bserver = 0).
er distance.
on limits.
ation limit.
tion limit.

a.

a

te: amin = -amax).
te: asymmetric).
oints calculated.
ning alfa-values.
frequency vector.
).

1, FP+1, 2FP+1, ...
op-counter value.
tance.

a with N elements.
% Beta-value.
% Vector.

2); % Weight.

v wi));
fasum)/(M*N*2*pi));

-9)*p0(Q))/FP;

%

% PLOT THE MODEL

%

% Model data is stored in "p0" as amplitude values
% upper limit at 12.8 kHz with 2 Hz spacing. Data i
% logarithmic frequency axis showing the range from
% set through the parameters fmin and fmax, and wit
% sound pressure levels set through the parameters
%

disp('Plotting ...");

FreqSpec = 20*log10(abs(p0)); % Change format and
figure(1); % Prepare output pi
semilogx(f,FreqSpec,'b-'); % Plot versus frequ
axis([fmin, fmax, pmin, pmax]); % Set freq-axis and
titte(MainTitle); % Set selected titl
xlabel('Frequency (Hz)"; % Set freg-axis lab
ylabel('Amplitude (dB)"); % Set decibel-axis.

hold on; % Keep figure ready

from 0 Hz to the
s output with a
60 Hz to 10 kHz,
h max and min
pmin and pmax.

make decibel.
cture #1.
ency.
decibel-axis.
e.
el.

for more plots.

%

% PLOT THE MEASUREMENT

%

% The average of four files are defined as the refe
% The files are read, data is converted from real a
% magnitude and the average is computed.

drsted DTU — Acoustical Technology

rence for output.
nd imaginary to
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% The "fopen" command assume data files containing:

% (1) Line number, (2) Frequency, (3) Real value, ( 4) Imag value.

% DataFile is converted to format 6401 rows with th e above 4 columns.
% Variable "MeasRefX" contains 6401 rows with the a mplitude value.

% Variable "MeasRef" contains the resulting referen ce spectrum.

0

% --- Get measurements source file.
fid=fopen(DataFile); d=fscanf(fid, 'Y%e %e %e %e', [ 4 inf]); fclose(fid);
d=d'; MeasSource=sqrt(d(:,3).”2 + d(:,4)."2);

% --- Offset measurement for rectangular baffle to 1.41 m distance.

if (DataFile == '4-RectangularBaffle\FreqRespCe ntre000.dat’)
corr =-0.71;

elseif (DataFile == '4-RectangularBaffle\FreqRespCe ntre030.dat’)
corr =-0.57;

elseif (DataFile == '4-RectangularBaffle\FregRespCe ntre060.dat’)
corr =-0.22;

elseif (DataFile == '4-RectangularBaffle\FregRespCe ntre090.dat’)
corr = 0.24;

elseif (DataFile == '4-RectangularBaffle\FreqRespCe ntre120.dat")
corr = 0.68;

elseif (DataFile == '4-RectangularBaffle\FreqRespCe ntre150.dat")
corr = 0.99;

elseif (DataFile == '4-RectangularBaffle\FreqRespCe ntre180.dat")
corr= 1.19;

elseif (DataFile == '4-RectangularBaffle\FreqRespOf fset.dat ')
corr =-0.71;

elseif (DataFile == '4-RectangularBaffle\FreqRespAs ym.dat )
corr =-0.71;

elseif (DataFile == '3-CircularBaffle\FreqRespFront 0Ocm.dat ")
corr =-0.71;

elseif (DataFile == '3-CircularBaffle\FreqRespFront 03cm.dat )
corr =-0.71;

elseif (DataFile == '3-CircularBaffle\FreqRespFront O6cm.dat )
corr =-0.71;

elseif (DataFile == '3-CircularBaffle\FreqRespFront 09cm.dat )
corr =-0.71;

elseif (DataFile == '3-CircularBaffle\FreqRespFront 12cm.dat )
corr =-0.71;

elseif (DataFile == '3-CircularBaffle\FreqRespFront 15cm.dat )
corr =-0.71;

elseif (DataFile == '3-CircularBaffle\FreqRespFront 18cm.dat )
corr =-0.71;

elseif (DataFile == '3-CircularBaffle\FreqRespFront 25cm.dat )
corr =-0.71;

else
corr = 0.00;

end

corr

% --- Get measurements reference files.
refl='5-CircularBaffle\FreqResplnitial3.dat’;
ref2="5-CircularBaffle\FreqResplnitial4.dat’;
ref3='5-CircularBaffle\FreqRespSource000.dat';
refA='5-CircularBaffle\FreqRespSource360.dat’;

fid=fopen(refl); rl=fscanf(fid, '%e %e %e %e', [4 i nf]); fclose(fid);
rl=r1'; MeasRefl=sqrt(r1(:,3).*2 + ri(:,4).72);
fid=fopen(refl); r2=fscanf(fid, '%e %e %e %e', [4 i nf]); fclose(fid);
r2=r2'; MeasRef2=sqrt(r2(:,3)."2 + r2(:,4).72);
fid=fopen(refl); r3=fscanf(fid, '%e %e %e %e', [4 i nf]); fclose(fid);
r3=r3'; MeasRef3=sqrt(r3(:,3)."2 + r3(:,4)."2);
fid=fopen(refl); rd=fscanf(fid, '%e %e %e %e', [4 i nf]); fclose(fid);

r4=r4'; MeasRef4=sqrt(r4(:,3)."2 + r4(:,4)."2);
MeasRef=(MeasRefl+MeasRef2+MeasRef3+MeasRef4)/4;

% --- Calculate and plot magnitude of the measured spectrum.
MeasSpec=20*log10(MeasSource)-20*log10(MeasRef)+off s+corr;
semilogx(f,MeasSpec,'r-');

legend('Model','Measurement','Location’,'SouthWest' );

hold off;

%
% PLOT THE DIFFERENCE
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%

% The difference between data and reference is comp uted and output.
0
UseDif =1; % Set UseDif = 0 to discard the plo t.
% Set UseFif = 1 to use the plot op tion.
if (UseDif == 1)
figure(2); % Prepare outpu t picture #2.
Dif = FreqSpec-MeasSpec; % Calculate dif ference.
semilogx(f,Dif,'g-");
axis([fmin, fmax, pmin, pmax]); % Set freg-axis and decibel-axis.
title(MainTitle); % Set selected title.
xlabel('Frequency (Hz)"); % Set freg-axis label.
ylabel('Amplitude (dB)"); % Set decibel-a Xis.
legend('Difference’,'Location’,'SouthWest');
hold off;
end

6.1.4 Fraunhofer far-field model

This section presents the implementation of therdétlym for calculating the transfer function
using the assumption of plane waves approachingfanite edge. The input is edge heidht
above the origin of the coordinate system. Tophefddge is af = h with the edge along the
x-axis and the observer locatedyat 0. The height is negative for a edge obstructing less
than 50 % of the plane wave. The observer is locate =y = 0 andz = z.. See Figure 112
for details. The implementation includes a weigindtion for improved convergence and a
correction factor for 0 dB when the edge is remoffed< —1).

The main equation is:

L, = 20lo l0|'kz By By = D) ¥ M exp( ikz,/1+a f)
‘2 MN n=1m= M\/(1+a +b)(1+l %b
The normalised variables are defined by:
azl, b:l, bMIN :ﬂ
Zp Zp Zs

a,=mba, m=-M 0 M-1
b, =(n-1)pb+b,,, n=1 N
The increments (step sizes) are defined by:

Da = Auax = Awin Db = bMAX - bMIN

2M N
Integration limitsawin, @uax, andbuwax and number of stepd andN are input parameters.

The MATLAB dot-operators for efficient multiplicath and division of vector elements are
used to build a vector containing tieclements. The vector size iM2A for-loop is build
for controlling the frequency axe and another g is used to step through theslements.
The counter must start from 1 due to the rule fidieking within MATLAB so the current-
value is calculated as shown above. Himw+vector contains the calculations over aH
elements for the currert-value corresponding to the first square root ie ¢enominator
above and the/f-vector contains the calculations for the weighitdiion corresponding to the
second square root. The weight function valueseated by 1/3 before squaring to widen the
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weight function according to the previous discussibhe complex calculation is stored in
alfasungn) wheren is the current index for th&-element. After the for-loop are all elements
within the vector summed and scaled with the fregyeintegration range and number of
steps. The output is expressed in decibels. A wgris output from MATLAB since the
value is zero for the first frequency point.

0f) mmmmmmmmmmmmmmmmmmmmmmmmmmmmmmmmmmmmmmmmmmmmmmm= —————
22 FRAUNHOFER INEGRATION - INFINITE WEDGE

?3 Compute the calculated frequency response.
?Written by Tore Skogberg, 2006.

‘;; Infinite wedge at far-field conditions.
% Includes weight function and scaling for 0 dB at no wedge.

clear
format compact

% Files: PlotinfiniteWedgel.png Height O and -1 0.
% PlotinfiniteWedge2.png Weight 1, 1/3 a nd 1/10.
% PlotinfiniteWedge3.png  Weight 1/10 and 1/30.

% PlotinfiniteWedge4.png  No weighting.
% PlotinfiniteWedge5.png H=-1,0and 1 .
% PlotinfiniteWedge6.png H=-1,0and 1 with grid.

% --- CONSTANTS
c = 345; % Speed of sound (m/s).

% --- INPUT PARAMETERS

zP = 1; % Observer horisontal distance from wedge (m).
h = 1, % Observer vertical distance above wedge (m).
fo = 10; % Frequency increment (Hz).

% --- INTERNAL PARAMETERS

amax = 100; % Horisontal limits, alfa maximum.
bmax = 100; % Vertical limit, beta maximum.
bmin = h/zP; % Vertical limit, beta minimum.

M =1000; % Number of horisontal points for a Ifa.

N =1000; % Number of vertical points for bet a.

da =amax/M; % Increment in alfa (note: amin = -amax).
db = (bmax-bmin)/N; % Increment in beta (note: asymmetric).

% --- INTEGRAL

alfa = -amax:da:(amax*(M-1)/M); % Vector containing alfa-values.
% --- Frequency loop
for g=1:201 % Index for the freque ncy vector.
g % Output step numbe r to screen.
f(g)=(g-1)*f0; % Frequency (Hz).
ikz = i*2*pi*f(g)*zP/c; % Frequency-distanc e.
% --- Summation loop
for n=1:N % Index for beta with N el ements.
beta = (n-1)*db+bmin; % B eta-value.
abv = sgrt(1+alfa.~2+beta"2); % A Ifa-beta vector.
wf = sqrt(1+(alfa/3)."2+(beta/3)"2); % W eight function.

% --- ALFA summation (2M elements)
alfasum(n) = sum(exp(-ikz*abv)./(abv.*wf));
end
% --- BETA summation (N elements)
H(g) = abs(ikz*amax*(bmax-bmin)*sum(alfasum)/(M *N*2*pi));
end

% --- PLOT RESULT

plot(f,20*log10(H), ™)
titte(  'Fraunhofer integral with the height as parameter' );
axis([0 2000 -25 5]);
xlabel(  'Frequency (Hz)' );
ylabel(  'Transfer function, L (dB)' );
legend ( 'Above wedge, h/z_P =-1' , % b
'At wedge top, h/z_P = 0' , % g
'‘Below wedge, h/z_P = 1' , %r
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'Location’ , 'SouthEast' );
grid on
hold on
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7 Appendix

This chapter presents the mathematics requiredeiovations within the document.

7.1 Mathematical definitions
This section contains miscellaneous derivationsl ugéhin this document.

7.1.1 Partial integration

Partial integration (integration by terms) is definas follows for definite integrals, which is
used here, but the procedure applies to indefiniegyrals as well (Westergren, 141):

b

b
f (x)a(x)dx=[F(x)a(x)]> - F(x)g€x)dx
F(x)= f(x)dx
This relation will be used to transforppandpy,.

7.1.2 First-order differentiation

First-order differentiation of a product is definaslfollows (Westergren, 137), whei(e)
andg’(x) denotes the first-order derivativesfff) andg(x) respectively:

9L (ol = 169 d 3 + 1) o6

dx

7.1.3 Second-order differentiation

Second-order differentiation of a product is dedfires follows, wher&’( x) andg” (xX) denotes
the second-order derivativesf@f) andg(x) respectively:

=) + 1) S {ald + {F (<o) + 1) < {0}
= f €x)g(x)+ f €x)g€x)+ f €x)g€x)+  (x)g €x)

Hence the rule for second-order differentiation:

d—z{f(x)g(x} =10 d 3 +216 oby + (5 o)

dx?
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7.2 Blurring

A circular baffle delays the diffracted signal byixed amount of time while any other baffle
shape distributes the delay over time, thus blgrine diffracted signal, which has the
important consequence of reducing the over-all gog# of the ripples. The baffle shape is
thus an important parameter and it is the purpdsthie section to derive a method for
computing the degree of blurring of the diffracdnal. The model is suited for analytical
work using the expressions as well as numericallgitions using a computer.

7.2.1 Overview

Expression will be derived for the below baffle gag. All expressions are approximations
based upon the method to be presented.

SOUI’C><—\
\(_)/ b= poexil: ikB)
2B
ZBJO@ P, = P &p - kB 731+ COS;(”) sinc kB ?11 ] COS;(q)
2B ) _ -
b, =% oxp - gL +W e kgt 0 W
2Bc0s () 0 voxp - ikB\/erh d oim d2 +cos(g) - 1- dg
_l_ 2 2
D
2B . =2
28 O p. =% [exp(- 104KB)sinc{004kE) + exe- 125ikB)sind{0174]]
2B
1.158 p, =P exp(- ikB) exp(- ikD)+2>cos KD " inc X2
l D 3 2 2
2B

Figure 140 — Sound pressure of diffraction (first eflection) for different baffle shapes.

DimensionB represents the size of the baffle &hdn offset from the centre along one of the
axes. All baffles are assumed rigid and the loudkeeis represented by a point source.
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7.2.2 Theory

The sound pressure generated by the diffracteddsatuthe edge of the baffle is calculated
from integration of infinitesimal sound sourcesdted on an infinite plane at positions
corresponding to the edges of the baffle. The apomof large observation distance and on-
axis listening generates the below expression (feguation 53), which describes the sound
pressure of the diffracted sound at the observgimnt as a transfer function (the integral)
multiplied by the direct signapg).

2. " - )
p, =—2> exp- ikb)d/
1 2,0 .
Distanceb is function of angle and will be written a® = Bf( ), whereB is a fixed length,
characterising the baffle size, afd) is a dimensionless function, characterising thélé
shape and wherf ) > 0 for all since the distance between source and edge must be
positive. Thus, we have:

P, =% “exl- kBT (7 )/

0

The functionf( ) will be approximated by linear sections of fidetgth. The shape will thus
be described by a straight line frdfng) to f( 1), another straight line frorf{ ;) to f( ») and
so forth, with each section being defined by tlaetstg pointf( ,,) and the slops,, wheren is
the section number (0 % — 1) and the total number of sectiondlis 2 /

Two examples are shown in the picture below with dhgle ranging from 0 to 2, but the
starting and ending points can be at any angleras ads the total range is.2Since the range
is closed by one full revolution of, the starting function valug o) must equal the limiting
function valuef( ) since they describes the same point. The filsivahrg represents a baffle
with circular shape whose radius is constantbse B andf( ) = 1. The second drawing
represents a square baffle whbrie at the maximum value at the cornet points.

f()

f()=1-

0 2 o 1 2 3 4 5 6 1 8
Figure 141 — The shape function for two baffle shas, circular (left) and square (right) both
assuming that the loudspeaker is placed symmetridglat the centre.

Assuming that the sections are of identical lengch with the step size , and that the
number of line segmentsh§ the function can be approximated by:

tG)=s:0-7.)+f0.) j.</<j.+Di, n=123 ,N-1

_fUat)- 1) o o2
Sn_ D/ ’ D/ - N
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Insertion of this definition into the integral prozks:

1 N-1/ntD/
po=pos - expl- ikB[s, -/ )+ ()
pn:O Jn
1 N1 JatD/
=P ex- kBf(/,)) expl- ikBs, {/ -/ )i
Zp n=0 Jn
The first exponential corresponds to a delay defibg baffle sizeBf( ) at the considered
point while the second exponential represents tfezteof blurring. Computing the integral
generates the following expression:

i i P Jn*Dy
o = byt expl- ik (7)) XA KBS Y /)

P n=0 - IkB% Jn
1Nt . wexd- ikBsDj )- 1
=p,— - ikBf
pO 2p nzoexd I 0 n)) _ |kB§1

The last term represents a sine function, whichlmiseen by moving half the value of the
exponential function outside the brackets and uBinkgr's formula for the sine function on
the brackets (Westergren, 62). Introducing the siep  shows that the sine function is
divided by its argument, and it is thus recogniaedhe sinc function.

exp ikBsDj exp - ikBs,Dy

1 Nt _ _ kBSD/ 2 : :
=po=— exp- ikBf exp -
P =Pog  expl- KBIGJlexp - =2 (2o .
N-1 . ) ‘
= IOoi exp - ikB f(/ )+ S 2 g, kBsD/
2p n=0 2 kBs]D/ 2
kBs,D/

Dy Nt . .S
=p,— exp-ikB f + sinc
Pomy OXP Ua)+=3
Using the definition ok, enables the delay function being expressed bwatkeage function
value for both ends of the current segment andséimee relation can be used to express the
sinc function as the change in function value. Thestant in front of the sum is equal tdN1/
and the result is the required expression:
sincka(/”+D/)_f(/") 130

L1, D)e 1)
N 2 2

PL=Pog ©EXP-

This equation will be addressed in the followingtsms but before generating a library of
baffle shapes, a method shall be introduced focutating the expression using the least
possible number of segments.

7.2.3 Optimisation

A quite large number of points are required foradiggion of a typical baffle but the number
of segments required for calculation can be reddoednost baffles using symmetry of the
baffle as well as mathematical properties of thpression. Using the square baffle as an
example, the below drawing shows that althoughdtepe function is defined within the
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closed range from O to 2the function itself is periodic within the rangem 0 to /2, so
only this range needs consideration. This redugsestumber of segments to one-fourth.

A A

f()

2 2
0 2 0 12 0 2

Figure 142 — The shape function for a square bafflshape oscillates between function values
f; and f, (left). The periodicity of the shape function canbe used to remove most of the
calculation (middle) and the symmetry of the exporial and sinc functions can be used to
swap the sign of the linear sections (right).

The exponential function within equation 130 is idefl by the average value of two
consecutive pointd( ) andf( ,+1), from now on written a§ andf,, but the actual order of
the points is unimportant; the function values bannterchanged without affecting the result.
A similar conclusion applies to the sinc functionedto the symmetry of the function to
negative arguments: sina—= sinck). As a consequence, one can swap the sign ofdpe s
to the sections, thus calculating the remaining seations as one section. The physical
explanation is that the effective delay is caladsat the midpoint of each linear section.

The above problem can be calculated from the fanctalued; andf; as:
P, = Po€Xp - ikB% sinc kB—fl'2 f 11

One possible implementation for this equation is edliptic baffle where the radius is
increased gradually between the minimum value hadritaximum value. The shape function
may not exactly model the elliptic baffle but itasleast an approximation.

y /\ , ) f

f2 Section of
baffle f1
L 1
U X
Source 1 2
f1

Figure 143 — The shape function for one section tfe baffle.

This can be generalised, approximating the bafflealfinite number of sections with the
delay defined by the mean distance and the ripplned by the difference between the
distances to the endpoints of the section. Thdeaffthus described by the sum of the above
contributions and divided by the number of segmdusingN segments to describe the baffle
we haveN + 1 endpoints and the following equation approxesahe diffracted signal.
N
p=P exp- ikB% sinc kB% , fa=1 132

n=1

With two segmentsN = 2) we havds, f, andfs, with f3 = f; since the loop is closed.
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The sections do not need to be of the same gizsn step with different values for each
section. The simplification of the problem opens gossibility of improving the precision of
the approximation by increasing the number of segme

A A

f()

v

Figure 144 — The shape function for a square bafflshape can be reduced from eight
segments to one segment as shown previously (leftus allowing an improvement in the
accuracy by using two segments to represent the gigfunction (right).

Using two straight lines for each segment, oneftmction valuesf; andf,, and another
segment for function valudésandfs, results in the following expression:

f o+ f f,+ 1, f,- f,

P, =P exp - ikB—2—2 sinc kBQ +exp - ikB—=—— sinc kB 133
2 2 2 2

The function value§, andf, are closer together than the function valigeendfs, so the first
sinc function will attenuate the signal at a higlirequency than the second sinc function.

7.2.4 Circular baffle

Radius of the circular baffle B, which is constant so the shape funcfin) is unity for all
and it is thus not required dividing the functiomoi sections, one section fromto ; using a
step size of =2 will do. The result for the circular baffle becasna delay function
without the sinc function.

P =P exd- ikB) 134

The circular baffle does not affect the amplitudeh® diffracted signal; only the phase is
changed, so the circular baffle causes seriougf@néance throughout the frequency range.

f()

v

Figure 145 — Derivation of function f( ) for an elliptic baffle.
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7.2.5 Elliptic baffle

An ellipse is defined similarly to the circle as B,cos( ) andy = Bycos( ), where the shape
is specified through the coefficienBz andB, and becomes a circle f@ = B,. With the
major axis of the ellipsalong thex-axis, the equation for the ellipse can be written:

x=Bcodj ), y=Bcodg)sin(j), 0<j <2p, O<q<%

This represents a circle for the projection angke 0°, and the ellipse collapses to a straight
line for g = 90°, with the elliptic shapes within this rangée ellipse may alternatively be
constructed as the projection of a circle onto agied plane, which can be considered as a
circular baffle observed at angle so the following theory applies equally well taciacle

observed off-axis at observation angleThe elliptic baffle and its shape function is sio
below.

y 1)

A f2

\S)
@
(@]
o
4]
7
D
N
v

f1

T T T Tt T 1T 171 11 >
0 1 2 3 4
< 2B > 0 2

Figure 146 — Derivation of function f( ) for an elliptic baffle.

The distance from the sound source to the edge is:
b= +y? = Bycog(/ )+ cos(g)sin?(; )
The shape function, i.e. the function descridingecomes:
b=Bf(/) f(7 ) =Jco(j )+co(g)sin’(/)

Using the trigonometric identity for the sum of aged sine and cosine functions, the cosine
can be rewritten as a squared sine.

f(7 ) =+/1- sin?(/ )+ cog(g)sin’( )
=1+ (cos(q)- 2)sin”(/)

A Taylor series expansion will be used to simptifg expression by removing the square root
(Westergren, 196). Only the two first terms of sagies expansion are used, which results in
an error around 6 % for an argument approaching £1.

\/1+X»1+§ f(/')»1+&2q)_1sinz(/)
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The function isp-periodic, so only the range from O pis needed for calculation. The
function will be approximated by two sections wittthis range, s®/ = p/2. The maximum
and minimum values are:
f,=1 =
cog(q)
2

NS o

/
1 .
f2:§+ /

The expression for the sound pressure from theadi#d signal will use equation 131:
P, = P, exp - ikB% sinc kB%

Inserting the function values into the exponengsults in the following expression:

k8 |, 1, coslo)
2 2 2

exp - ik7B[f1+ f,] =exp -

=exp - ikB 34 cos(q)
4 4

The delay becomes identical to the circular bdffleg = 0°, as it should. The sinc function
can be written as:

ke | 1, c08(g)
2 2
cos(q)

=sinc kB l— —
4 4

sinc kB% =sinc

The sound pressure of the diffracted signal forditiptic baffle becomes:

.3 g _ 2
P, = P, &p - kB Z"‘COT(Q) sinc kB Z_ COT(Q) 135

The delay changes from the maximum vat@eobtained forg = 0°, where the elliptic baffle
has become a circle, and to the minimum value @8KB obtained atg = 90°, where the
baffle is a straight line. The latter value is amsly too large but this is a result of the
approximation. The sinc function changes from uaity = 0° tokB/4 at the projection angle
of g=90°.

For an elliptic baffle with height equal to 50 %tbe width, the projection angle ¢g= 60°,
for a cosine of 0.50, and the equation becomes:

p, = p,exp- 081kB)sind 019%B) 136

The elliptic baffle introduces the sinc functiortarthe diffracted signal thus attenuating the
level of the diffracted signal at the high-frequgead.
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The baffle cut-off frequency can be defined asfitst zero in the frequency response, which
is determined from equation 135 as:

1 cog(g) 2 c

| ) kB _ _
sinc kB 7 - — == =0 7[1' co§(q)]—,0 feur = 1- cog(g)) B

ForB = 170 mm and = 60° will the first zero occur at 5.4 kHz so thlliptic baffle is an
improvement to the circular baffle only at highduencies.

7.2.6 Off-axis correction

A circular baffle looks like an elliptic baffle wheit is viewed from an angle different from
on-axis and similar for a square baffle, which ledke a rectangle when it is tilted. This is
shown below for the circular baffle.

o c do
0 30 4 J'_ daon ——]
Projectior K
O:.
.\ OO
.O \\\ q
o »
Ry 30°
f dsos

Figure 147 — The observer may see the circle turnédto an ellipse but the sound must travel
through a distance, which is increased for one sidend decreased for the other side.

It is possible modelling the tilt using the abowels if the change in distance to the observer
is taken into account; distandgya is shorter than the nominal distardgevhile distancealsog

is larger. Hence, the model approximates a cirdlle offset source. Similar applies to a tilted
square, which is turned into a rectangle, and tngte is turned into another rectangle.

The change in distance for a tilted baffle is:
d = Bsin(g) 137
The change in distance is reflected within the stfapction, which becomes:
f, :1+sin(q), f,=1- sin(q)

Insertion into equation 130 gives:

p, = p, exf- ikB)sindkBsin(g)) 138

For g= 30° the equation becomes:

P =P exd— ikB)sinc %B 139
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7.2.7 Elliptic baffle with offset source
A model will be derived for an elliptic baffle withffset source.

() Approximate esponse
for D = B2

Source

2Bcos(g) I D:./ "

2B 0 2

o
-
N
w
FN

Figure 148 — Derivation of function f( ) for an elliptic baffle with offset source.

Offsetting the source t® = D does not affect the definition of the ellipse buthanges the
distance from the sound source to the edge.

b=1(x- Df +y
=By/(cod/ )- D +(codg)sin{ )}
The offset distance will be normaliseddg= D/B and the shape function becomes:

£()=1(cod/ )- d ) +cos(g)sin’(/)

The function is B-periodic, but symmetry can halve the range neddedalculation top.
The function will be approximated by two sectionghim this range, s/ = p/2 and the
function values must be calculated at 0,p/2 and/ =p. The function values are:

f,=£(0)=+/@- d, ) =1- d,
f, = f(p/2) =\/di +cos(q)

fy=flp) ={L+dy ) =1+d,

Insertion into equation 133 generates the follovargression:

_ P _1- dg +4/d2 +cog(q) cinc kgl de - JdZ +cos(q)

exp - ikB
2 P 2 2

P,
140

2 2
V9 +co§2(q)+1+ ds gV +c0322(q)— 1- dg

+exp - i

It is seen, that the model reduces to the simpgt®mential for a projection angle of= 0° and
an offset ofD = 0; as it is expected to do.
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For an offset different from zero the cosine fumies become unity and we have an equation
for a circular baffle with offset source:

1-d, +4/d2+1 1-d, - yd2+1
P =P exp - kB—2 V"B = ginckB—2 V"B =
2 2
2 +1+1+ 2+1-1-
+exp - |kBM SinC deI3121dl3

Approximating the square roots by the Taylor seeiggansion and ignoring the squaring of
the dg term within the square root we get the approxiomati

P, =P exp - ikB 1- A sinc kB% +exp - kB 1+% sinc kB$ 141
2 4 4 4 4

The errors introduced by the approximations ardigibte; the model is an approximation
anyway. FoD = B/2 we getds = ¥2 and the equation becomes:

o} =P exp - zikB sinc §kB +exp - E'ikB sinc 1kB
2 8 8 8 8

Using a projection angle of= 60° and an offset @ = B/2, the result becomes:
p, = %[exp(— 060%kB)sind 010%B) + expl(- 110xkB)sind 0.79%B)] 142

The elliptic baffle with offset source attenuaté® tdiffracted signal above a frequency
defined by the baffle dimensid®and the offset. The attenuation starts whereiteedf the
sinc function has its zero and accelerates whereebond sinc function has its zero. The two
zero frequencies are:

sind 010°kB)=0, sind 079:kB)=0

The frequencies are located at different frequensiethe cut-off frequency is defined here as
the geometrical midpoint of the two frequencies:

010%B=p for =52
B _ _ C
c fCUT - fCUTl fCUT2 - 185
079%kB=p feurs = 0632

The cut-off frequency becomes 3.6 kHz wgh= 170 mm, which is in reasonable agreement
with the plot.

7.2.8 Square baffle

Using a square baffle with the loudspeaker locatedmetrically at the centre produces the
following relation exists for thg andy coordinates of the vertical right-hand side:

x=B, y=Btan), - %</ <%
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Similar expressions can be stated for the othessidut this is not required due to symmetry,
as explained in section 7.2.3.

r' N A
y ()
- = /4 2 A
A1) \
2 \
2B & vae 1 >
_> ‘_
l T T T T T T T >
0 1 2 3 4 5 6 7 8
—— 2B —» 0 4 2 3/4 5/43/27/4 2

Figure 149 — Derivation of function f( ) for a square baffle. Only the first quarter of the
range is of interest due to periodicity and even tB range can be halved due to symmetry.

The relation for determination of the shape funtfior the range from 0 td/4 is:

by f (7 )=+ +y? = ByL+tar?(f) f(,-):bE,/manZ(/)

B

One of the possible definitions is shown in theufeg above wherég = B, for which f( )
becomes equal to the square root and this defniwdl be used below, but any other
definition is equally valid. Using the symmetryetmethod needs only two function values,
f( 0) = 1.00 and( 1) = 1.41, for computation of the expression.

P, = p,exp - kg2 14 ginc kg4t
The expression becomes:
p, = poexp(- 121kB)sind 021kB) 143

This is almost identical to the expression of diptet baffle; the main difference is the delay,
which 1.5 times larger thus corresponding to thegdm baffle. The expression can be
improved by using four two linear sections witk= 0, /8 and /4. The function values are:
f( o) = 1.00,f( 1) = 1.08 andf( 3) = 1.41 and insertion into equation 133 generdtes
following expression:

p = pO%[ex;:(— 1.04ikB)sind0.04kB)+eX|:(— 125kB)sinc(O.17kB)] 144
The expression can be re-arranged by moving teetérm of the sum outside the brackets:
I SR iR 004sin(017kB)
P, = B 2exp( 104ikB)sind 004kB) 1+exp(- 021kB) 017 sin{004KB)

The term in front of the brackets is — almost —gkpression of a circular baffle; the decay is
close to exp(ikB) and the sinc function is almost independent ufpequency, the first zero

is located around 50 kHz. The term inside the btcgpresents the change due to the four
corners of the square.

The right-hand term includes division with a sin@dtion but the equation does not blow up
when the function approaches zero since the simctifun in front of the brackets approaches
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zero at the same frequency. The net result atithi¢é becomes equal to the scaling factor
within the brackets, i.e. the peak will be 0.0470at around —8 dB.

The cut-off frequency will here be defined as tkeozfrequency of the sinc function within
the square brackets, since the sinc function intfaf the brackets has limited influence
within the audible range.

sind 017kB) =0 017kB=p foyr = 2.9%

The cut-off frequency becomes 5.9 kHz wgl= 170 mm, which is in reasonable agreement
with the plot although it is close to the local kemterference due to diffraction is reduced
above the cut-off frequency but serious ripplinghii the useful frequency range can be
expected since the cut-off is relatively high.

7.2.9 Rectangular baffle

A rectangular baffle is not easily modelled witlive polar coordinate system, so the baffle to
be analysed will be fixed in the high to width eatn order to survive the calculation. The
description will use twelve segments (= 30°), fixing the baffle size at 1.BShigh by B
wide (1 high by 1.73 wide), which is intended tpresent a typical rectangular baffle.

The shape function will be approximated by thregnsents from O to using the symmetry,
and ignoring the minor variations within the fumetj which corresponds to rounding the
corners of the baffle, as shown dashed in the éidpaiow.

y| 3= 12
5=5/6 4=2/3 2= 13 1= /6

1.1 ¢ ¢= =X
\ 1] X
‘\\ l— D L
\\_Q: 4 /3 10=5 _/3"/ 0
727/6 923/2 11211/6 I I I I I
| 0 2 4 6 8 10 12
, 28 | 0 2

Figure 150 — Derivation of function f( ) for a rectangular baffle with offset sound source
The shape function is shown for d = B/2 as the offs and the effect of the simplification is
shown as dotted lines; the edges are rounded.

Key values of the shape function are shown below.

B- D D f+f B+D D
fl:T:l-E’ fZ:%:l f3: :1+_
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Insertion into expression 130 (with= 3) the equation becomes:

pl=& exp-'k—B 1-2+1 sinck—B 1+2-1
3 2 B 2 B

+exp - ”(78 1+1+2 sinc %B 1-1- %

+exp - '%B 1+2+1 sinck?B 1+%-1

The sinc functions are identical despite the d#fersigns and reduction of the exponentials
results in:

P, ey 2xexp - ikB 1+R +exp - ikB 1- b sinc kBR
3 2B 2B 2B

_ P . ikD ikD ikD . kD
=—exp- ikB) exp - — +exp - — +exp — sinc —
5 ©XH- ikB) exp - = p-= P 5
The square bracket is recognised as the sum dbg ded a cosine function according to the
Euler formula for the cosine function (Westergréd). Hence:

o :%exr(- ikB) exp(- ikD)+ 2xcos k—; sinc k_2D 145
For offsetD = B/2 the expression becomes:
_ P . ikB kB . kB
=—exp- ikB) exp - — +2x0s— sinc — 146
Py =3rexel- kB) exp - = 4 4

Two zero-frequencies are possible; the first is guthe terms within the square bracket and
the second is generated by the sinc function. ®peession can be solved analytically but
MATLAB is better suited for this purpose so a fikas generated representing the terms
within the square bracket and the amplitude ist@tbbelow.

The first minimum is found fokB/2 = 2.58 so the cut-off frequency becorfgs = 0.8Z/B,
which is at 1.7 kHz foB = 170 mm. The sinc function generates a nukBi# = , so the
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next cut-off is atfcyt = 2¢/B = 4.1 kHz forB = 170 mm. The geometric mean of the two
values is 2.6 kHz, which is approximately at thakpbefore the level finally drops off.

7.3 Blurring of the second reflection

It is the purpose of this section to derive an é&guafor the blurring of the diffracted signal
due to the second reflection. The reflected sigghalksumed to propagate as spherical waves
within the 2 solid angle in front of or behind the baffle geaterg new reflections whenever
an edge is reached. This is illustrated below wheflection is represented by a monopole
sound source located at the edge. Hence, the mudgl also be used to calculate the
amplitude response of a loudspeaker mounted adbe of a circular baffle.

Figure 151 — Estimation of distance d as functionfdhe observation point expressed by for
a circular baffle with radius b. The monopole soundsource of the figure represents each of
the infinitesimal sound sources along the periphergf the circle.

The model will be presented for the circular baéftdy, due to the complexity of the problem.

7.3.1 Theory

An infinitesimal sound source is defined on theleirperiphery with thex andy coordinates
determined by:

x=Bcod/j ), y=Bsin(/)

The source is assumed locatedB&0) so the length of distanckto a point on the circle is
changing from zero toRaccording to the following relation:

d=4(B- x)’+y?

=By(L- codj ) +sin’(/)

=By2(1- cod/
The square root can be removed using a trigonoenidintity (Westergren, 127):
Sin2 -/_ ::L-C—Oi/) d =2Bsin /_
2 2 2
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The sound pressure at distamgérom each of the infinitesimal sound sources, tedaat the
periphery of the circle and assuming an infiniteng, is:

iwrq

-__wq d/
2p(r,+B+d)

explint - ikr, - ikB- i|<o|)5

dp,

Ignoring the change in amplitude dueBandd, but not the change in phase, simplifies the
expression by removing andd from the dominator and settimg equal toro. This requires
the dimensioB + d being less thagry, wheree is the accepted error anglis the distance to
the observation point. Using this information tlggi@tion simplifies to:

dp, =$exdi ut - ikr, Jexpl- ikB)exp(- ikd)%

0

The first two terms are recognised as the origmahopole sound sourg® and the third
term is recognised as the delay of a circular egfflpo, so the equation can be written:

The resultant sound pressure from the sound sh@oemes:

LY o- ikd)
_. 1 ey
P, plZpOeX ikd )d/

The expression fai is inserted:

1% J
=p— exp- 2ikBsin = ds
P, p12,0 i p > JA

This is a half-sine for varying from to 2 and will be approximated by three segments as
shown below.

2] S

Figure 152 — Shape function for the blurring due ta circular disk.

The function values ar0) =f(2 ) = 0 andf(2 /3) =f(4 /3) = 2 and insertion these values
directly into expression 130 (witd = 3) yields:

p, = %[exr(— ikB)sindkB) + exp(- 2ikB)+exp(- ikB)sindkB)]
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After reduction the expression for the source atetige of the baffle becomes:
b, :%exp(- ikB)[2>sindkB)+exp(- 2ikB)] 147

A plot of the transfer function is shown below wdhmonopole sound source at the edge of
the baffle.

Figure 153 — Frequency response with a circular b8& and the source located at the edge of
the baffle.

The effect of blurring is to attenuate the highgfrencies.

7.4 Wave equation

It was the objective modelling the wave front thghwsolving the wave equation for a circular

baffle with the sound source at the centre of @fflda The problem was considered spherical
due to the point source and the circular bafflethatwave front on the rear side of the baffle
is not spherical (it is like an inflating bicyclelte) so | decided after some work to ignore the
rear side radiation and concentrate on the fralg snly. The model is thus assuming that the
propagating wave front is propagating as a sphleweae within the half-space at the front

side and it was the idea to model the baffle thhotlng boundary conditions.

Z-axis

/" Pulsating sphe |
Front sidt / (Pointsource)

Propagatin wave

Rear sid .
(Shadow zone) B

Figure 154 — Graphical representation of the diffration model using a point source and a
concentric circular baffle.
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The wave equation was expected solvable usingratégnsformation since this method can
cope with the discontinuity at the boundary of diek. The discontinuity is at radius= B, so
radius was planned to be the transformed variaideradius is semi-infinite, which indicates
use of the Laplace transformation.

The spherical wave equation uses the independeiatbles radius and observation angle
assuming rotation symmetry around thaxis. The spherical wave equation is, according to
equation 14:

Tp.,2Tp, 1 T°p
ﬂrg-l_?ﬂ_f‘)-l_rz ﬂC] OI(Q)

Multiplying by r? the equation becomes:

zﬂ +2I‘ﬂp 1 p+COt(q) +Kkr2p=0
Ir? 1 ﬂq [}

The system is singular for= 0 so a variable substitution was used to aveithlpms during

the Laplace transformation. The new variable wélldalleds and is offsetting the start from

the origin to begin at a sphere around the origith wadiusa, which is small but non-zero.

This is effectively a spherical source with knovadius and volume velocity and should thus

fit well into the model. The substitution becomes:

+k’p=0, p=np(r,qg)expint)

r=s+a Ss=r-a a>0

The differentialds is identical todr and insertion gives the following wave equatiorb&o
Laplace transformed.

(s+a)211 p+2(s+a)ﬂp i 1P cotlg )‘ﬂp k*(s +a)’p=0 148
Is? s 1g° fig

Laplace transforming the terms is somewhat tedend will not be detailed here as (see

section 7.4). Assembling the Laplace-transformeghseand re-substituting + a back intor,

we finally arrive at:

a’exd- sa) sp(a,q)+w
+(32+k2)ﬂ2$§’q)+2s“ﬁ%2q)+ﬂ2$gsz’q) otg) P ( 9). Hs.g)=0

The first line represents the terms due to the mpﬂdeexcﬂatlon source with radius.
Assuming that radius is small thah® 0 and the first line can be ignored so the tramséal
wave equation can be simplified into:

2 2\IPB(s9) , . M(s.9) , Thsq), ( 9 5(s o)=0
(5 +) R A e colg) Pleg)=0 -

The negative sign for the last term was surprisind was expected due to an error but the
source of the error was not found.
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7.4.1 Comments

Several attempts have been initiated to solveayistion — or similar equations from earlier
trials — but they have not been successful. Irfiteetrial was the terms ig interpreted as an
inhomogeneous Legendre equation (the inhomogeneatsbeing the Laplace-transformed
terms), which was solved but proved to be a deakl the solution forced the sound pressure
to be proportional to cog( and this is obviously too limiting to be valuableall boils down

to the problem of understanding the derivativess.ini am used to Laplace-transformed
electrical networks but this equation is quite eliéint from the linear network theory known
to me.

The booksPartial Differential Equationsoy Nakhle H. Asmar (Pretience Hall*ZEd 2005)
andGreen’s Functions with Applicatiortsy Dean G. Duffy (Chapmann & Hall, 2001) were
carefully studied but the problem remained unsolaidough the last book was probably on
the right track since Urban et al. solved a simpeoblem using the Green'’s function and the
Kirchhoff approximation. However, | am not accusaaho Green’s function and the more
advanced physics and mathematics so | did nottdémdlow this path.

Finn Agerkvist suggested consulting the b&zkdvanlige differentialligninger fra fysikkbn
Erik Hansen (Polyteknisk forlag, 1976), which salv&everal minor problems but | did not
find a route to a solution to the problem at hand.

Ove Skoggaard offered me two sessions of assistaheee the problem was reviewed and
my attempts to solve the wave equation were commdenthe problem of singularity was
addressed and he suggested a route to solve thieprdout the Laplace transformed wave
equation remained unsolvable to me.

Finn Jacobsen provided me with a reference to Wec€utanda, who mailed me the article
On the modelling of narrow gaps using the standaodndary element methdd. Acoust.
Soc. Am., 2001). The article included a very stagpendix (20 lines), where the problem of
solving the wave equation for a thin circular digkre addressed; it should be expressed in
the oblate spheroidal coordinate system to becaeparable. A solution was shown using
spheroidal angular and radial functions; howeves,dpplication used a plane circular disk
excited by a plane wave, which is not represergatt¥ the model used here, and the
suggested coordinate system was unknown to malsoidled not to follow the track — | had
already used sufficient time on the subject.

Time has not been wasted since | have learnedfeolwot this study, but the time could have
been used improving the remaining two models.dtfsty, but that's how it is.

“Don’t worry; be happy” (Bobby McFarrin).
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7.5 Laplace transformation

The transformation was developed by Pierre Simaguldae (France, 1749-1827) for solving

differential equations of the initial-value typeéid closely related to the Fourier transform but
the definition range of the independent variablesésni-infinite, which is the reason for

considering the transformation within this study.

7.5.1 One variable

The Laplace transform of functiocift) is defined by the following integral (Asmar, 480)
Variablet is commonly associated by time since the transdtion was developed for solving
transient problems with electrical networks, busia general-purpose variable and there are
no restrictions on its use for other coordinatdesys:

e =R3 = () exp- s)at 150

The function must be exponentially limited withiretrange & t < ¥, in order for the integral
to exist. The transform exists for sufficientlydars, provided such the function satisfies the
following conditions:f(t) = O fort < O; f(t) is continuous or piece-wise continuous in every
interval; t"[f(t)] < ast 0 forn>1; and exp(sot)[f(t)] < ast for some numbeg,.

The unit of the transformed variabdds reciprocal distance (M) and represents revolutions
per length so the transformed variable represant®scillation domain” wheres is low for
slow variations withr ands is high for fast variations with

The Laplace transform is linear, so the sum of fioms f(t) andg(t) with scaling constants
andb can be transformed term by term:

L{af (t) + bg(t) = af () +bg(s) 151
Other features of the Laplace transform will betgdovhenever required.
An inverse Laplace transformation exists, but wilt be considered within this study.

7.5.2 Two variables

The Laplace transformation and is defined for fiomd of one variable but the present study
require transformation gd(r,g), which is a function of two variables so the lbageéfinition
must be changed to include a second variable.igliene by “renaming” the second variable
into aparameterin stead ofvariable The parameter remains fixed during the transftiona
but can be changed at will after the transformatlaplace transforming a function of two
parameters will use the following definition, wharés the transformed variable amplis a
fixed parameter.

L{f(r,q}:f(s,c) :¥f(r,c) ex()—sbdr 152

The unit is changed by the Laplace transformatma sound pressure is changed from force
per length squared (NA Pa) to force per length (N/m).
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7.6 Laplace transformed wave equation
The wave equation to be transformed is (see equais):

1s?

Tp Tp , T°p P, . 2 _
+a) +2(s + + + 4 k?(s + =0
(el Lt + a2 1P o) 2 il

The variable has been substituted usinrgs + a, wherea is a non-zero positive real number,
in order to avoid a singularity at= 0. The new variable may equal zero without singularity
problems during the Laplace transformation. Thévdéve is not hangedir = ds.

Using the linearity of the Laplace transform, taents can be transformed individually.

7.6.1 Laplace transform of r 2d®p/dr?
We start by quoting the definition of the Laplansform using the new variable.

) 2 ¥ 2
L rzﬂ ?Tfavq) =L (s +a)zw = (s +a)ZWexd— s(s +a))ds

The second-order derivative of the exponential ballused to remove the squared term.

Tofere s +a)l (s +9"exif- §5+9)

Differentiation can be moved outside the integratsince the exponential is the only term
with s-dependency.

0

r? 1s*, fs?

Partial integration (see section 7.1.1) will beduse remove the differentiation of the sound
pressure and two partial integrations will be regglisince differentiation is of second order.
The first partial integration of the integral gives

2 2 ¥ q2
L rzﬂ p(l‘,q) -1 MGXF(- s(s +a))ds

*1°p(s +a.q) +a)lds = Mex -s(s +a -
O%exd— s(s +a))ds = P 0s D expl- 5(s +a))
(o) 2T o ofs valas

The derivative of the sound pressure is boundedsfapproaching infinity since the sound
pressure decays gradually toward zero for radipsagehing infinity, so the only output from
the square brackets is the derivative of an iniéeh.

2 2 ¥
L HW :% - %exp(— sa)+sOWexp(— s(s +a))ds
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Partial integration will again be used to integrie derivative of the sound pressure.

104 * 2 eyl s s = [pls +aq)ex ss +all

5=0

¥
-(- s) p(s +a,q)exp- s(s +a))ds
0
The sound pressure is bounded $oapproaching infinity so the only output from thguare
brackets is an initial term fos = O and the last term is recognised as the defimiof the

Laplace transform of the sound pressure when tiegiation variable is changed frahs to
d(s + a).

> 1 = 1?—322 - %exp(— sa)+9- p(a,g)exp- sa)+sp(s +a,q}]
_T

Tpla, ;
=T Wladle o) sag)ext 53+ 5'plsg)
The second-order derivative of the first term is:

1 1p(ag)
s> 9s

expl- sa) =aZWexd- sa) = a? ﬂpfﬂ?ﬁ) expl- sa)

The second-order derivative of the second ternalisutated using the rule for differentiation
of a product of two functions (see section 7.1.3):

1 _ T
@{sp(a,q)exr(- sa} =faq @{sexr(- sa}

1°s s fTexp- sa) T%exd- s
= p(a,q) @exp(- sa)+2E #S )+s ﬂgz G)
= pla,g)]- 2aex- sa)+sa’exd- sal
The second-order derivative of the third term is:

2 2.2 ” on )
ﬂ_z{sz b(S,Q}: ﬂSSZ f)(s,q)+ zﬂi ﬂp(SvQ)+Sz 1 p(S,q)

Ts )| s s 1s°
& M(s.9), - 1°p(sq)
= ,g)+4 +
sag)e as P00 2 700
Assembling:
_T? fe(a.q) expl- sa)=- a? fio(a.q) expl- sa)
1s° Ts T
2
- %sp(a,q)exr(— sa)=- p(a.g)- 2aexpl- sa)+se exyf- sal
T eafe )= 7 (s.q) . . 1°h(s.g)
tgS B(s.9) = p(s.g)+4s e TS ga
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Hence, the Laplace transform of the first termhaf wave equation:

2
L rzmrz’q) = aexpl- sa) [sa- 2|p(a,g)- aM
r r 153
. (s 1°p(s,
+p(s,q)+4s pfﬂsq) + :gz q)

Note that the first part of the transform disappdara® 0 (althougha > 0 is required).

7.6.2 Laplace transform of rdp/dr

We start by quoting the definition of the Laplansform with the term to Laplace transform
and using the new variable.

L rM =L (s +a)M =¥(s +a)wexp(— s(s +a))ds
Is

fir fis 0

The derivative of the exponential can be useditoieate thes + a term:

Lol ss +alk ={s+d exil 5 +3)

Differentiation can be moved outside the integratgince the exponential is the only term
with s-dependency and a negative sign balances thersignthe differentiation:

¥
Lo Telg) o 1Tl ad) (o 4 a)as
I s, s

Partial integration will be used to remove theatiéntiation of the sound pressure.

' WQXF(- ss +a))ds =[p(s +a,g)exd- s(s +a)):5

¥

- (- s) pls +ag)exg- sls +a))ds

0

The sound pressure is bounded $oapproaching infinity so the only output from trguare
brackets is an initial term fos = 0 and the last term is recognised as the digfimiof the
Laplace transform of the sound pressure.

L r_ﬂp%rr,q) B ﬂls{p(a!q)exd' sa) + (s.q}

The derivative of the first term is:

T iola.g)exsl- sa} =-afa.q exp- s

1Is
The derivative of the second term is:
Trafo y_ TS, (s.q) _ . 1(s.9)
E{SIO(S,O} e ps.g)+s - (s.q)+s e
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Hence, the Laplace transform of the second tertheofvave equation.

L rw =aexf- sa)p(a,g)- p(s.q)- s% 154

7.6.3 Laplace transform of dp/d gand d?p/d ¢f
We start by quoting the definition of the Laplansform using the new variable.

¥
L lrg) | Tels +aq) el rag) g
g g » Tg

The differentiation can be moved to the front @& thtegration since the sound pressure is the
only term withg-dependency.

L Tolrg) _ 17
19 Ta9,
A substitution of the integration variable frots to d(s + a) shows that the integral is the

definition of the Laplace transformation; hence tiaplace transform of the third term of the
wave equation.

s +a))ds

p(s +a, q)exp(— s(s + a))ds

L Te(r.g) _fp(s.q)
g Tq

Similar arguments leads to the Laplace transforrihefsecond-order derivative with respect
to the angle; hence, the Laplace transform of dhetti term of the wave equation.

155

L Tplrg) _1°pls.q)
2 2
g g

This is not surprising since the angle is a fixadable during the transformation (parameter).

156

7.6.4 Laplace transform of r %p

We start by quoting the definition of the Laplansform using the new variable.

¥

Lr2p(r.q} = L{(s +a) p(s +a, qj = (s +a)f p(s +a,g)exp- s(s +a))ds

0
Second-order differentiation of the exponentialsed to remove the squared factor.
2
slodl- s +all s +9 ex- £ +9)

The differentiation can be moved to the front aé thtegration since the exponential is the
only term withs-dependency.

2 ¥

Lrp(r.q} =% p(s +a,g)exd- s(s +a))ds

0
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The integral is recognised as the Laplace transfafrthe sound pressure; hence, the Laplace
transform of the fifth term of the wave equation.

”a
L{rzp(r, q} _T IOS 9) 157

=
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