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Sammanfattning 

Forskningen i denna avhandling utvärderar en metod utvecklad för att separera 

ljuden från olika delar av en sammansatt ljudkälla (t.ex. en diesel motor). Ljudet 

från ljudkällor kan spelas in för att återskapa en hörupplevelse i en l judmil jö, 

precis som fotografier eller f i l m kan användas för att illustrera ett synintryck. 

Genom att modifiera inspelningarna kan önskade l j ud beskrivas som mål för en 

förbättrad l judimljö . Dessutom kan de återskapade ljuden från inspelningarna ge 

underlag t i l l förändringar, på ljudkällor, ljudvägar och lyssningsmiljöer, som 

berör uppkomsten och uppfattningen av ljuden. Detta är grundläggande tankar 

bakom ljuddesign och arbeten som bygger på att förbättra ljudkvaliteten på 

produkter. I de fall då ljudet kommer från en sammansatt produkt kan det vara 

svårt att veta ifrån vilken del av produkten som olika l jud härrör. Med vetskap 

om ljuden från de enskilda delarna kan arbetet med att uppnå fastställda mål på 

ljudet underlättas genom att rätt del behandlas på rätt sätt. De komponenter som 

ingår i den sammansatta ljudkällan kan kravspecificeras och testas på ett för 

lyssningsintrycket korrekt sätt först när deras olika tidssignaler är separerade från 

varandra. Detta möj l iggör även att de olika komponenternas samspel och 

placering kan utvärderas. T.ex. kan ljuden från olika delar på en lastbilsmotor 

utvärderas i lyssningspositioner runt om lastbilen eller i dess hytt. 

Basen för denna forskning kommer från signalbehandling med iversproblematik, 

för att beräkna källornas tidssignaler, och metoder för att empiriskt uppskatta 

överför ingsfunkt ioner mellan källorna och mikrofonernas mottagarpositioner. 

Metoden som används kan beskrivas i sex steg: Inspelning av ljudtryckssignaler, 

reciprok uppmä tn ing av överföringsfunktioner, uppmätning av källstyrkor, 

beräkning av källstyrkematris, beräkning av filter, filtrering av uppmätta 

ljudtryckssignaler. 

Metodens fyra första steg kan användas för automatiserad bestämning av 

delljudkällornas källstyrkor eller ljudeffekt, de efterföljande stegen behövs för 

bestämning av delljudkällornas tidssignaler i form av källstyrka eller i form av 

ljudtryck i utvalda lyssningspositioner. 

Resultaten av forskningen visar att tillvägagångssättet är en användbar metod för 

detektering och isolering av l jud från delljudkällor. Eftersom forskningen 

inriktat sig på två sorters ljudkällor är det uppenbart att ytterligare forskning 

krävs för att kunna applicera metoden mer omfattande. Speciellt, påverkan på 

resultatet av placeringen av fiktiva monopoler behöver utvärderas ytterligare 

samt påverkan av avstånd mellan mikrofon positioner och ljudkälla. 
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Abstract 

The research in this thesis evaluates a method designed for separation o f 

individual or partial sounds f rom multiple sounds generated by a sound source 

(e.g. a diesel engine). The sound o f sound sources can be recorded to reproduce 

a sound event i n an environment, just like a photo or moving picture can be 

used to illustrate a visual impression. By modifying the recordings, desired 

sounds can be described as targets o f an improved sound environment. 

Furthermore, the reproduced sounds o f the recordings can f o r m the basis for 

improvements on sources. This is the founding idea o f sound design and work 

that strives to br ing about improved product sound quality. 

In cases when the sound comes f rom a multipart product, questions may arise 

about which parts produce which sound. W i t h knowledge about which sound is 

caused by which part, modification o f the right part and hence the sound is 

achievable. After the different sound signals are separated f r o m each other, the 

components o f a multipart sound source can be identified and then appropriately 

tested. For example, the sound o f the separate parts o f a heavy vehicle engine 

may be assessed i n listening positions around the vehicle or in its cabin. 

The foundation for this research originates f rom signal processing and inverse 

problems, i n the aspect o f calculated time histories from sources, and methods 

for empirical measurements o f transfer functions between sources and 

microphones. The method used consists o f six steps: Recording o f sound 

pressure signals, reciprocal measurement ot transfer functions, measurement o f 

source strength, calculation o f source strength matrix, calculation o f filters and 

filtering o f recorded sound pressure signals. The first four steps o f the method 

can be used for automated sound source quantification o f the sources' source 

strength or sound power; the subsequent steps are needed to determine the 

acoustic time histories ot the sources as source strength at the source or as sound 

pressure in the listening positions. 

The results o f the research demonstrated that this approach is a viable method for 

the detection and isolation o f partial sound sources. As the research used two 

types o f sound source i t is also apparent that additional research is needed before 

the model can be widely applied to other types o f sources. In particular, the 

effect o f the positioning o f fictitious monopoles needs to be better understood 

and also the effect o f distance on the positioning o f microphones from a partial 

source. 
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C H A P T E R i Introduction 

Noise may cause problems at levels much lower than what may cause hearing 

impairment 1 " 5 . For example, sounds that may not lead to the causation of 

hearing impairment may annoy a listener or mask other, critical sounds. This, 

together wi th the industry need to f u l f i l consumer demands plus the need to 

manufacture refined products requires sophisticated measurement procedures6" 

9 . Lasdy, measurement techniques used by the discipline o f acoustics have 

evolved towards using more and more detailed descriptions o f sound sources 

and sound events 1 0 ' 1 1 . Focus has been on the characterisation o f sound sources 

in terms o f source strength, radiation patterns, directivity, frequency spectrum, 

variations w i th time and operational parameters 1 2. Sound events are commonly 

described using measured weighted sound pressure levels, in technical networks 

the descriptions tend to be graphs describing amplitude variations as a function 

of frequency, musicians give words to their auditory events and psycho-

acousticians use specified parameters 1 3. W i t h artificial heads, recorded sound 

events can be accurately reproduced at the ears o f a listener, and each listener 

can make judgements o f presented sounds 1 1 . Techniques that reproduce sound 

events supplement other methods o f describing sound and give understanding 

of the auditory events a sound causes. Conventional measurement techniques 

either focus on a source and its characteristics or the reproduction o f its sound 

event; they do not take into consideration the connection between the sound 

source and the sound signal it generates. W i t h knowledge o f which source 
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Introduction 

causes what sound event, a deeper understanding should be gained in the study 

o f producing sound environments according to specific demands. This was the 

idea behind the work reported on in this theses. By presenting the acoustic 

signal associated wi th the parts o f a source in relevant listening positions, the 

source and the listener become connected i n the analysis o f the problem. The 

sound of each part could be presented separately or together w i t h other parts 

and listening positions could be shifted to illustrate different listening 

environments or transfer paths. 

Objective 

The primary objective o f the work presented in this thesis was to produce 

relevant audible time histories o f parts ot a sound source. 

For the purpose o f this work, relevant audible time histories are defined as: 

1) Authentic reproduction o f parts o f sources so that sound character is 

accurately captured. 

2) The ability to rank parts o f sound sources in terms o f sound quality. 

3) To assess the influence o f each partial sound source on the character 

o f a total sound. 

Background 

This section gives an short overview of where the research in this thesis started 

in regards to existing applications and techniques. It begins w i th describing 

methods for sound source characterisation and is followed by descriptions of 

methods that comprise some acoustical inverse problems and the intended 

applications o f the research. 

S o u n d source c h a r a c t e r i s a t i o n 

The meaning o f characterisation o f a sound source is to describe the sound of a 

sound source and how i t is altered by operational parameters and time, how 

effectively i t emits sound, its sound radiation directivity and sound power or 
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source strength . To perform sound source characterisation, a noise control 

engineer may display measured data, as for example frequency spectra, time 

histories and frequency spectra dependent on time or operational parameters 

(speed, revolution, load, etc.). 

Frequency spectra give: cues o f repetitive events in the sound as evenly spaced 

peaks in the spectra, extent ot tonal components and broad band noise, and in 

general how amplitude is frequency dependent. The information may be 

compared wi th frequency resolution and sensitivity of humans for greater 

understanding; this can be done w i t h , for example, specific loudness patterns, 

noise rating curves or frequency weighted sound pressure level. 

Time histories may reveal how sound events are connected wi th a sound source 

and its actions. By using trigger signals and time-gated measurements, selected 

events can be measured and displayed by frequency spectra. 

Measurements, for sound source characterisation purposes, may be performed 

wi th single microphones in specified environments (e.g. reverberant, anechoic), 

sound intensity microphone probes and microphone arrays. These 

measurements can provide measures o f sound pressure, sound intensity, source 

strength, directivity or source strength/sound power patterns. One way of 

retrieving patterns o f source strength is described in the fol lowing section on 

inverse problems in acoustics. 

Inverse p r o b l e m s i n acous t i c s 

Methods that comprise inverse problems' 4 in acoustics are mainly concerned 

wi th finding and/or quantifying the sources o f sound wi th different entities, for 

example, source strength, force or vibration. Three well established methods are 

described below. These are: Nearfield Acoustical Holography, inverse B E M and 

inverse empirical transfer models. 

Nearfield Acoustical Holography 1 5 ' 1 6 is an inverse method that projects 

measured sound pressure to a surface close to a sound source to give a measure 

o f source strength over the source surface. The microphone array and the source 

surface need to conform to the coordinates of a chosen coordinate system. 

B E M or Boundary Element Me thods 1 7 in the acoustic field sprang out o f the 

Helmholtz equation as did Nearfield Acoustical Holography. In the case of 
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B E M a solution is achieved numerically and the shape o f the surfaces may be 

arbitrary. 

Inverse empirical transfer m o d e l s 1 8 - 2 1 consist o f methods where the transfer 

functions between the source and receivers are measured instead o f using 

analytical models. The work described in this thesis belongs to this category o f 

inverse methods. The choice was made due to the simplicity o f being able to 

directly access to the core issue o f retrieving audible time histories of parts and 

not having to use an unnecessarily complicated approach. 

In this chapter i t was pointed out that present measurement techniques appear 

to leave a gap between the listener and the source. The objective o f the 

presented work is to t i l l this gap by creating a model that links listener and 

source. In the next chapter relevant underlying theory relevant to this research 

wi l l be presented. 
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C H A P T E R 2 Theory 

This chapter on theory presents formulas and ideas that describe the previously 

mentioned inverse methods and the research reported on in this thesis. I t begins 

wi th a section about signals and how they may be grouped and continues on to 

a discussion about relationships that connect the vibrations o f a body surface 

w i t h its radiated sound pressure. Thereafter, fol low sections about matrix 

inversion, direct measurements o f source strength and how filters can be 

designed. The next section begins w i t h a comment about signals. 

Deterministic and random signals 

Signals are broadly grouped into how they may be described. Signals that can be 

defined explicitly w i th a mathematical relation are called deterministic. The 

other group, random signals, are defined by their statistical properties 2 2 . These 

properties may be expected mean values, products and cross-products. I f these 

properties do not vary wi th time a signal is called 'stationary' or 'stationary in a 

wide sense'. A process is ergodic i f the expected values o f a signal represent a 

whole process. A sampled section o f a signal may be explicitly described by the 

harmonics o f a fourier series w i th a low frequency l imi t of the fundamental 

frequency that corresponds to the length o f a section 2 3 . Furthermore, harmonic 
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fluctuation is characterised by time dependence é or, for a Hmited number o f 

frequency components, by e - B y reducing the number ot frequency 

components, the accuracy o f the representation o f a time signal is reduced in 

accordance w i t h Gibbs phenomenon 2 4 . Most o f the energy is however, 

commonly concentrated in the lower harmonics o f a physical motion. By use of 

Parseval's formula the mean square values o f the different frequency components 

may be added to give the mean square value o f the signal. Random signals are, 

in some cases, harmonic signals w i t h additional noise. By making spectral 

averages o f time segments o f stationary ergodic signals, the random part o f a 

total signal is stabilised. Auto spectra, 

S„ = l i m E j j (w)I(ffl) EQ (1) 

and cross spectra, 

S x r = l i m E £ * ( c o ) r « o ) EQ (2) 

are two such averages used i n FFT analysers. They give information about the 

spectral density o f the auto-correlation and cross-correlation between the 

signals. Now, considering single frequencies of a mot ion or narrow band 

spectra, the next section derives mathematical relations between the vibrations 

o f a body and the sound pressure i t produces in a fluid. 

Expressions of harmonic fluctuations 

Let us begin w i t h the linearised equation o f mass conservation wi th addition o f 

volume distribution, E Q (3), and the linearised equation o f momentum 

conservation w i t h addition o f force distribution, E Q (4), to derive the 

inhomogeneous wave equation 2 5 ' 2 6 . 

| : P + P o v • " = Polvoi; 9 - U04na2 EQ (3) 
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EQ (4) 

Mult iplying EQ (3) w i th —̂ and E Q (4) w i th V = 
at 

thereafter subtracting E Q (3) f rom E Q (4) yields, 

f

 72 1 d-) „ > d 
-——TIP = V 'fro' - P o ^ v o / = -Qvoh 

Ca dt J 

A A A 
dx, dx2 d x 3 

EQ (5) 

which is the inhomogeneous wave equation. EQ (5) can be reduced to the 

inhomogeneous Helmholtz equation 

(V2 + k2)p(x) = V - j W p 0 q v o l ( x ) = -QvolCx). EQ (6) 

The pressure p(x) produced by a point source in location y may be described 

by Green's function G ( x | j ) . Different constructions o f the Green's function 

solve different problems. The Green's funct ion that gives solutions to the 

inhomogeneous Helmholtz equation must satisfy, 

( V 2 + k2)G{x\y) = - 5 ( 1 - 5 0 EQ (7) 

where the delta function is defined by 

fy(x)o(x-y)dV 

jXy) y inside V 

&p yon S, the border o f V 

I 0 v outside V 

EQ (8) 
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FIGURE 1. A surface S is the boundary of a volume V 
surrounding a inner surface 5. T h e inner surface may be 

enclosing a source distribution Qv0/(y) • T h e vector x 

defines the point of the sound pressure p(x). 

The inhomogeneous Helmholtz equation may be illustrated by Figure 1. A 

general solution can be produced by premultiplying E Q (6) w i t h G ( y | x ) giving 

G(y\x)(V2 + k2)p(y) = -G(y\x)Qvol(y) EQ (9) 

and premultiplying E Q (7) wi th p(y) 

p(fo(V}

2 + k2)G(y\x) = - p ( y ) 8 ( y - x ) . EQ(10) 

E Q (11) is reached by subtracting E Q (10) f rom E Q (9) and integrating over the 

volume V bounded by S in accordance w i t h E Q (8). 
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^G(y\x)V2p(y) - p(y)V}

2 G(y\x)dV+ EQ(11) 

\Qml(y)G(y\x)dV 

v 

f » » 
p(x) x inside V 

-v on S, the border o f V 
2 

0 x outside V 

Using Green's theorem alters the first volume integral to a integral over the 

bounding surface S, and by using the principle o f reciprocity 

(G(_y|x) = G ( x | j ) ) a solution for the pressure p(x) inside a volume V of the 

inhomogeneous Helmholtz equation EQ (6) is given in 

p(x) = \Qvol(y)G{x\y)dV+ j[G(x\foVyp(y)-p(y)VyG(x\y)]%dS.EQ(12) 

V s 

Continuing further, one Green's function is the free space Green's function, 

-jk\i-y\ 

g(x\y) = 6 i» »• • EQ(13) 
4rt\x -y\ 

which contribute together wi th the Sommerfeld radiation condition to the 

progressing solution. It is used as a substitute for the boundary condition that 

states that an acoustic field vanishes far f rom its source region. The Sommerfeld 

radiation condition EQ (14) implies that only outgoing plane waves exist at a 

surface boundary laying at an infinite distance f rom a source region. 

l i m { r [ ^ ( x ) - p 0 c o M r ( x ) ] } = 0 EQ(14) 
r —> 

The free space Green's function is used in the Kirchhoff-Helmholtz integral EQ 

(15) implying that the Sommerfeld radiation condition is applied. 

P(x)= \[g$\foVyp{fo-p(hVyg{x\y)\ndS EQ(15) 
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The volume source Qvo/(y) (Figure 1) is replaced by an inner surface that has a 

layer o f monopoles and dipoles different f r om the Helmholtz equation, E Q 

(12), solution. The outer surface needs to be infinitely distant f r om its inner 

surface so that p{x) has a free field condition. The Kirchhoff-Helmholtz 

integral is altered by the equation o f momentum conservation (Vp = —j(upQu) 

into 

P(x) = jlg(x\y)j(Bp0qs(y) -fs(y)Vyg(x\y))dS, EQ (16) 

which is a combination o f surface volume velocity sources (q$(y) -u(y)n) 

and surface force sources ( f s ( y ) — p(y)n). For sound radiation f rom vibrating 

bodies, boundary conditions have to be applied to find solutions for the 

Kirchhoff-Helmholtz integral. Three different boundary conditions may be 

applied in 

p(x) = ^G(x\y)Vyp(fo-p(foVyG(x\y)]ndS. EQ (17) 

These different boundary conditions are 

Neumann b. c. v? n 
vvG(x\y)n = 0 

Dirichlet h. c. a 
G(x\y)n = 0 

Robin b. c. / * \ * rr/>\*r*\* Wall with specified impedance p(y)n = Z(y)u(y)n 

Ridged wall 

Pressure release wall 

The boundary conditions can be used to find other Green's functions for 

idealised geometries such as infinite planes, cylinders and spheres. Consider the 

Neumann boundary condition on a infinite plane boundary, the Green's 

function o f a source positioned close to an infinite plane to a position w i t h i n the 

volume ^becomes a derivation o f E Q (18) as illustrated in Figure 2. 

G(x\y) = l i m [ g ( x | y 1 , y 2 , y 3 + e ) + g ( x | y 1 , y 2 , y 3 - e ) ] = 2g(x\y) EQ(18) 
£->0 

EQ (17) may then be altered to Rayleigh's first integral formula 
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p(x) = ]2g(x\y)Vyp{y)ndS = -2jmp0 \^g(x\y)ti(y)ndS EQ (19) 

V 

s 

V 5 

FIGURE 2. Schematic picture o f a source located at a small 
distance £ from an infinite acoustically hard plane. Defining 

the normal vector n and the third component of y . In this 
environment E Q (19) is valid. 

N e a r f i e l d A c o u s t i c H o l o g r a p h y 

Rayleigh's first integral formula, EQ (19), can be used as a stepping stone into 

the field o f Nearfield Acoustic Holography ( N A H ) 1 5 ' 1 6 . I n the case o f N A H 

over an infinite plane boundary, the Rayleigh integral is expressed as 

EQ (20) may be transformed into the wave number domain. A n applicable 

expression is achieved by using the Weyl's integral equation, EQ (21), the two 

dimensional convolution, EQ (22), and the two dimensional Fourier transform, 

EQ (20) 

E Q (23). 
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- J J e dkxdk2 EQ(21) 

f ( ( x ] r x 2 ) g i x ^ x j ) = ^ f ( x l - y } j 2 - y 2 ) g ( y ] , y 2 ) d x ] d x 2 EQ(22) 

¥ x F X 2 { f ( ( x ^ 2 ) g ( x ^ 2 ) ) } = F(k,Jc2)G(kx,k2) 

F(k\,k2) = J j / " ( x l r « 2 ) e 7 < * ' A | klXz)dx^dx2 EQ (23) 

/ ( x , , * , ) = ^ J f F ( f c i , & 2 ) e 2 ^dkxdk2 

By performing the above, the result is, 

= J J « C ^ j ^ F - 1 jPpCpfeg ^ - e " i < V l + V 2 ) W l t » 2 . EQ(24) 

p(x) = w 3 (y ) g v p ( x , - y i ^ 2 - y 2 , x 3 - y 3 ) 

Where gvp(x) is the velocity propagator, and therefore the angular spectrum of 

sound pressure P(kt ,k2rx^) and normal velocity U3(kx,k2,y3) is connected 

together by E Q (25) and E Q (26). 

P(k,,k2^) = U 3 ( k u k 2 , y 3 ) ^ - e J k ^ n ^ EQ(25) 

Uy{kuk2,yJ = P{kuk2^,)-r^-ek^3~^ EQ(26) 
p 0 c 0 /c 

= P(k[ fk2^Cj)G(kj ,k2,y3 — x 3 ) 

Where G{kx,k2,y3 — x 3 ) is the inverse propagator. E Q (27) summarises the 

mathematics behind Nearfield Acoustical Holography. 

« , ( $ ) = F ; i

1 F ; ' { F ; l . F X 2 { p ( l ) } G ( ^ 1 ^ 2 , y 3 - x 3 ) } EQ (27) 
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The equation implies that the sound field is sampled at a distance x 3 f r o m the 

source plane It is Fourier transformed, multiplied by the inverse propagator and 

inverse Fourier transformed to give the normal velocity at the source plane. 

What needs to be emphasised is that k3 in E Q (28) is a funct ion o f the wave 

number k and that the other two components, and k2 , describe properties 

o f the inverse propagator that make the problem ill-conditioned. 

k3 = J k 2 - { k \ + k\) E Q ( 2 8 ) 

Inverse B o u n d a r y E l e m e n t M e t h o d 

Another inverse method mentioned here is the Inverse Boundary Element 

M e t h o d ' 7 . The formulation presented below stems f rom the Kirchhoff-

Helmholtz integral illustrated in Figure 1 and formulated in E Q (15) 

p(x) = j[g(x\y)Vvp(y) -p(y)Vvg(x\y)]ndS. B E M is a numerical method 

S 

similar to the more commonly known Finite Element Method. Making a 

simple discretisation, o f the enclosed surface shown in Figure 1, i n N different 

elements w i t h surface ASk makes i t possible to formulate 

N 

P(x)= J ^ [ g ( x \ h ) ^ y P ( h ) - p ( y k ) y y g ( ^ h ) A - E Q ( 2 9 ) 

li = 1 

By letting p(x) be a point on the surface, i t can be included in a common 

vector o f pressure p(y) o f length N. Also using the equation o f momentum 

conservation P o ^ M + YP = ^ a n c ' reversing the normal direction gives the 

matrix formulation in 

\p(h = [Vyg(y\hn]Sp(y) - [g(y\ym<ap0uß). E Q po) 

where 
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and un(y) is a vector o f iV normal velocity elements. 

M o v i n g the vector p{y) out o f E Q (30) by use o f the identity matrix / in the 

calculation and by then multiplying by the inverse expression, 

[V > ,g(j; |j)„]5'- ^/J , on both sides o f the equation gives 

p(y) = j(OP0[[Vyg(y\y)„]S - ±/J [gt}\y)]Su„(fo . EQ (31) 

E Q (30) is used once more together wi th E Q (31) to give an expression, E Q 

(32), for a vector of sound pressure p(x) i n M positions not lying on the 

enclosing surface. 

p(x) = ./copo^ [Vyg(x\y)„]s([Vyg(y\y~)„]S-±j) [g(y\y)]S EQ (32) 

-[g(Z\fo]S \un(y) 

The expression wi th in the curly brackets in E Q (32) can be seen as a Neumann 

Green function connecting ^ } p ( y ) w i t h p(x) i n EQ (17) having 

VyG{x\y)n = 0. 
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Setting 

H = j W P o ^ y g ( x \ y ) „ ] s [ [ V y g ( y \ y ) n ] S - ^ \g[}\y)]S EQ(33) 

- Igd|y)]sj 

gives E Q (34) which can be used for resolving the normal velocity* on the 

enclosing surface o f the source by calculating the inverse o f the matrix H. 

p(x) = Hun(h EQ (34) 

I n v e r s e e m p i r i c a l transfer m o d e l s 

This method is largely similar to the boundary element method, but without 

any boundary mesh, and the relation between source and receiver is instead 

measured wi th Frequency Response Functions 1 8 " 2 1 . I n similarity w i th B E M , it 

makes use o f EQ (15) and predetermined boundary definitions which end up 

w i t h a relationship similar to E Q (34). The Neumann condition for a rigid 

walled boundary V v G ( x \ y ) f i = 0 gives 

p(x) = Gq(y). EQ(35) 

Where p(x) is the sound pressure in the receiver position, G is a matrix of 

measured frequency response functions and q(y) is the volume velocity source 

strength o f the sound sources. The measured frequency response functions are 

defined by E Q (36) and are essentially a ratio o f measured source strength and 

sound pressure. 

Gmn = ^ EQ(36) 
<?,„?,„ 

This measurement is most often made convenient and accurate by use o f the 

principle o f reciprocity 2 7 . Thus, a dedicated measurement source is used to 

produce a random source strength signal and the blocked sound pressure is 

measured at the source location. 
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Different sources give rise to different source models. Two such source models 

are, for vibro-acoustic purposes, a model o f correlated monopoles and a model 

o f uncorrelated monopoles. The correlated monopole source model uses 

complex entities while the uncorrelated monopole source model uses squared 

entities and the relation between source and receiver is altered to 

p2(x) = Gq2{y). 

Where the elements o f G are calculated wi th 

K 

( 0 

EQ (37) 

EQ (38) 

When comparing the two methods, the correlated monopoles model suites 

harmonic vibrations and linear time invariant environments while the 

uncorrelated monopoles model tits more complex surface vibrations that still 

need to be stationary. When phase information is excluded, the characteristic 

directivity patterns associated wi th correlated monopole models and modal 

vibrations disappear; therefore, the uncorrelated monopoles model is better 

fitted to source surfaces w i th complex vibration patterns. Finally, the empirically 

measured transfer funct ion matrix G is inverted to retrieve the source strength 

f rom the source model. 

In the preceding section about expressions o f harmonic fluctuations it was 

shown that different strategies can be used to relate the vibrations o f a body to 

the sound i t produces. The step used to determine the inverse matrix o f a 

frequency response functions is dealt w i th in a next section. 

Matrix inversion 

Division is an operation not defined for matrices, instead the inverse o f each 

matrix is calculated. Sometimes this calculation can cause numerical difficulties 

that result i n large responses; just like division o f small numbers. The numerical 

difficulties arise f r o m how the problem is arranged. In mathematical terms, the 

problems are said to be well or ill-posed, meaning having good or bad 

numerical properties. The numerical properties o f a matrix can be measured by 

a condition number, where a high condition number indicates bad numerical 

16 Acoustic Time Histories of Vibrating Partial Sources 



Matrix inversion Nicklas Frenne 

properties o f the m a t r i x 3 1 . The condition number for a matrix A is defined 

according to 

K = AA~] . EQ (39) 

For non-quadratic matrices, a pseudo-inverse, A+, can be calculated that follows 

the Moore-Penrose condit ions 3 2 , E Q (40)-EQ (43). 

AA A = A EQ (40) 

A+AÄ" = A+ EQ(41) 

(AA+)T = AA+ EQ (42) 

(A+A)T = AA EQ(43) 

For an overdetermined problem such as the one described by E Q (35) the least 

squares solution is derived w i t h 

GHp(x) = GHGqCy) -> {GHG)lGHp{x) = q(y) , EQ (44) 

where G+ = {GH G) GH is the pseudo-inverse o f G . The exponents H stand 

for Hermitian and is the conjugate transpose o f the matrix. 

T i k h o n o v r e g u l a r i s a t i o n 

Tikhonov regularisation can be used to improve the solution o f poorly 

conditioned problems 3 3 . This tool can be illustrated wi th singular value 

decomposition, where the matrix to be inverted is divided into three matrices, 

U, S and F 3 4 ' 3 5 . U and V are orthogonal matrices w i t h normalised vectors and 

S is a diagonal matrix w i th the singular values o f the matrix G in the diagonal 

and the other elements equal to zero. Orthogonal matrices have the property of 

becoming one once they are multiplied by its transpose, and its inverse is equal 

to its transpose. The inverse o f a diagonal matrix is equal to the inverse o f its 

elements. Thus the singular value decomposition o f G can be wri t ten, 

G= USV", EQ(45) 
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and its inverse, 

G = VS^UH= V\diag[^UH ; i = l , 2 , . . . , n . EQ(46) 

The illustrative expression o f the regularised inverse is then given by, 

G + = VS ' UH= V\ diag jH U ; i= l ,2 , . . . ,n , EQ (47) 

where ß is the regularisation parameter. It works by reducing the influence o f 

the smaller singular values, s,-, in the S matrix. The idea is that the size o f the 

small divided s,:s in S is reduced by the addition o f the ß-value, while the larger 

divided sf:s should hardly be affected (the i is different for the two values shown 

here). This works because o f the direct relation between the difference in size 

between the singular values and the condition o f the matrix. The problem o f 

producing the inverse is now altered into a problem o f choosing a good 

regularisation parameter. 

P a r a m e t e r c h o i c e m e t h o d s 

The optimal way to show the influence o f the regularisation parameter on the 

result o f an inverse calculation is to use the L-curve as seen i n Figure 6 3 6 . The 

idea behind the L-curve is that the corner o f the L indicates a balance between 

the perturbation error (causing a large solution) and the regularisation error 

(which causes the residual between calculated input data and the input data to 

become large). This corner can be found by inspection in graphs similar to what 

is depicted i n Figure 6; i n the case o f the spectral calculations i n the work 

reported i n this thesis this would involve the inspection o f 1600 graphs. To 

avoid this procedure, the corner can be found by searching for the maximum 

curvature; this is a procedure that can be implemented in a algorithm and is 

therefore much more convenient. Another method for f inding a balance 

between the perturbation and regularisation error is the Generalised Cross-

Validation m e t h o d 3 7 ' 3 8 . This method is a refined procedure based on Ordinary 

Cross-Validation or the sometimes called 'leave one out' method. The idea 

behind this method is to calculate the solution o f the inverse problem without 

one o f the input values. Thereafter, to calculate a corresponding input w i t h the 

calculated solution and compare i t wi th the omitted input. The optimal ß-value 
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is the value that minimises the difference between calculated input data and 

actual input data. 

FIGURE 3. Example of L-curve . T h e ß-values are displayed 
along the curve. 

Source strength estimation 

The inverse solution of, for example, E Q (35) is the source strength. There are 

other ways o f retrieving the source strength o f a source. In the research reported 

here, the source strength that contributes to the propagating part o f the sound 

field has been determined w i t h sound power measurements, W, and 

measurements o f radiation resistance R (

3 9 ' 4 0 . The mean square source strength, 

Q 2 , can then be calculated by 

J247e-005 

E.0062287 
,o-T 

irjJ 

residual norm || A x - b j | 2 

EQ (48) 
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The sound power o f the part has in this case been measured w i t h sound 

intensity measurements and the radiation resistance by measurements o f squared 

sound pressure in a reverberation chamber. The indirect determination o f sound 

power based on sound intensity is a well established method. The meaning o f 

the term radiation resistance measurement may benefit some further elaboration 

as provided in the fol lowing section. 

R a d i a t i o n resistance 

Radiation resistance is the real part o f radiation impedance, 

Zr=% = Rr+jXr, EQ(49) 

where U is the volume velocity or the area o f the moving surface times its 

velocity and pr is the radiated sound pressure2 5' 4 1 . Furthermore, the average 

sound power is equal to the time average active sound intensity times the area 

over which i t was measured. A relationship between sound power and the 

radiation resistance can be derived 

W ' I A * l ^ r ' u A } = \ P , ^ } - I , J i . EQ (50, 

Therefore is 

R,.~pl i f W = Constant, EQ(51) 

and the radiation resistance may be measured by the squared sound pressure i n 

the far field. 

Filter design 

Filters needed to be designed in order to carry-out the work described in this 

thesis. Filters were used to transform input signals in accordance w i t h a process 

that gives the output o f the system assessed. A system is said to be linear i f 

superpositioning can be applied and time invariant i f i t does not change w i t h 
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time. Systems are commonly illustrated w i t h system plots or block diagrams as 

shown in Figure 3. 

FIGURE 4. Example o f system plot. 

In the case o f a physical system, such as the transformation o f an acoustic signal 

when i t travels f r o m one place to another in a room, the system can be 

measured by use o f random noise signals and auto and cross-correlation or auto 

and cross-spectra (EQ (1) and E Q (2)). The system can then be estimated as the 

ratio i n , for example, EQ (36). In the cross spectral estimate, the uncorrelated 

noise is removed and therefore the estimate in EQ (36) is unbiased i f there is no 

noise in the measured i npu t 2 2 . By use o f the so-called windowing method 2 4 , 

the measured frequency response functions o f a system can be altered into filters 

corresponding to the system being assessed. The procedure is to use an inverse 

Fourier transform to shift the frequency response into an impulse response, 

window the response to remove sharp edges at the beginning and end ot the 

response and, after that, applying a modelling delay 2 8 to centre the impulse 

between the zero and the last sample to make it causal. The samples o f the 

impulse response then become the coefficients o f a Finite Impulse Response 

filter (FIR-fi l ter) . Such FIR-filters are non-recursive, stable and have linear 

phases. This means that the filters do not add the output data to the input data, 

that the output does not escalate in magnitude and that the time dependence 

between different frequency components are not changed. 

Smoothing can be used to remove variations in frequency responses. This results 

in narrower, more collected impulse responses. For this purpose, a smoothing 

algorithm called Rlowess is applied to the frequency data 2 9 . Rlowess is a 

acronym for robust locally weighted scatter plot smoothing 3 0 . The procedure 

used for this smoothing consists o f two parts. The first part is a weighted 

moving average where the weights are calculated by 

Input 
System 

Output 

EQ (52) 
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where x is the position o f the data point to be estimated, Xj is different data 

points to be weighted and n is the number o f data points in the window. The 

look o f this w i n d o w is described in Figure 4 that depicts a window o f 25 points. 

X 

FIGURE 5. Example of first weighting window. 

In the second part, the residual o f each data point r, w i th in the window is 

compared w i t h the absolute median deviation f rom the calculated value in the 

first part. N e w additional weights are calculated by 

2 2 

(1 - 0 / ( 6 median | r | ) ) ) |r,| < 6 median |r| 

0 \r,\ > 6 median Irl 

EQ (53) 
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A n example o f the weighting window f rom EQ (53) is given in Figure 5. The 

last part is repeated five times to give the robust smoothing. 

FIGURE 6. E x a m p l e o f second weighting window. T h e 
median of the absolute residual is 5 in this graph and 
absolute residuals larger than 30 are given the weight 0. 

This chapter has described different strategies for the retrieval o f acoustic source 

strength, how filters may be designed and how problematic inverse calculations 

may be addressed. In the next chapter, the papers used in this thesis are 

summarised. 
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In the earlier chapters the thesis was introduced and background theory was 

described. This chapter w i l l summarise the work f rom the four articles used for 

this thesis. For each paper, material i n italics is essentially a direct quotation 

f rom the original article. 

Paper 1: Sound Source Characterisation and Transfer 

Path Analysis with Time Histories 

In this article, the method for separation o f acoustic time histories o f parts is 

presented. The work was initiated for the fo l lowing reasons: 

Situations where a surrounding sound field is generated by multiple sources occurs 

frequently in work environments. Typical environments are found in work vehicles or in 

control rooms. Good sound in such environments is generally described as an appropriate 

balance between background noise and adequate acoustical feedback from the process being 

controlled. To achieve this, noise control engineers require a method to separate the 

contributions from different sound sources. Wlien the contributions from different sources 

are determined, a good balance among these sources can be proposed through listening 

tests. After that, optimisation of necessary control actions on sources that deteriorate the 

sound quality is possible. 
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The paper's objective was given as: 

The objective of tiiis study is to develop and validate a method that retrieves sound signals 

of piston sound sources which, in turn, will provide a foundation for future studies of 

complex sound sources. 

Furthermore, a long term aim was stated as: 

Plausible application of a generalized method is separation of sound from different sources 

that contribute to the sound in a control room in a factory or a truck cabin. Receiver 

positions such as the ears of an artificial head can be chosen for these applications. The 

results can then be assessed with auxiliary equipment commonly associated with binaural 

technology . 

The theory presented in the article focuses mainly on the calculations that were 

performed in order to retrieve the separated time histories f rom the measured 

data. A source model that is called the piston model is introduced. The name o f 

this model was changed in Paper 3 to model II in-phase monopoles on 

uncorrelated partial sources. From the study i t was concluded that: 

The audible effects of the errors in the calculated time histories could be heard in case of 

screw driver sound but not in the case of diesel engine sound. The screw driver sound is 

coloured due to increased magnitude above 4 kHz, this was probably caused by limitations 

in the piston source model. The source strength separation of the two sound sources works 

well (see Fig. 12), and gives an almost perfect reproduction of the source strength spectra 

up to 2 kHz. Above 2 kHz a frequency dependent deviation is apparent, in this case, 

due to limitations in the used piston source model. 

26 Acoustic Time Histories of Vibrating Partial Sources 



Paper 1: Sound Source Characterisation and Transfer Path Analysis with Time His-

Spectra o f separated source strength time histories are given in Figure 7 as an 

example o f the result. 

FIGURE 7. Auto power spectra of separated source strength 
from source one (first row, diesel engine sound) and two 
(second row, electrical screwdriver sound). Black line, 
measured source strength. Grey line, calculated source 
strength. 

Throughout the work w i t h this experiment there was an unresolved bias 

problem present. The origin o f this problem was later found in the work wi th 

Paper 3. The by sound intensity measured source strength was falsely 

interpreted as units o f power instead o f root mean square units. Also, an error in 

negation was made on top o f the left column on page 172 in the article. 
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Paper 2: Time Histories from Partial Sound Sources 

and Generalised Cross Validation 

This paper complements Paper 1 w i th an implementation of Generalised Cross 

Validation for the selection o f ß-values in the filter calculation. The motive 

behind the introduction of this algorithm into the method of the former article 

is given as: 

In inverse problems, regularisation is often used to reduce variance and improve the 

calculated result. In this method, a regularisation parameter is selected for each frequency 

point, and therefore an effortless procedure that determines this parameter is beneficial. 

Generalised Cross Validation (GCV) is one method that can be convenient to use for 

parameter selection. 

The objective is to develop a GCV-algorithm intended for retrieving a filter matrix used 

for separating source strength time histories from piston sound sources. 

The article shows how the Generalised Cross Validation is applied for the fil ter 

calculation w i t h reference to Golub, Heath and Wahba 3 7 , and Yoon and 

Nelson 3 8 . 

The result was described as a comparison between the solution f r o m the 

manually selected ß-values i n Paper 1 and the ß-values selected w i t h 

Generalised Cross Validation algorithm: 

The two selection methods give similar result. However, in the filters optimised by the 

GCV-algorithm dips occur at a few frequency-points. Tliis error does not cause any 

audible difference of the perceived signal; exceptions can be expected in cases where a dip 

coincides with an aurally relevant tonal component. 
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Figure 8 shows the resulting spectra o f separated source strength time histories 

wi th the GCV-algorithm. 

Frequency Hz 

FIGURE 8. Auto power spectra of separated source strength 
from source one (first row, diesel engine sound) and two 
(second row, electrical screwdriver sound). Black line, 
measured source strength. Grey line, calculated source 
strength. Regularisation parameter calculated by the G C V -
algorithm. 

The conclusion o f the article was: 

Tlie Generalised Cross Validation algorithm works well when the size of the 

regularisation parameter is chosen within a specified span. At some trouble-frequencies, it 

is necessary to estimate the regularisation parameter on basis of results from good nearby 

frequency-points. 

Furthermore, the paper shows that i t was possible to implement the algorithm 

wi th restrictions in its working range o f ß-values. It was explained that small ß -
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values may cause artificial tonal components in the separated sounds and that 

this can be a problem w i t h the algorithm. 

Paper 3: Inverse Separation of Partial Sound Sources 

with Equivalent Source Models 

The scope of this study was to widen the applicability o f the method by use o f 

four source models, w i th the hope that they might fit two partial sound sources: 

a diesel engine valve cover and air intake. 

The four source models to be evaluated in this article (Table 2) are based on the correlated 

monopoles model. The correlated monopoles model is realised by dividing the whole source 

into sub-areas modelled as monopoles. In the other models, the source is instead divide 

into partial sources with sets of fictitious monopoles positioned over their surfaces. The 

models differ in perspective of the correlation among the fictitious monopoles and partial 

sources. The purpose of the models is to retrieve source strength time histories of the partial 

sound sources that contribute to the sound pressure in the far field. 

Table 2 Source models used for calculation of a source strength time history of each partial 

sound source. 

I In-phase monopoles on in-phase partial sources 

II In-phase monopoles on uncorrelated partial sources 

III Uncorrelated monopoles on in-phase partial sources 

IV Uncorrelated monopoles on uncorrelated partial sources 

By using the models in Table 2, the critical summation of monopole time histories that 

belong to each part is avoided. Instead the source models need to be adapted in accordance 

with the particular source. Furthermore, the measurement effort is reduced and the inverse 

problem becomes better posed. 

The objective o f the study was: 

The objective of the study is to test the validity of the source models in case of the two 

partial sound sources, air intake (i) and valve covers (2), on a diesel tnick engine. 
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Reported was also: 

- The necessity for a proper estimate o f radiation resistance in the 

calculation o f source strength measured w i t h sound power. 

- The effect o f reducing the number o f microphones on the resulting 

calculated source strength spectra. 

- Practical aspects o f the implementation o f regularisation concerning 

parameter choice methods and ranges o f ß-values. 

It was concluded that: 

- It is possible to produce accurate estimates o f source strength spectra, 

but the approach used for the selection o f ß-values has yet to be 

validated. 

- The number o f needed receiver positions should be at least three times 

the number o f partial sources. 

- The resulting sound pressure time histories o f the two parts showed, 

out o f all positions, the best performance w i t h the positions directly in 

front ot the sources. 
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The result in the best position is given i n Figure 9. 

a. " (2,2) 
o 

W 30-

20- ' 1 ' 1 1 ' 1 i • 1 ! 
10' 101 

Frequency Hz 

FIGURE 9. Auto spectrum o f sound pressure time history with 
moving average over 20 H z . Calculated by adding the 
spectra of the partial sources in microphone position 2. T h e 
black line represents measured data. T h e grey Une represents 
calculated data. The index in the upper right corner o f the 
plots indicate the position o f the data in the sound pressure 
cross-spectral matrix. 

Paper 4: Acoustic Time Histories from Vibrating 

Surfaces o f a Diesel Engine 

In Paper 4 the method and models o f the earlier papers are applied on an 

externally driven diesel engine. The sound was generated by two dominating 

input sources, the fuel injectors and the t iming transmission. The study was 

motivated for the following reasons: 
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Tliis article address three issues of interest for car manufactures: Source strength 

quantification of parts^^' g' S' 4 2 , separation of source strength time histories of 

parts4^' 1 4 and presentation of sound pressure time histories of parts in a listening 

position. All three issues are addressed by a method for source strength separation, of 

which the first issue can be addressed separately. 

Hie greatest automotive industry interest are perhaps found in the first and last issues. 

Source strength quantification gives a foundation for low noise design to meet regulations 

and satisfy public opinion. Pass-by noise of a vehicle can, for example, be simulated in a 

vehicle test bed with transfer function measurements between the parts and positions along 

the side of the vehicle44, 4 5 . 

The last issue raises possibilities for product sound quality assessments''J of partial sound 

sources. This is thought to give additional information to binaural assessment techniques. 

With binaural recordings, a listener can locate sources of sound in a room. A method for 

assessment oj sound quality of partial sound sources should give further information about 

chosen parts of a product by presenting the separated sound of each part to a listener. 

Furthermore, it makes it possible to simulate a sound from a machine part in a product; 

this is a utility useful in the design of assembled products. 

In the conclusion i t was stated: 

Three separate results were produced: 1) partial source strength spectra, 2) separated source 

strength time histories of parts, and 3) separated sound pressure time histories of parts. 

Tlie first result indicated that it is possible to achieve time efficient source strength 

quantification of partial sources. The second result gave a best choice model for the 

separated source strength time histories. However, this second result had a poor level of 

compliance with measured source strength spectra; the reasons for this need to be explored 

in further investigations. The third result showed another best choice source model for the 

calculation of sound pressure time histories. Indications of the usability of the results in 

terms of sound pressure level in front of the different parts were given in the results. 

Furthermore, the front side and timing transmission partial sources showed consistency by 

using the same model for the different calculations of source strength and sound pressure 

time histories. Listening tests recorded well differentiated sounds from these partial sources 

as a result of the method. 
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A sample o f the result is given in Figure 10. 

FIGURE 10. Level o f auto spectra o f added separated sound 
pressure time histories (grey line) and recorded sound 
pressure (black line), averaged over the three receiver 
positions close to each part. T h e engine revolution was 750 
r p m . Moving average over 52 H z . 

A procedure for working w i t h the separated sounds was suggested. 

With the present quality of the separated sounds, different strategies may be used when 

applying them in comparative listening tests. By simply listening to the different parts a 

comparison of the character of their sounds is possible. Another approach that may also be 

used to show the artefacts in the produced signals can be to compare the original signal 

with the added separated signals without one of the sources. Using this strategy, added 

separated signals with one source excluded may be produced for all combinations of the 

parts. Furthermore, additional recordings for validation of added separated signals with one 

source excluded may be produced by wrapping partial sound source with a lead sheathing. 
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Conclusion 

The primary objective o f the work presented in this thesis was to produce 

relevant audible time histories o f parts o f a sound source. 

For the purpose o f this work, relevant audible time histories are defined as: 

1) Authentic reproduction o f parts o f sources so that sound character is 

accvirately captured. 

2) The ability to rank parts o f sound sources in terms o f sound quality. 

3) To assess the influence o f each partial sound source in a specific 

position on the character o f a total sound. 

Given these objectives, the research described in this thesis reached the 

fol lowing conclusions 

1) Authentic sound reproduction is highly dependent on the agreement 

between sound source and source model. In case o f Paper 1 the piston 

sound sources were accurately described below 2 kHz, a frequency l imi t 

dependent on the density o f fictitious monopoles i n the model. In the 

case o f engine sound sources, each part has a characteristic sound 

reproduced w i t h an unknown accuracy. 

2) The ability o f ranking parts o f sound sources in terms o f sound 

quality is dependent on the authenticity o f the reproduced signal. Paper 

4 reported that while the method demonstrated that the theoretical 

foundation o f the source models is viable, i t also found that wi thout 

additional investigation it is not yet possible to precisely identify the 

relationships between partial sound sources and reproduced sounds. 

3) By comparing the sound o f the whole source w i t h the sound o f the 

source without one part, the impact o f this sound on the whole system's 

sound character can be estimated. This is an approach which provides an 

assessment o f the authenticity o f the reproduced signal because the 

sound of the entire source can be compared wi th the originally recorded 

sound. 

The above three findings, when taken together, demonstrate that it is possible to 

use one or more o f the sounds (partial sounds) that are generated by a single 

source (e.g. a machine) to learn more about the relationships between these 
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'partial sounds' and relate that information back to the performance o f the 

machine being evaluated. What remains is to develop an understanding o f how 

to apply findings in order to improve any machine being evaluated. 

The investigated method included a step o f calculation o f source strength cross-

spectral matrix. This step showed strong possibilities for time efficient source 

strength quantification. 

Future research 

Having developed a basic method for separation o f acoustic time histories f rom 

parts such as piston sound sources and one type o f diesel engine the logical next 

step is to generalize these findings to cause the method to be applicable to the 

assessment o f surface vibrations on all types o f mechanical sources. 

Having separated the acoustic times histories o f partial sound sources, a key next 

step is to explore the effect o f listening positions as location might influence the 

quality and accuracy o f any produced sound. This work would shed light on the 

effect ot altered sound paths between a source and a listener caused by factors 

such as different or changing environments. 

The ability to isolate partial sounds f r o m all sounds caused by a total system (e.g. 

a large piece o f heavy machinery) has considerable potential as a diagnostic tool. 

For example, being able to use partial sound source recordings to determine that 

the performance o f a specific part does not match the desired or predicted 

characteristics w i l l enable engineers to more quickly isolate and rectify 

performance problems. Procedures need to be developed that make use of 

separated sounds and make i t possible to analyse the meaning of particular sound 

characteristics. 

A natural extension o f the application would be to apply the method in a 

manner so that separated sounds can be presented at a listener's head (with the 

use o f an artificial head to record sounds) in order to assess sounds bin aurally. 
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In the immediate future, research can further develop the findings described in 

this thesis by addressing the following: 

1) Effects o f altered positions o f fictitious monopoles on partial sources. 

2) The effect o f varying distance between receiver positions and partial 

sources. 

3) Development and assessment o f a possible method for time efficient 

measurements o f source strength quantification. 
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The article describes a method to separate time histories of partial sound sources. The goal is to develop a noise 
control engineering tool for use in sound quality improvement applications. Contributions from partial sound 
sources are identified. The partial sound sources may be ranked for the purpose of creating a better mixture of 
sound in selected listemng positions. The strategy is to reproduce time histories of sources of importance. The 
method described includes experimental and calculation parts. The experimental part consists of the recording of 
sound pressure time signals, reciprocal measurement o f frequency response functions, and source strength esti

mation of partial sound sources. The calculation part comprises calculation of the cross-spectral matrix of source 
strength, calculation o f filters, and filtered sound pressure recording to obtain time signals of the individual 
sources. Usually the contribution from partial sources is impossible to record directly. In this laboratory experi
ment, such control was possible. The laboratory experiment shows that the method described makes it possible 

to produce informative separation o f time histories o f partial sound sources. The effects of the errors in the cal
culated time histories are audible but not pronounced. 

* Member of the International Institute of Acoustics and Vibration (IIAV) 

1. INTRODUCTION 

Situations where the surrounding sound field is generated 

by multiple sources occur frequently in many work environ
ments, environments are found including heavy vehicles 
and/or control rooms. Good sound in such environments is 
generally described as an appropriate balance between back
ground noise and adequate acoustical feedback from the con
trolled processes. To achieve this, noise control engineers re
quire a method to separate the contribution from different 
sound sources. When the contribution from different sources 
is determined, a good balance among these sources can be 
proposed through listening tests. After that, the optimisation 
of necessary control actions on sources that degrade the 
sound is possible. 

Several methods for source separation have been de
scribed. One example is transfer path analysis.1"3 However, 
these methods of transfer path analysis have not focused on 
retrieving the time histories of sound signals. The objective 
of this study is to develop and validate a method that re
trieves sound signals o f piston sound sources to give a foun
dation for future studies of complex sound sources. 

The method is partitioned into six steps: 1) recording o f 
sound pressure time signals with a set o f microphones; 2) re
ciprocal measurement4 of frequency response functions that 
describe how the sound is altered between the microphones 
and a limited number of defined sound sources; 3) source 
strength estimation of sound sources; 4) calculation o f cross-
spectral matrix of source strength Sqq; 5) calculation of 

filters; and 6) filtered sound pressure recordings. 
The method is tested and validated in a laboratory experi

ment in which sounds from two loudspeakers are separated. 
The result is displayed with spectra from separated signals 
and tables with deviations for different frequency regions. 

The result shows that it is possible to separate time signals o f 
sound sources with an inverse approach.5 

A plausible application of a generalised method is the 
separation of sound from different sources that contribute to 
the sound in a control room in a factory or a truck cabin. Re

ceiver positions, such as the ears of an artificial head, can be 
chosen. The result can then be assessed with auxiliary equip

ment associated with binaural technology.6 

2. THEORY 

2.1. Source Model 

Three different source models are described. The models 
are used to discretise the sources into formats that are con
venient and useful. The choice of model depends on the fre

quency region o f interest, size of object and correlation pat
tern o f the sources. 

I. Correlated equivalent monopoles. 

With correlated equivalent monopoles, the vibrating sur
face is divided into squares with diagonals smaller than half 

the shortest acoustical wavelength o f interest.1'4 Each sub-
area is considered as one monopole source. In Eq. (1) the 
source strength, q, of the monopoles is estimated by a measure 
of surface vibration, u, times the surface of the sub-area, As. 

q = u-As. (1) 

/ / . Piston model. 

The partial sound sources are considered to move as un
correlated pistons and can each be modelled as a cluster of K 

fictitious in-phase monopoles, q,, with one equivalent mono-
pole source strength, q = Kq,. The equivalent monopole source 
strength, q, is estimated by a measure o f sound power, P, 
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from sound intensity measurements over the source surface, 

Eq. (2).' ' 8 

? 2 ( / ) = ^ i = {withÄ = 2 } = P 27EC 
pco2 (2) 

where c is the speed of sound, p is the density and co is the 
angular frequency (rad/s). The radiation resistance factor (R) 
is the ratio of radiated sound power from a monopole on a 
source surface to that of a similar monopole in a free field. 
For a monopole source close to an acoustically hard surface, 

it is equal to 2. 

III. Uncorrelated equivalent monopoles. 
The third source model consists o f evenly spread f ic t i 

tious uncorrelated monopoles over the surface o f uncorre
lated partial sound sources.1 One equivalent monopole source 
strength characterises each partial source. Wi th uncorrelated 
monopoles of equally strong source strength over a surface, 
the directivity variation is reduced and their phase informa
tion can be excluded. The equivalent monopole source strength 
is estimated by a measure of sound power from sound inten
sity measurements over the source surface, and by calcula

tion with Eq. (2). 

2.2. Transfer Function 

The transfer functions needed for the proposed method 
are between the sound pressures at the receiver positions and 
the (fictitious) monopole sources located on the surface of 
the partial source. Because reciprocal measurements of such 
transfer functions are often less cumbersome to perform, this 
method wi l l be applied in this work. 4 Correctly conducted, 
reciprocal measurements give the same result as i f they were 
made directly from the source to the recording position. Im
plementing reciprocal measurements wi th use o f omnidirec
tional microphones requires an omnidirectional sound source. 
Practically, it is often difficult to accomplish omnidirection-
ality of the sound source. Therefore, procedures to evade this 
difficulty have been proposed. One solution is to use an an-
echoic termination behind a partially spherical sound source 
and to ensure that the sound sources (to be characterised) are 
ful ly insonified by an apparently omnidirectional sound 
source.8"10 

A set o f transfer functions can be arranged to build a 
transfer function matrix, G. Each position in the matrix con
nects phasors of source strength, q, to phasors of sound pres
sure,/». Equation (3) shows this relationship for source model 
1 and 2 and Eq. (4) for source model 3. 

p = Gq; (3) 

(4) 

Equation (5) shows G (with m rows (receivers) and n col
umns (sub-areas)). 

' Gu Gn " ' Gl„ 

<?(/) = 
G21 G22 ' ' Glj, 

(5) 

. Gm] Gm2 ' • Gm„ . 

For source model 1, each element in the matrix (Eq. (5)) 
contains a ratio of cross-spectra and autospectra according to 
Eq. (6). 

G mn — (6) 

For the cases where the source strength o f the omnidirec
tional sound source is registered by a microphone in front o f 
its orifice, Eq. (7) converts a measure of sound pressure di
vided by sound pressure, to a measure of sound pressure di

vided by source strength.11 

1 jcop Spbp 
A 4nr SPn ' 

-jæicr 
(7) 

The index p stands for the sound pressure at orifice and 
bp for the blocked sound pressure at the silent source. The 
constant A is defined as A = So/4nr2, where So is the radiat
ing area of the omnidirectional source at the radial distance r 
from its orifice. The constant satisfies the definition for the 
source strength of a monopole point source, which states that 
its product of normal surface velocity and surface area is 
constant with radial distance from the centre of the source. 

For source model two, the size of G is reduced by averag
ing a number of K transfer functions between each piston 
sound source and the receivers. Equation (8) shows one ele
ment at row m and column n. 

1 * 9 (0 
K (0" 

(8) 

The microphone positions for measurement o f the blocked 
sound pressure close to the piston sound source are denoted 
by i . Equation (7) is used to transform the measured entities 

to the ratios in Eq. (8). 
In the case of uncorrelated equivalent monopoles, i.e. 

source model three, the phase information is neglected in the 
transfer functions. Together with Eq. (7), one element in the 
transfer function matrix is described by Eq. (9). 

A i=l 

SqmPAi) 
(9) 

2.3. Inversion - Numerical Considerations 

The condition number of G, Eq. (3), states how many 
times greater the error in q may become due to an input error 
in p. The condition number tends to increase with the size o f 
the matrix, and it becomes larger i f the rows in the matrix are 
close to becoming linear combinations o f each other. By av
eraging the frequency response functions (i.e., reducing the 
size of the matrix) and by making them as unique as possible, 
the condition number can be reduced. 

Singular value decomposition (SVD) is used when calcu
lating the inverse of a matrix. Only overdetermined systems 
(m>n) are considered in the succeeding derivations. SVD 
divides the matrix into three matrices, U, S and V." Where V 
and V are orthonormal matrices and 5 is a diagonal matrix 
with the singular values of the matrix G in the diagonal and 
the other elements are equal to zero. A n orthogonal matrix 
has the property of becoming one once i t is multiplied by its 
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transpose, and its inverse is equal to its transpose. The in
verse of a diagonal matrix is equal to the inverse of its ele
ments. The singular value decomposition of a matrix G is de
fined in Eq. (10). 

G=USVH. (10) 

The inverse o f G becomes, Eq. (11). 

G* = VS-'UH= v[[diag{^j)UH; i = 1 , 2 , ( 1 1 ) 

where G* is a Moore-Penrose Pseudo-Inverse.13 It gives 
least-square solutions to overdetermined inverse problems. 
The exponent H stands for Hermitian and defines the conju
gate transpose o f a matrix or vector.1 4 For matrices with a 
high condition number, regularisation may provide a useful 
inverse. One common regularisation method is the Tikhonov 
regularisation.15 With the objective of minimising a cost 
function, such as Eq. (16), the singular values in the inverse 
of the S matrix are altered from 1/s to s/(s2 +ß). ß reduces 
the difference between the smallest and the largest singular 
values, which reduces the condition number of the matrix. 

2.4. Cross-spectral Matrix 

For stationary random signals, it is appropriate to calcu
late expected values of averages, products and cross products.16 

The cross-spectral matrix contains autospectra in its diagonal 
and cross-spectra in the other positions.5 Equation (12) de
scribes a sound pressure cross-spectral matrix, Spp. 

SDD = lim E PP" (12) 

where p is a vector of sound pressures as a function o f fre
quency, calculated from averages o f Fourier-transformed time 
samples with period T. When using cross-spectral matrices, 
the relationship between source and receivers in Eq. (3) is al
tered as in Eq. (13). 

S„= Ijm e [ ± P P

h ] = ]\mE[\Gq(Gq)H] 

GSqqG
H. (13) 

Similarly, the inverse relationship becomes Eq. (14): 

(14) 

where CF1" can be calculated beneficially by using Eq. (15) 
with a good choice o f the regularisation parameter ß. Equa
tion (15) is derived in Appendix A, which shows that it meets 
the demand to minimise Eq. (16) 

G+ = (GHG+ßir]G»; 

J= l l ^ -p l l ' +^ l l? ! ! 2 . 

(15) 

(16) 

The value of / in Eq. (16) may appear as an L-curve when 
plotted as a function of ß on a log-log scaled graph; where 
the y-axis shows the norm of q, and x-axis shows the norm of 
the residual, p-p, where p refers to the measured sound 
pressure. The optimal choice of the regularisation parameter 
is defined by the corner position on the i-curve, which corre

sponds to a trade-off between residual and size of the solu

tion, see Fig. I . 1 5 
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Figure 1. I-curve as a function of regularisation parameter that is 
indicated in the figure along the curve. Calculated with program 
provided by Hansen for the first row of the filter matrix H at a fre
quency of 600 Hz.1 5 

2.5. Filter Design 

The filters of interest should alter the measured sound 
pressure signals to the desired signals according to the sys
tem plot in Fig. 2. 5 Following Eq. (13), H connects the meas
ured sound pressure cross-spectral matrix with the desired 
signal cross-spectral matrix in Eq. (17). 

Sü = HSppH». (17) 

(MxN) 

9 
(Nx1) 

(Mx1) 

NxM) 
+ 

~ j 
' p 

H 
d 

(Mx1) (Nx1) 

d 

(Nx1) 

(Nx1) 

Figure 2. Diagram showing a plot of inverse filtering problem.5 

Bold lower-case letters represent complex vectors and bold capital 
letters stand for matrices. Variables within brackets indicate size of 
vectors and matrices, q is the source strength, p is the sound pres
sure, n is the background noise, p is the measured sound pressure, 
d is the desired signal, d is the result from filtered sound pressure, 
G is the measured frequency response function matrix, If is the fil
ter matrix. 

Appendix B shows a derivation of Eq. (18) that can be 
used to calculate H to give a minimum mean square error o f 

the difference between the estimate of the desired signal, d, 
and the desired signal, d, (in this case a time delayed version 
of the source strength, d = e'jaAq) with a constraint on size o f 
the rows in the filter matrix, see Eq. (19). 5 , 1 7 

H= e-*"kS„€rfl[GS„6f,+Sa+ßirl; (18) 

J=E[(d-d)(d-d)H] + ßHHH. (19) 
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Simplified and stripped from regularisation, Eq. (18) 
would contain the cross-spectral matrix o f source strength 
and measured sound pressure, which is difficult to measure, 
and the inverse of the cross-spectral matrix of measured 
sound pressure. By making small alterations ( f f + ' ¥ = tr", 

S B = and S i = [GSqqG
H + S„„}'') in Eq. (18), it is 

possible to see the similarity with Eq. (17). By means of the 
inverse Fourier transform the filter matrix H is transformed 
to FIR-filters. 1 8 In cases when H only contains one-sided fre
quency spectra of N spectral lines, the input data needs to be 
altered. One way is to use the Hilbert transform relations, de
fined by Eq. (20) . ' 9 J C 

H(k)- (20) 

where 2? is also zero padded from k = 2Nto k= (sampling 
frequency/frequency resolution)-l. The inverse Fourier trans

form o f & i s cyclically shifted and multiplied with a Hanning 
window. 1 8 - '" ' 

3. METHOD 

The method is partitioned in six steps and each step is de
scribed separately below. 

1. Recording of sound pressure time signals. 
Recording of sound pressure signals is made simultane

ously in several recording positions around the source. The 
signal o f each partial source should be measured in a position 
where it is dominant. This can be achieved by adjusting the 
distance between the source and the microphone, so that the 
microphone is sufficiently close to the partial sound source. 

2. Reciprocal measurement offrequency response functions. 
Several frequency response functions are measured be

tween each partial source and the recording positions (see 
theory section). These frequency response functions are then 
treated according to their source model. 

3. Source strength estimation of partial sound sources. 
Estimated source strengths o f partial sound sources are 

used for validation of the outcome o f the calculations in steps 
4 and 6. The source strength of the sound sources is deter
mined by sound intensity measurements or by measurements 
of vibration on or over the source area.4 

4. Calculation of cross-spectral matrix Sqq. 
The objective of this step is to retrieve the source strength 

cross-spectral matrix (Sqq), which w i l l be needed in step 5. 

The source strength cross-spectral matrix is calculated from 
the measured sound pressure cross-spectral matrix and a ma
trix o f frequency response functions (G) in Eqs. (14) and 
(15). The ß parameter is chosen to minimise the difference 
between the auto spectrum in the calculated cross-spectral 
matrix and estimated source strengths. 

5. Calculation of filters. 
Figure 2 describes an outline of the filtering procedure 

and states the notations used. FIR-filters, or in fact impulse 
responses, are calculated using Eqs. (18), (19) and (20). 

6. Filter sound pressure recordings to obtain time signals of 
the individual sources. 

To get the source strength time histories, the recorded 
sound pressure signals measured in step 1 are filtered by 
FIR-filters defined by the matrix H (see Fig. 3). The time sig
nals in the listening position are produced by filtering the 
source strength time histories. The FIR-filters, in this case, 
correspond to the measured frequency response functions be
tween sources and listening position. 

Figure 3. Diagram of system for obtaining sound pressure time his
tories at listening position, q is the source strength, p is the meas
ured sound pressure, g is the filter from measured frequency re
sponse function, pn and ps2 are sound pressure signals of separated 
sound sources. 

4. LABORATORY EXPERIMENT 

The experimental set-up consisted of two loudspeakers 
(0.11 m cone diameter); situated with 90-degree angle be
tween them (Fig. 4). Both loudspeakers were positioned on a 
4-cm-thick chipboard creating a small horizontal floor for the 
loudspeakers. The experiment was carried out in an anechoic 
chamber. The frequency range of the measurements was 
0-12.8 kHz with a resolution of 4 Hz and a sampling fre
quency 32768 Hz. Measurements were made with a condi
tioning amplifier, 1/2" free-field microphones, 1/4" micro
phone and a sound intensity probe ( B & K 3519) fitted with 
two face-to-face mounted 1/2" microphones at a 12 mm dis
tance separated by a solid spacer. A FFT-based measurement 
system was used. The transducers were calibrated with an 
acoustical coupler and a pistonphone. The pressure-residual 
intensity index varied between 16 to 22 dB in the frequency 
range 100 Hz to 5 kHz. 

4.1. Measurement Procedure 

Figure 4(a) shows the transducer positions for the record
ing of sound pressure time signals (step 1). Figure 4(b) shows 
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transducer positions for the reciprocal measurement of trans
fer functions (step 2). 

The sound from the two sources was recorded simultane
ously at four microphone positions. Source one was fed by 
the recorded sound of a diesel engine. Source two was fed 
with the recorded sound of an electric screwdriver. The play
back levels of the sound sources were adjusted to be per
ceived as equally loud at the listening position. The smallest 
distance between the microphones and the sources was 0.4 m. 
At the f i f t h position (grey transducers in Fig. 4), recordings 
were made for both sound sources simultaneously and for 
each sound source separately. The f i f th position is denoted as 
the listening position. 

Figure 4. Schematic picture from above the experimental set-up for 
step one and two of the measurement. The picture describes two 
loudspeaker boxes standing at a 90° angle on chipboard, (a) Record
ing of sound pressure signals with sources on. (b) Reciprocal meas
urement of frequency response function with sources off. 

The frequency response function between the sources and 
the microphone positions used in step 1 was measured recip
rocally. 4 For this purpose, a dedicated sound source was used 
to produce a broadband signal at these microphone positions. 
The source strength o f the dedicated sound source was meas
ured by one microphone fixed in front of its orifice at a radial 
distance o f 10 cm. The blocked sound pressure, 1 cm from 
the surface of each source, was measured at five positions. A 
transfer function matrix was calculated according to source 
model 2. 

The source strength o f each equivalent monopole (loud
speaker element) was estimated by sound intensity measure
ments in the presence o f the other source, according to the 
piston model (source model 2). The sound power of the 
source was determined by sound intensity measurements 
made at 25 points. The intensity spectrum at each measure
ment point was based on 100 averages using a 75% overlap. 

5. RESULT AND DISCUSSION 

The result and discussion section points out weaknesses 
of the method and gives a comparison between directly 
measured and predicted data. Figure 6 shows spectra of re
corded signals from the two contributing sources. The signals 
shown in Fig. 6 are used for comparison and validation of the 
described method. 

In step 2 of the method, three possible errors in the esti
mate o f transfer functions were identified. Two errors are re
lated to the dedicated sound source for reciprocal measure
ments and one error is related to the piston sound source 
model. The first error is due to the effect of nonspherical ra-
diation f rom the dedicated sound source (see Fig. 5). The fig-

ure shows the sound pressure level relative to the on-axis 
level in the third octave bands 250, 1000 and 4000 Hz for an
gles between 0° and 180°. In the transfer function measure
ments, the sound sources were insonified by the dedicated 
sound source within an angle of ±45°, therefore the effect o f 
nonspherical radiation can be neglected. 

Figure 5. Sound pressure level relative to the on-axis level for an
gles between 0° and 180°. Outer curve, third octave band with cen
tre frequency 250 Hz. Middle curve, third octave band with centre 
frequency 1 kHz. Inner curve, third octave band with centre fre
quency 4 kHz. 

Frequency (Hz) 

Figure 6. Autospectra of recorded sound pressure time histories. 
Black line, source one (diesel engine sound). Grey line, source two 
(electrical screwdriver sound). 

The second error is phase related and occurs in cases 
when the microphone that indirectly measures the source 
strength o f the dedicated sound source is positioned outside 
the dominant transfer path between the dedicated sound 
source and the fictitious monopole. The error increases with 
frequency and reaches approximately 50° at 5 kHz, when the 
dedicated sound source is pointing towards the partial sound 
source. This error is assessed to be small, but can be avoided 
by alternative procedures for estimating the source strength 
of the dedicated source.8,9 

The third type of error originates from discrepancies be
tween the radiation pattern o f the piston source model and 
the radiation pattern of the loudspeaker membrane. The ef
fect of this type of error is illustrated by comparison between 
two numerical models that use five and 3690 fictitious mono-
pole sources located on a flat circular piston (see Fig. 7(a)-(c)). 
Small deviations are found below 2 kHz. The deviations in-
crease with increasing angle from the centre of the piston. 
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The error becomes evident for source two, where the listen
ing position is about 70° off-axis (Fig. 4). For example, at 
frequencies above 2 kHz, the deviation in radiation patterns 
is not expected to be greater than 2 dB. At 4 kHz (Fig. 7(b)) 
the most critical radiation angle is around 60°, where the de
viation exceeds ±15 dB. Figure 7(d) shows the radiation pat
tern for ka = 10 (9926 Hz) and indicates that the model based 
on 3690 fictitious monopoles follows an analytical solution. 2 2 
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Figure 7. Polar plots of level calculated with 20 log (plq). Sound 
pressure p, estimated 4 m from a flat circular piston sound source of 
source strength q. The piston sound source has a diameter of 0.11 m 
and is positioned in an infinite baffle. Black line, dense piston 
model (3690 monopole sources). Grey line, piston model used 
(5 monopole sources), (a) 2 kHz; (b) 4 kHz; (c) 8 kHz; (d) ka = 10 = 
9926 Hz.2 2 

In the calculation of source strength cross-spectral matrix, 
step 4, the choice of the regularisation parameter ß is consid
ered. No regularisation was needed after the lowest fre
quency component was excluded. The condition number o f G 
can be seen in Fig. 8. The calculated source strength cross-
spectral matrix is shown in Fig. 9. Figure 8 shows also the 
condition number o f GSqqG

H and GSqqG
H+Snn. 

In step 5 regularisation is needed. Using the measured 
background noise cross-spectral matrix, Snn, in the inverse 
calculations greatly reduced the condition number (Fig. 8). 
Regularisation was used for supplementary tuning of the re
sult, ß was chosen to reduce the deviation in source strength 
in comparison to the estimated source strength and to elimi
nate frequencies below 20 Hz. Using low frequency elimina
tion produces collected impulse responses. Figure 1 gives an 
example of the effect of regularisation on the cost function 
defined by Eq. (19) at 600 Hz. The calculated filter matrix 
(Eq. (18)) is shown in Fig. 10. The filters have a smooth 
characteristic without prominent peaks originating from a 
poor choice o f the regularisation parameter. This is also con
firmed by the corresponding impulse responses shown in 
Fig. 11. 

Figure 12 shows the calculated source strength spectrum 
(step 6) compared with the estimated source strength (step 3). 
The deviations are most prominent above 2 kHz, and are 

likely to be an effect of the piston model, discussed above. 
Table 1 describes mean values and standard deviations of dif
ferences between estimated and calculated source strengths 
for different frequency regions. 

Frequency (Hz) 

Figure 8. Condition number for: grey line, GSmG
H; black line, 

GS„G"+Sm; dotted line, G. 

Frequency (Hz) 

Figure 9. Power spectra of cross-spectral matrix of source strength. 
Black line, estimated source strength. Grey line calculated spectra 
of cross-spectral matrix, Sqq. 

The mean value reflects the bias error and the standard 
deviation reflects the deviation without bias. The result in the 
frequency region 100 Hz to 2 kHz shows a bias error smaller 
than 1 dB and standard deviations smaller than 2 dB. For 
higher frequencies, the bias error indicates an overestimate o f 
the calculated source strength. The overestimate is of the 
same size as the overestimate of the calculated source strength 
cross-spectral matrix; compare Fig. 12 with Fig. 9. This indi
cates that the calculation of the filter matrix was adequate, 
and that this bias error comes from the calculation o f the 
cross-spectral matrix Sqq or from an error in the estimated 
source strength. 

In the last part o f step 6, the source strength time history 
of the sound sources were filtered and transformed to sound 
pressure signals at the listening position. Figure 13 shows 
samples of these time histories. In Fig. 14, auto power spec
tra of the sound pressure time signals are compared with auto 
power spectra of original time signals recorded in the listen-
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10 10 10 10 10 10 

Frequency (Hz) 

Figure 10. Frequency response function of filter matrix H(f). The 
amplitude unit can be seen as dB re. 1 (mVs)/Pa. 

0 0.1 02 0 0.1 02 0 0.1 02 0 0.1 02 

0 0.1 02 0 0.1 02 0 0.1 02 0 0.1 02 

Time (s) 

Figure 11. Matrix of impulse responses corresponding to the filter 
matrix H(f). 
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Figure 12. Auto power spectra of separated source strength from 
source one (first row, diesel engine sound) and two (second row, 
electrical screwdriver sound). Black line, estimated source strength. 
Grey line, calculated source strength. 

ing position. Deviations between measured and calculated 
sound pressure spectra indicate an increased error in com
parison to deviations in the source strengths shown in Fig. 12. 
Table 2 summarises the differences shown in Fig. 14. The 
standard deviation between 100 Hz and 2 kHz is the same as 
that for the separated source strengths. However, in the fre
quency region 2 to 4 kHz, the standard deviation for source 
two increases to 6.2 dB. 

= 0 0.05 0.1 0.15 0.2 

W X 10'3 

0 0.05 0.1 0.15 0.2 

0 0.05 0.1 0.15 0.2 0 0.05 0.1 0.15 0.2 

Time (s) 

Figure 13. Calculated time histories. Left column, source strength 
of separated sources. Right column, sound pressure of separated 
sources. Upper row, diesel engine sound. Lower row, electrical 
screwdriver sound. 

The auto power spectra o f the added time signals are com
pared in Fig. 15. In Table 3 these data are formed into the 
mean value and standard deviation of the difference between 
auto power spectra of the calculated time histories and re
corded signals at the listening position. The most pronounced 
deviation (—7.4 dB) is the bias error especially in the region 
2 to 4 kHz. The standard deviation is small, 1 to 2 dB in the 
frequency region 100 Hz to 4 kHz. 

Table 1. Mean and standard deviations between squared quantities 
of estimated source strength and calculated source strength. 

Frequency 
Region 

Mean 
(101og(calculated/mea.sured)) Standard deviation Frequency 

Region Source One Source Two Source One Source Two 
100 Hz-2 kHz -0.5 dB -0.7 dB 1.2 dB 2.0 dB 

2-5 kHz 4.6 dB 4.8 dB 2.5 dB 3.0 dB 

Table 2. Mean and standard deviations of differences in sound pres
sure level for source one and two at the listening position. 

Frequency 
Region 

Mean 
(101og(calcuiated/tneasured)) Standard deviation Frequency 

Region 
Source One Source Two Source One Source Two 

100 Hz-2 kHz -4.9 dB -4.8 dB 1.2 dB 2.0 dB 
2-4 kHz -6.8 dB -6.5 dB 1.8 dB 6.2 dB 
4-5 kHz -8.5 dB 8.4 dB 5.0 dB 

3.8 dB 1 
Table 3. Mean and standard deviations of differences in sound pres
sure level for both sources at the listening position. 

Frequency Region Mean 
(1 Olog(calculatedVmeasured)) 

Standard deviation 

100 Hz-2 kHz -4.9 dB 1.0 dB 
2-4 kHz -7.4 dB 2.2 dB 
4-5 kHz 3.2 dB 3.8 dB 
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It becomes clear, when Tables 1-3 are compared, that the 
largest errors are found in the region 2 to 4 kHz, after the 
source strength time histories have been filtered by the meas
ured transfer functions from the sources to the listening posi
tion. Table 2 reveals that the cause of this error stems from 
source 2. In the context of this increased standard deviation, 
one has to consider the deviations, described in Fig. 7, 
caused by the piston source model. The impact o f this error is 
large at some angle and frequency combinations. This is em
phasised for the transfer functions from the partial sound 
sources that are solely determined at one position, i.e., the lis
tening position. 

Frequency (Hz) 

Figure 14. Auto power spectra of sound pressure level at listening 
position from source one (first row, diesel engine sound) and two 
(second row, electrical screwdriver sound). Black line, measured 
sound pressure level. Grey line, calculated sound pressure level. 

Frequency (Hz) 

Figure 15. Auto power spectra of sound pressure level at listening 
position from both signals. Black line, measured sound pressure 
level. Grey line, calculated sound pressure level. The bottom black 
line of absolute difference between measured and calculated sound 
pressure level is found to be in the range of 0 to 15 dB. 

6. CONCLUSION 

The laboratory experiment shows that the method de
scribed makes it possible to produce a useful separation of 
time histories of partial sound sources. The choice of source 
model is critical; in this case the best result was achieved by 
the piston source model. To obtain usable filters, regularisa

tion was required. Most of the dominant tonal components 
in the sound signals are correctly reproduced in frequency 
(Figs. 14 and 15). This is of importance for the perception o f 
the sound signals. The audible effects of the errors in the cal
culated time histories can be heard in the case of the screw
driver sound but not in the case of the diesel engine sound. 
The screwdriver sound is coloured due to its increased mag
nitude above 4 kHz, probably caused by limitations in the 
piston source model. The source strength separation o f the 
two sound sources works well (see Fig. 12) and gives an al
most perfect reproduction of the source strength spectra up to 
2 kHz. However, above 2 kHz a frequency-dependent devia
tion is apparent, also in this case due to limitations in the pis
ton source model used. Finally, big reductions in the condi
tion number can be achieved by use of the cross-spectral ma
trix of the background noise, which is in accordance with the 
findings of Stoughton and Strait.17 
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APPENDIX A. DERIVATION OF EQ. (15) 

Minimising the cost function, J, by setting it equal to zero 
and avoiding trivial solutions gives: 

J=lGq-p\r+t = 0. (Al) 

Rearranging Eq. ( A l ) to the shape o f ^ 4 x - 6 = 0. Eq. ( A l ) 
becomes: 

(A2) 

where q-(GHG+ßl) xGHp corresponds to the Normal 

Equation x = (AHA)~lAHb. 
The inverse of G that gives a Least Squares solution for q 

is therefore: 

f G s 
a f*l 

l i t ' , 

G+ = (GHG+ßir>GH. 

APPENDIX B. DERIVATION OF EQ. (18) 

(A3) 

A cross-spectral matrix, J, of the cost functions is defined 

in Eq. ( B l ) : 

J--
•7ll J\2 = E[(Hp-q)(Hp-q)H}+ßHHH. ( B l ) 

Unfolding Eq. (B 1) and insertingp = Gq + n gives Eq. (B2): 

J=HGSqqG
HH" + HS„„H" + Sqq-HGSqq 

-SqqG
HHH+ßHHH. (B2) 

174 International Journal of Acoustics and Vibration, Vol. 8, No. 3, 2003 



N. Frenne, Ö. Johansson: SOUND SOURCE CHARACTERISATION AND TRANSFER PATH ANALYSIS WITH TIME HISTORIES 

The row (r) o f H* that minimises / in the position row (r) 
and column (c) is given by: 

V-HfoAv) = H(R)GLC)SQQ(V)G^C) +H(r)S„„(R^) 

S«MG&>+ßHw=0< (B3) 

V f ( a b H ) = a and v> . ( i c ) = 0 were used in the calculation of 
Eq. (B3); a and b are complex row vectors and c a complex 
column vector. 2 4 Working out H(r) in Eq. (B3) gives: 

H(r)=S qq(r,c) G H

C ) (G(c)Sqq(r,c) G"C) + S „„(r,c) + ß ) • (B4) 

Combining Eq. (B4) for all rows of H and implementing 
a system delay.5•2 , Equation (B4) becomes: 

ff=e-j°*s„GH(GSQQG
H+S„n+ßI)-i. (B5) 

REFERENCES 

1 Verheij, J.W. Inverse and reciprocity methods for machinery 
noise source characterization and sound path quantification, In
ternational Journal of Acoustics and Vibration, 2 (1), 11-20, (1997). 

2 Bendat, S.S., and Piersol, A.G. Engineering applications of corre
lation and spectral analysis, John Wiley & Sons Inc., Chapter 9, 
ISBN 0-471-05887-4, (1980). 

3 Otte, D. Development and evaluation of singular value analysis 
methodologies for studying multivariate noise and vibration 
problems, Doctoral Thesis, Katholieke Universiteit Leuven. 

4 Fahy, F.J. The vibro-acoustic reciprocity principle and applica
tions to noise control, Acustica, 81 (6), 554-558, (1995). 

5 Nelson, P.A. A review of some inverse problems in acoustics, In
ternational Journal of Acoustics and Vibration, 6 (3), 118-134, (2001). 

6 Blauert, J. An introduction to binaural technology, Binaural and 
spatial hearing in real and virtual environments, Edited by Rob
ert, H.G., and Anderson, T.R., Laurence Erlbaum associates, 
Mahwah New Jersey, ISBN 0-8058-1654-2, (1997). 

7 Verheij, J.W. Reciprocity method for quantification of airborne 
sound transfer from machinery, Proceedings of Second Interna
tional Congress on Recent Developments in Air- and Structure-
borne Sound and Vibration, Auburn, USA 591-598, (1992). 

8 Zheng, J., Fahy, F.J., and Anderton, D. Application of a vibro-
acoustic reciprocity technique to the prediction of sound radiated 
by a motored IC engine, Applied Acoustics, 42 (4), 333-346, (1994). 

' Verheij, J.W., Van Toi, F.H., and Hopmans, L.J.M. Monopole 
airborne sound source with in situ measurement of its volume ve
locity, Proceedings of Inter-Noise, 1105-1108, (1995). 

1 0 de Beer F., and Verheij, J.W. High power sound source with 
large coverage angle for use in reciprocity experiments, Proceed
ings of Seventh International Congress on Sound and Vibration, 
3235-3242, (2000). 

" Pierce, A.D. Acoustics, Acoustical Society of America, 500 
Sunnyside Boulevard, Woodbury, New York 11797, §4, ISBN 
0-88318-612-8,(1989). 

1 2 Press, W.H., Teukolsky, S.A., Vetterling, W.T., and Flannery, 
B.P., Numerical Recipes, Cambridge University Press, (1992). 

1 3 Golub, G.H., and Van Loan, C.F., Matrix Computations, The 
Johns Hopkins University Press, London, (1996). 

1 4 Kreyszig, E. Advanced engineering mathematics, John Wiley & 
sons, Inc., (1993). 

1 5 Hansen, P.C. Rank-Deficient and Discrete Ill-posed problems, 
The Society for Industrial and Applied Mathematics, 3600 Uni
versity City Science Center, Philadelphia, PA 19104-2688, ISBN 
0-89871-403-6, (1998). 

" Bendat, J.S, and Piersol, A.G. Random Data, Wiley-Interscience, 
John Wiley & Sons Inc., (1971). 

1 7 Stoughton, R., and Strait, S. Source imaging with minimum 
mean-squared error, Journal of the Acoustical Society of 
America, 94 (2), 827-834, (1993). 

1 8 Kirkeby, O., Nelson, P.A., Hamada, H , and Orduna-Bustamante, F., 
Fast deconvolution of Multichannel systems using regularization, 
IEEE Transaction on Speech and Audio Processing, 6 (2), (1998). 

" Oppenheim, A.V., and Schafer, R.W. Discrete-time signal proc
essing, Prentice-Hall, Inc., §10.2, (1989). 

2 0 Randall, R.B. Signal processing in vibration analysis, Structural 
Dynamics @ 2000: current status and future directions, Edited 
by Ewins, D.J., and Inman, D.J., Research Studies Press Ltd., 
London, §2.3, (2000). 

2 1 Widrow, B., and Walach, E. Adaptive inverse control, Prentice 
Hall, Upper Saddle River NJ 07458, ISBN 0-13-0059684, (1996). 

2 2 Kinsler, L.E., Frey, A.R., Coppens, A.B., and Sanders, J.V., Fun
damentals of acoustics, John Wiley & Sons, (1982). 

2 3 Colloms, M. High performance loudspeakers, Pentech Press 
Limited, Grahm Lodge London NW 3DG, ISBN 0-7273-0807-6, 
(1991). 

2 4 Therrien, C.W. Discrete random signals and statistical signal 
processing, Prentice-Hall Inc., Englewood Cliffs New Jersey 
07632, Appendix A, ISBN 0-13-852112-3, (1992). 

International Journal of Acoustics and Vibration, Vol. 8, No. 3, 2003 175 





Tenth International Congress 
on Sound and Vibration 

7-10 July 2003 • Stockholm, Sweden 

T I M E H I S T O R I E S F R O M PARTIAL SOUND SOURCES AND 
G E N E R A L I S E D CROSS VALIDATION 

Nicklas Frenne, Örjan Johansson 

Luleå university of technology, Department of human work science 

S-971 87 Luleå, Sweden 

e-mail: nife@arb.luth.se 

Abstract 

For characterisation of sound sources, a method has been developed that retrieve the 

source strength time history o f each partial sound source. The method origin f rom an 

idea to produce audible signals of partial sound sources for sound quality assessment. 

A crucial part of the method is matrix inversion; as a result, it can be labelled as an 

inverse problem. In inverse problems, regularisation is often used to reduce variance 

and improve the calculated result. In this method, a regularisation parameter is selected 

for each frequency point, and therefore an effortless procedure that determines this 

parameter is beneficial. Generalised Cross Validation (GCV) is one method that can be 

convenient to use for parameter selection. 

The objective is to develop a GCV-algorithm intended for retrieving a fi l ter matrix used 

for separating source strength time histories f rom piston sound sources. 

The procedure is validated based on data f rom a laboratory experiment designed with 

two loudspeakers that reproduce two recorded sound signals. Inverse filters are 

calculated to determine the source strength of partial sound sources with use of a GCV-

algorithm and with manually selected regularisation parameter. 

The two selection methods give similar result. However, in the filters optimised by the 

GCV-algorithm dips occur at a few frequency-points. This error does not cause any 

audible difference of the perceived signal; exceptions can be expected in cases where a 

dip coincides with an aurally relevant tonal component. 

The Generalised Cross Validation algorithm works well when the size o f the 

regularisation parameter is chosen within a specified span. A t some trouble-

frequencies, it is necessary to estimate the regularisation parameter on basis of result 

f rom good nearby frequency-points. 
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I N T R O D U C T I O N 

The aim of this study is to test a GCV-algorithm for the purpose of retrieving a fil ter 

matrix used for separating source strength time histories f rom piston sound sources 1" 3. 

To achieve this aim a laboratory experiment has been designed with two loudspeakers 

that reproduce two recorded sounds4. In the experiment the method was tested with a 

manually selected regularisation parameter and with the regularisation parameter 

calculated with GCV. Hereafter comes a Theory section, and a section that describes a 

Laborator,! experiment with parameter choice methods and results. 

T H E O R Y 

The theory section defines a procedure for calculating filters wi th knowledge of the 

source strength cross spectral matrix and a matrix of measured transfer functions. I t 

presents a method for separation of source strength time histories, concentrating on how 

inverse filters for source separation is made, and on parameter choice with Generalised 
Cross Validation. 

Method 

The method is partitioned in six steps and each step is briefly described below. 

1. Recording of Sound Pressure Time Signals. Recording of sound pressure 

signals is made simultaneously in several recording positions around the source. 

2. Reciprocal Measurement of Frequency Response Functions. Frequency 

response functions are measured between each source and recording position. These 

frequency response functions are used to build a transfer function matrix, G 5 . Each 

position in the transfer function matrix connect a complex vector of source strength, q, 

to a complex vector of sound pressure,p. Eq. (1) shows this relationship. 

P = Gq (1) 

3. Source Strength Estimation of Partial Sound Sources. The estimated source 

strength of each partial sound source is used for validation of the outcome of the calcu

lations in step 4 and 6. The source strength of each sound source is determined by 

sound intensity measurements or by other measurements o f volume velocity on or 

over the source area . 

4. Calculation of Cross Spectral Matrix S q q . The objective of this step is to 

retrieve the source strength cross spectral matrix (Sqq) which w i l l be needed in step 5. 

The source strength cross spectral matrix is calculated f rom the measured sound pres

sure cross spectral matrix and a matrix of frequency response functions, G. 

The cross spectral matrix contains auto spectra in its diagonal and cross spectra in the 

other positions 3. Eq. (2) describes a sound pressure cross spectral matrix, S__, and its 
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relation to a source strength cross spectral matrix, Sqq, and frequency response function 

matrix, G. 

SPP = J m E 

T-> =° 

jPP = l im E fGq(Gqf GSqqG
r (2) 

Where p is a vector of sound pressures as a function of frequency, calculated f rom 

averages o f Fourier transformed time samples with period T. 

5. Calculation of Filters. Figure 1 describes an outline of the fil tering procedure 

and states the notations used3. This part of the method is further described in the sec

tion Filter design. 

H 
V y — -

H 

Y p 

(Mxl) 
n 

E H - © - * , 

(Mxl) 

Figure 1. Diagram showing a plot of inverse filtering problem 3 . Bald lower-case 

letters represent complex vectors and bald capital letters stand for matrices. 

Variables within brackets indicate size of vectors and matrices, q = source 

strength, p = sound pressure, n = background noise, p = measured sound 

pressure, d = desired signal, d = result f rom filtered sound pressure, G = 

measured frequency response function matrix, H = f i l ter matrix. 

6. Filter Sound Pressure Recordings to obtain Time Signals of the Individual 
Sources. To get the source strength time histories, the recorded sound pressure signals 

measured in step 1 are filtered by FIR-filters defined by the matrix H. The time signals 

in the listening position are produced by filtering the source strength time histories. 

The FIR-filters in this case corresponds to the measured frequency response functions 

between sources and listening position. 

Filter design 

The fil ter, transforms the measured sound pressure signals to the desired source 

strength signal, see the system plot in Fig. I 3 . Following Eq. (2), H connects the 

measured sound pressure cross spectral matrix with the desired signal cross spectral 

matrix in Eq. (3). 

Sdd 
HS-H pp (3) 
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H is calculated with Eq. (4) to give a minimum mean square error of the difference 

between estimated desired signal, d, and the desired signal, d, (in this case a time 

delayed version of the source strength, d = e ,<oAq) with a constraint on size o f the 

rows in the fil ter matrix, see Eq. (5) a n d 1 . 

H = e-J*%gG
H[GSggG

H

 + S n n + V . l f ' ( 4 ) 

J = E[(d-d)(d-d)"] + $-HHH (5) 

Eq. (4), simplified and stripped f rom regularisation, would contain a cross spectral 

matrix of source strength and measured sound pressure, and the inverse of the cross 

spectral matrix of measured sound pressure. The cross spectral matrix of source 

strength and measured sound pressure is, however, diff icul t to measure. By means of 

Inverse Fourier Transform the filter matrix H is transformed to F IR- f i l t e r s 8 ' 9 a n d 1 0 . 

Generalised Cross Validation 

Generalised Cross Validation (GCV) is used in the context of calculating the 

regularisation parameter ß in Eq. (4) 1 . The procedure should give a ß that minimise Eq. 

(5). This is done by finding the minima o f the GCV-function, Eq. (6): 

V ( p ) = (i/M)\\(I-B)b\\2

 ( 6 ) 

[ ( l / M ) trace (I-B)]2 

Where M is the number of microphones or columns in the fil ter matrix, / is the identity 
matrix, trace is a mathematical operation o f adding all diagonal elements, b and B is 

given in Eq. (7) and Eq. (8). r in Eq. (7) is a row of SqqG
H, and each row of SqqG

H make 

a separate calculation of V(ß). 

b = WUHrT (7) 

B = A[AHA+ &!]''AH 

H (8) 
A = WSV 

Eq. (7) and Eq. (8) are build up by matrices f r o m singular value decomposition, given 

by Eq. (9), and a matrix W, defined in Eq. (10) f rom the position of its elements (r = 

row, c = co lumn) 1 1 . (The background of GCV is clarified by Yoon and Nelson 2). 

USVH = (GSqqG
H + S n n ) (9) 
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ur 1 jlnrc/M . „ , . 
W = ——e ; r, c = 1, 2, ...,M 

J m 

(10) 

L A B O R A T O R Y E X P E R I M E N T 

Experimental set-up 

The experimental set-up consisted of two loudspeakers (0.11 m cone diameter); 

standing in a 90 degree angle. Both loudspeakers were positioned on a 4 cm thick 

chipboard creating a small horizontal f loor for the loudspeakers. The experiment was 

carried out in an anechoic chamber. 

Measurement procedure. 

The sound f r o m the two sources was recorded simultaneously in four microphone 

positions. Source one was fed by the recorded sound of a Diesel engine. Source two was 

fed by the recorded sound of an electrical screwdriver. The play back levels o f the 

sound sources were adjusted to be perceived equally loud in the listening position. 

The frequency response function between the sources and the microphone positions 

used in step 1 was measured reciprocally 4. For this purpose, a dedicated sound source 

was used to produce a broadband signal in these microphone positions. The source 

strength o f the dedicated sound source was measured by one microphone f ixed in front 

o f its orifice at a radial distance of 10 cm. The blocked sound pressure, 1 cm f rom the 

surface of each source, was measured in f ive positions. 

The source strength of each equivalent monopole (loudspeaker element) was estimated 

by sound intensity measurements in presence of the other source. 

Parameter choice method 

Two parameter choice methods were tested and compared. The first one was a manual 

trial and error method, where the result is compared with the measured source strength. 

The second one used a GCV-algorithm described in the theory section. For correction 

of erroneous choices of ß and to increase stability of the result the fo l lowing actions are 

introduced in the algorithm: 

• The GCV-function is smoothed to reduce irregularities in the curve. 

• The span o f ß is (1000 x O m j n ) < ß < o m a x to avoid an erratic section of the curve. 

• I f an end-value of ß was selected, a ß-value f rom an earlier frequency was chosen. 

Result 

In the result-section a comparison is made between the manually selected regularisation 

parameter (a in Fig. 2 and 3) and the regularisation parameter calculated by the GCV-
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algorithm (b in Fig. 2 and 3). Fig. 2 shows the two calculated f i l ter matrices; f r om these 

graphs one can see that the manually selected regularisation parameter produced lower 

values in the second row below 200 Hz, and that the GCV-algorithm produced dips at 

single frequencies (some illuminated with circles). Fig. 3 shows comparison of 

calculated and measured source strength of source one and two with the different 

calculation methods. 

Figure 2. Frequency response functions of filter matrix H(f). The amplitude unit 

is dB rel 1 (m3/s)/Pa. a, Result of a manually selected regularisation parameter. 

b, Result o f regularisation parameter calculated by the GCV-algorithm. 

Frequency Hz Frequency Hz 

Figure 3. Auto power spectra of separated source strength f r o m source one (first 

row, Diesel engine sound) and two (second row, electrical screwdriver sound). 

Black line, estimated source strength. Grey line, calculated source strength, a, 

Manually selected regularisation parameter, b, Regularisation parameter 

calculated by the GCV-algorithm. 

DISCUSSION 

In this section the performance o f the GCV-algorithm is in focus; a graph o f the GCV-
function dependent on ß is showed in Fig. 4. Hansen describes the shape of V(ß) in 
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terms of its denominator and numerator . The numerator can show a plateau ending in 

a transition into increasing values, the transition hold the optimal ß. The denominator 

increases with ß, and therefore does V(ß) form a minimum at the optimal choice of ß, 

this minimum can be very flat. Quoting Hansen 1 2: "The occasional failure of GCV 

when a very small X is computed has also been noticed by other authors. The failure 

occurs when the GCV function G(X) is almost flat near the optimal X and has a 

minimum for very small X. ", and in case of smoothing splines "They show empirically, 

supported by theory, that the probability of a very small X goes exponentially fast to 

zero as the number of data points m gets large.". For example in case of five data points 

a straight line is equally reasonable as a line intersecting all points 1 3 . 

In this laboratory experiment and calculation example; only four data points has been 

used, and the GCV-function has some times given bad parameter selection. A common 

cause for too small ß-values has been an unstable behaviour of the GCV-function in the 

beginning of its f lat middle part (see Fig. 4). This was corrected by using smoothing 

and by l imit ing ß to a value above the irregularies in the curve. In some frequency 

points the maximum ß-value was selected, and in these cases a ß-value of a previously 

calculated frequency point was chosen to replace this ß-value. 

10 

10" 1 ' L - L - d 

io' 3 0 10' io' z o 10' 10'' 10 10 

Regularisation parameter ß 

Figure 4. Example of GCV-function Eq. (8), 1660 Hz second row, and its 

dependence o f regularisation parameter. Grey line is smoothed version of the 

original GCV-function. The circle indicates a good choice of ß. 

I f too small ß-values are calculated, new erroneous tonal components can be introduced 

to the sound. On the other hand, when too big ß-values are calculated existing tonal 

components may disappear. This happens for the tonal components that coincide wi th 

the low magnitude (due to big ß-value) in the filter matrix. Not any of the above 

scenarios are beneficial to the result. The introduction o f new tonal components is 

devastating, and it is a common error introduced by the GCV-algorithm. In cases where 

it is not possible to tune the GCV-algorithm to good performance, poorly selected 

regularisation parameters appears as peaks or dips in the filter matrix, which can be 
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exchanged with a manually selected choice of regularisation parameter. However, dips 

caused by too big ß-values are uncommon. 

C O N C L U S I O N 

The GCV-algorithm works fine on the used data with the remedies described in the 

Parameter choice method section to make stable estimations o f the ß-value. These 

remedies are: The GCV-function needs to be smoothed to avoid irregularities in the 

curve, The span of ß is limited to lie between a thousand times bigger than the smallest 

singular value and the largest singular value, In cases where the algorithm picked an 

end-value o f ß, a value of ß f rom an earlier frequency is chosen, The algorithm needs 

to be stable, because one poor estimate may cause tonal components to appear or 

disappear in the filtered signal. 
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INVERSE SEPARATION OF PARTIAL SOUND SOURCES WITH 

EQUIVALENT SOURCE MODELS 

N. FRENNE AND Ö. JOHANSSON 

Described is a method developed to retrieve acoustic time histories of parts on an 
internal combustion engine that makes sound quality assessments on partial sources 

possible. Four different source models were assessed graphically using comparisons 

between auto spectra of separated and measured entities of source strength and sound 

pressure. The method is described in six steps: 1) Recording of sound pressure time 
signals; 2) Reciprocal measurement o f frequency response functions; 3) Source 
strength estimation o f partial sound sources; 4) Calculation of cross-spectral matrix 

Sqq; 5) Calculation o f filters; and 6) Time signals of individual sources obtained from 
filtered sound pressure recordings. The source models were: I) In-phase monopoles 

on in-phase partial sources, IT) In-phase monopoles on uncorrelated partial sources, 
HI) Uncorrelated monopoles on in-phase partial sources, and IV) Uncorrelated 

monopoles on uncorrelated partial sources. These source models were used to 

describe the associations between the vibrations of the partial sources and the 
propagating sound pressures. The method relies on inversions o f matrices; this 

strategy causes there to be a need to reduce numerical instabilities. For that purpose, 
parameter selection procedures are a part of the method. The resulting findings show 
spectra of the best combined source model that most closely matches measured 

sound pressures wi th added separated sound pressure. 

1 I N T R O D U C T I O N 

The intended application o f the work described in this paper is for sound quality assessments o f 

partial sound sources f rom complex products. Product sound quality is used to enhance product 

value for consumers [1]. Different strategies are employed by designers to grade product sounds. 
These strategies commonly include listening tests o f product sounds or modified product sounds. 

To carry out listening tests on parts o f sound sources a designer needs separate sound pressure 
time signals, or time histories, of these parts. With these time histories, assessments from 

listening to partial sound sources can be used to help make modifications and adjustments for 

improved product sound quality. 
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An earlier study on the separation of source strength time histories used piston sound sources 
[2, 3]. To widen the applicability of the method used for piston sound sources, other sound 
sources need to be modelled within the general framework of this method. The method of source 
separation is founded in literature on the topics of inverse problems [4, 5] and empirical transfer 
methods [6, 7], The method of source separation is normally partitioned into six steps [2] as 
summarised in Table 1. 

Table 1 
Steps in the method for separation of time histories of partial sound sources.  

1, Recording of sound pressure time signals. 
2, Reciprocal measurement of frequency response functions. 
3, Source strength estimation of partial sound sources. 
4, Calculation of cross-spectral matrix Sm. 
5, Calculation of filters. 
6, Time signals of the individual sources obtained from filtered sound pressure recordings. 

The four source models evaluated in this article are based on the correlated monopoles model. 
The correlated monopoles model (0 in Table 2) is realised by dividing the whole source into sub-
areas modelled as monopoles. In the other models (/; II; III and IV in Table 2), the source is 
instead divided into partial sources with sets of fictitious monopoles positioned over their 
surfaces. Each o f the four models has a different correlation between the fictitious monopoles 
and partial sources. The purpose o f the different models is to obtain source strength time 
histories of the partial sound sources that contribute to sound pressure in the far field. 

Table 2 
Source models, I-IV, used for calculation of a source strength time history of each partial sound source.  

0 Correlated monopoles 
/ In-phase monopoles on in-phase partial sources 
II In-phase monopoles on uncorrelated partial sources 
III Uncorrelated monopoles on in-phase partial sources 
IV Uncorrelated monopoles on uncorrelated partial sources 

By using the models I - IV in Table 2, summation of monopole time histories that belong to 
each part can be avoided. Instead, the source models can be matched wi th a particular source. 
Furthermore, measurement effort is reduced and the inverse problem can be better stated. 

The objective of the study was to test the validity of the source models in case of the two 
partial sound sources, air intake (1) and valve covers (2), on a diesel engine. The number of 
required receivers was assessed by gradually reducing their number. The suspected effect of the 
reduction on error comes from mismatches in radiation pattern between model and real source as 
well as calculation limitations in the inverse filter matrix in combination with background noise. 
The need to assess the number of required receivers can be understood by noting that 
uncorrelated partial sources may be defined by their source strength and their directivity. 
Therefore, these two unknown quantities need to be estimated for each partial source. In this 
case, it was assumed that the desired level of accuracy could be achieved i f at least 3 
microphones were used per partial source and that they were positioned so that the sound of the 
partial source was dominant. 
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2 T H E O R Y 

2.1 SHORT DESCRIPTION OF APPLIED METHOD. 

2.1.1 Recording of sound pressure time signals. 

In this step, the sound pressure signals are recorded simultaneously in several recording 
positions around a source. The locations of the recording positions influence the numerical 
properties of the problem, and should be taken into consideration. 

2.1.2 Reciprocal Measurement of Frequency Response Functions. 

The transfer function matrix G consists o f frequency response functions, measured reciprocally 
between each (silent) source and recording position. The different positions in G relate q„ with 
pm, (n=\, 2, Npartial sources, m=l, 2, Mreceiver positions) described in, 

p = Gq, (1) 

where p and q are vectors of sound pressure and source strength. Equation (1) holds for each 
narrow band frequency separately. 

2.1.3 Source strength estimation of partial sound sources. 

The estimated source strength o f each partial sound source is used for validation of the 
outcome of the calculations in steps 4 and 6. The time averaged sound power, W, of each sound 
source is determined by sound intensity measurements over the source area. The mean squared 
source strength, Q~, is calculated by 

o 4nc 1 
Q =w— R , (2) 

pCO 1 r 
where Rr is the radiation resistance. 

2.1.4 Calculation of cross-spectral matrix SQQ. 

In this step, the source strength cross-spectral matrix Sqq is retrieved. The multi layered cross-
spectral matrix contains auto spectral values in its diagonal and cross spectral values in the off-
diagonal positions [8]. Equation (3) describes the sound pressure cross-spectral matrix, Spp, and 
its relation to the source strength cross-spectral matrix, Sqq, and frequency response function 
matrix, G. 

SPP = GSqqG
H (3) 

The source strength cross-spectral matrix, Sqq, is calculated by the use of the inverse of G. Two 
approaches for this calculation are presented in the theory section. 
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2.1.5 Calculation of filters. 

The filter matrix H, Fig 1, is used for transforming the measured sound pressure signals p to 

the desired signals d [4]. Fig 1 also illustrates notations used in the article and shows the size o f 

vectors and matrices. 

Figure 1. Block diagram showing a plot of inverse filtering. Bold lower-case letters represent complex 

vectors and bold capital letters stand for matrices. Variables within brackets indicate size of vectors and 

matrices, q = source strength, p = sound pressure, n = background noise, p = measured sound pressure, d = 

desired signal, d = calculated desired signal, G = measured frequency response function matrix, H = filter 

matrix. 

Equation (4) connects the measured sound pressure cross-spectral matrix to the desired signal 

cross-spectral matrix. 

Sdd = H S P P " " ( 4 ) 

H is calculated by equation (5) to give a minimum mean square error of the difference between 

the estimated desired signal, d , and the desired signal, d, (in this case d = e ^ h q where A is 

the modelling delay [9]) with a constraint on the magnitude of the elements in the rows o f the 

filter matrix, see equation (6). 

H = e-^SqqG
H[GSllqG

H 
-1 

nn 
H, „ H 

(5) 

J= E[(d~d){d-d)"]+ß-HHH (6) 

By means of Inverse Fourier Transformation the filter matrix H is transformed to FIR-filters. 

Different methods for parameter selection may be applied in the calculation of the regularisation 

parameter ß, in equation (5). 

2.1.6 Time signals of the individual sources obtained from filtered sound pressure recordings. 

The source strength time histories are given by filtering the recorded sound pressure signals 

measured in the receiver positions (step 1). The FIR-filters are defined by H. 
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2.2 SOURCE MODELS 

2.2.1 Source model 0: Correlated monopoles 

The correlated monopoles model is valid for harmonic vibrations o f a body, which cause a 
sound field to radiate into free space, and is justified by the application of the Krichhoff-
Helmholz integral [10, 11] 

P(x) = \{g{x\foVyp(y)-p(hVyg(x\y)]ndS . ™ 

5 

Fig 2 describes a vibrating body in a volume having an infinite boundary; which is an 
environment where equation (7) is applicable. 

Figure 2. The surface 5 is the infinite boundary of a volume V surrounding an inner surface S of a source. 

The inner surface may be modelled as a layer of monopoles and dipoles. The vector 1 defines the position 

where the sound pressure p(x) is specified. 

The Krichhoff-Helmholz integral is built up by the sound pressure p, the normal vector n, the 

position vectors x and y, and it uses the free space Green's function g(-r[y) defined by 

-jk\l-\\ 

g(*\y) = ^ ~ T \ • (8) 
4K\X -y\ 

The Green's function describes the field at position x f rom a harmonic point source at position 

y, kis the wave number, and j = 7-T • Other Greens' functions G(x\y), than the free field 

Green's function , can also be defined, but must satisfy 

(y2-k2)G(x\y) = -5(x-p). (9) 

A Green's function that relates the source strength o f (fictitious) monopoles on a rigid body is 
useful in applications of acoustically hard objects subjected to harmonic vibrations. By applying 

a hard wall boundary condition, [V J ) g(x | v ) ]« = 0, equation (7) is altered to 

pih = j[g(x\y)^yP(y)]ndS . ( 1 0 ) 
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A discrete link between the vibration velocity of an acoustically hard surface and sound pressure 
in a receiver position is given by 

n 

P(x) = - i ' u ) p 0 ^ UitytibS^xtøijn. ( j j ) 

i = 1 

It is derived by dividing the surface S in equation (10) into area segments AS, and by use of the 

homogeneous linear equation o f momentum conservation 
Vp(y) = - P 0 ^ « = - /ö>Po»( j ) • (12) 

Equation (11) may also be expressed using the acoustic transfer impedance equation (13). The 

acoustic transfer impedance can be measured with use of a point source with source strength 

q(}'i) from the area segments ASt to the receiver position p(x) (Fig 3). Changing the normal 

direction on the inner surface in Fig 2 alters the sign of equation (11), and equation (14) is 
produced by using the expression for the acoustic transfer impedance 

-jk\x - v\ 
Z(>x\y) =Pih = j m p o ^ — — = j<apog&$) . (13) 

qiy) 4n\x-y\ 

n 

Pix) = y ( « i ( y / ) A 5 ; . ) ^ P - (14) 

I = 1 

Where " ^ can be seen as a Green's function equal to the acoustic transfer impedance, which 

can be measured as a frequency response function. 

When applying this method to a practical application, the sound source is divided into sub-

areas AS of which each corresponds to a fictitious monopole. Each sub-area needs to fol low the 

criteria for its largest dimension in , 

Å 
' 2TC 

which gives an upper frequency l imit . Measuring the volume velocity over each sub-area and the 
transfer function between the sub-areas and the receiver position makes equation (14) applicable 
for an estimate of the sound pressure in the receiver position. 
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Figure 3. One partial source, marked by a grey square, including two sub-areas, of area AS,, marked by two 

quadrates. Within each quadrate is a symbol for a fictitious monopole with source strength q(y) at the 

location y. The vector x gives the point of the sound pressure p(x). 

2.2.2 Source model I: In-phase monopoles on in-phase partial sources. 

Source model I uses an average o f measured transfer functions from the fictitious monopoles to 
the receiver position, and is defined by equation (16). A graphical interpretation o f the models 
and the relation between sub-areas and partial sound sources is described in Fig 3. 

N f K \ 

P(x)„ 

\ i = i 

(16) 

(17) 

it is 

n= 1 

In equation (16), q is the equivalent source strength of the partial sound source defined by 

q = Kqt, 

where K is the number of fictitious monopoles q\. From this description of the model 
evident that information on the modal behaviour o f each partial sound source is simplified, and 
all the q\ monopoles move in-phase. Furthermore, equation (16) reveals that both the average and 
the summation of sound pressures are performed with phase information, hence the name of the 
model: in-phase monopoles on in-phase partial sources. 

2.2.3 Source model II: In-phase monopoles on uncorrelated partial sources. 

Following the logic of this section's heading and wording o f the previous section, this solution 
includes phase-information between the fictitious monopoles, but disregards it in the 
superposition o f the partial sound pressures. Equation (18) expresses this relation. 

\p(x)\m = 2~L M« 

K 
1 v Pix) 

K \ q i h ) 

(18) 

The model corresponds to partial sources with in-phase fictitious monopoles uncorrelated with 
other partial sources. Due to the absolute-sign, the cross-terms between sound pressures and 
between source strengths are neglected for uncorrelated partial sources. 
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2.2.4 Source model III: Uncorrelated monopoles on in-phase partial sources. 

In source model III the transfer functions where determined by averaging magnitude and phase 
separately 

P(x)„ 

N 

I (<?)« 
1 srfFdhVEih 

arg 
q(y<) 

(19) 

Physically this source model may be seen as a model that transforms the entire partial source into 
one sub-area in accordance with the correlated monopoles model (equation (14)), and should 
therefore be valid at low frequencies. 

2.2.5 Source model IV: Uncorrelated monopoles on uncorrelated partial sources. 

Source model IV, 

\p{Hr, W W J 
(20) 

is a model of uncorrelated equivalent monopoles [6]. In this case no phase information is 
included in any part of the calculation. 

2.3 RADIATION RESISTANCE 

The radiation resistance is the real part of the radiation impedance. It can be calculated as the 
ratio o f emitted sound power of a monopole source on a locally reacting surface to the sound 
power of the same source in free field. For plane outwards propagating waves, a similar ratio can 
be achieved by a measure of squared sound pressure [12]. Alternatively, the radiation resistance 
may be estimated by comparison o f blocked sound pressures, on the source surface to the 
chamber wall, in the diffuse sound field o f a reverberation chamber [13]. 

2.4 CALCULATION OF SM I N STEP 4 OF THE METHOD 

The source strength cross-spectral matrix, Sqq, is calculated from equation (3), where Spp and G 
are known. The cross-spectral terms in the matrix become zero for source model II and IV, and 
the matrix can therefore be determined by a measure of partial sound power of the sources, as in 
step 3 of the method. This is not the case for source model / and III, where the source strength 
cross-spectral matrix must be calculated as described below. One way to calculate the inverse of 
G is realised by seeking the solution for q in equation (1) [14]. Two other approaches are 
described that directly seek the solution for Sqq. The different approaches aim to select a 

regularisation parameter /Jthat reduces the influence of poor conditioning o f G. 
In the first approach, Sqq is calculated by comparison of measured source strength auto spectra 

and the diagonal of Sqq for the purpose of selecting the regularisation parameter. The background 
of this approach comes from minimising the residual R given in 

R JUL. (21) 

where Sqq is calculated for a number o f ß-va lues using equation (22) [15]. The /3-value that 
minimises equation (21) is chosen, i f not being the smallest or the largest of the set, as the 
solution for 
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5 « = G + S P P G + H = {(GHG + ßI)'GH}Spp{(G
HG + ßI)']GHf . (22) 

An expression for equation (21) may be derived that solely relies on the geometric positions of 

the receivers and sources, the source model and the ratio o f [̂ „„[l/Ĥ pH i f the background noise is 

uncorrelated. Therefore, these optimally chosen /3-values should give good results in the same 

measurement set-up (including room, microphone positions etc.) with similar sources. As 

mentioned initially, only the diagonal elements o f the measured source strength cross spectral 

matrix are available and therefore a modified residual Rj is introduced, 

\\di"g{Sqq-Sqil(ß)}\\  

\\diag{Sqq 

— ii _ X 3 a_L— " 

replacing equation (21). 

The second approach for calculating Sqq is defined by equations (24) to (27). First the matrix 

Sqp is calculated by 
SPP = GS«P (24) 

and 

Sqp = (GHG+ßI)'GHSpp. (25) 

Sqp" = Gs"qq (26) 

After that, Sqq is calculated by 

and 

Sqq = UGHG + ßTf]GHSqp

H]H. (27) 

These calculations are performed column-wise with a separate ß for each column and frequency 

point. 

Equations (25) and (27) use different inverse solutions o f G, where the /3-values for equation 

(25) are chosen to minimise the cost function defined by 

J - [ / , J 2 . . . j j - | G S „ - V I I " . (28) 

[• 

Similarly 

J\ J 2 : . J N ) = lG<*- V f + ^KJI2 (29) 
is used for the calculation of /3-values in equation (27). 

Increasing /3-values reduces the condition number o f the regularised inverse, and the influence 

of the weaker transfer functions in G. It can be chosen with use of different parameter choice 

methods. A n alternative to the column-wise regularisation is achievable by altering G to a block-

diagonal matrix and Spp, Sqp, and Sqq

H to single column vectors. Equations (24) to (29) and 

the alternative single column approach is clarified in appendix A. 
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2.5 PARAMETER CHOICE METHODS, GCV AND L-CURVE 

The already described regularisation parameter choice method (in section 2.4) required prior 
knowledge o f the source strength. Two other methods, where no such knowledge is needed are 
Generalised Cross Validation [16, 17, 3], and, second, a method for finding the /3-value that 
corresponds to the maximum curvature of the L-curve [18, 19, 20]. 

Given three applicable relations in the article, a general expression is used in this section, 

Ax = b. (30) 

It may be utilised in the second approach of step 4 with equations (24) and (26), and in the fil ter 

calculation (step 5) where each row of the filter matrix H corresponds to xH, GSqqG
H+ S n n 

corresponds to A and each row of e ^qq" corresponds to b . 

Generalised Cross Validation is based on the Ordinary Cross Validation, sometimes called the 
leave one out method. In Generalised Cross Validation, singular value decomposition divides A 

into three matrices, 

USV" = A. (31) 

The vectors in U and V are orthonormal, so that UHU=VHV=I, and S is a diagonal matrix wi th 
singular values. Inserting Equation (31) in equation (30) and premultiplying both sides with i ß 

gives 

SV"x = UHb. (32) 

The right side of equation (32) holds b in the directions of the vector basis U [21]. By 

premultiplying both sides with a circulant Matrix W [22], equation (33), the information 

concentrated in the vectors that correspond to the larger singular values of U and V are evened 

out over the matrices. By using these transformed matrices ( Ä , equation (34) and B, equation 

(35)) a more reliable estimate of the regularisation parameter can be made then with the Ordinary 

Cross Validation which had the information preserved as it was originally in A and b. 

ii? 1 i2iirc/M , ~ , y » ,> i^ 
W = —p=e ; r, c = 1,2, ...,M (33) 

JM 

B = W l f b (34) 

A=WSV" (35) 

The Generalised Cross Validation function is defined by, 

V ( ß ) = (l/M)\\(I-B)bj2

 ( 3 6 ) 

[ ( 1 / M ) trace ( I - B ) f ' 

B = Ä[AJ1A+ ßT}XÄH . (37) 

Where Fig 4 shows the Generalised Cross Validation function for a wide interval o f /9-values. 
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Figure 4. Generalised Cross Validation function for GCV-function , Smoothed GCV-function "•"*, 
Numerator of GCV-function x 102 - , 1 /(Denominator of GCV-function)xlO~ 1 7 . The circle indicates 
the smallest value of the GCV-function at a ß-value of 3.2x10"1 6, but the optimal choice should lay within the 
part of the curve that is marked and enlarged with a square (ß-value: 10 -10°); see section 4.4. 

With a good choice of regularisation parameter /?, a balance between the size o f the regularised 

solution ||JC | | 2 and the residual |[Æc-6||2 is achieved. This balance can be visualised with use of an 

L-curve, Fig 5, where the comer position indicates the best choice o f the regularisation 

parameter. 
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residual norm || A x - b |L 

2.2808e-(j 

5.2139e-q 

Figure 5. The L-curve for the same row and point of the filter matrix as in Fig 4. The corner is located atß = 
3.5x10"' . To better illustrate the L-shape of the curve, a rectangle that overlays the curve is inserted, and 
thereafter expanded along the x-axis. This was calculated with a program provided by Hansen [23], 

The corner of the L-curve may be found by locating its maximum curvature, 

_ p'n"-p"Ti' 
' 2 2 3/2 

(P' +Tf ) 

(38) 

instead o f plotting the curve for each frequency. r| equals to log[|jc||2 and p to log[|^jc-é|| 2 within 

equation (38). The L-curve and its curvature are shown in Figs 5 and 6. 
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Figure 6. The negative curvature of the L-curve for the second row of the filter matrix at 500 Hz. The 
maximum of the curvature is indicated by a circle. This was calculated with the program provided by Hansen 
[23]. 

3 EXPERIMENT O N DIESEL T R U C K ENGINE 

3.1 SET-UP AND MEASUREMENT 

The experiment was conducted in a hemi-anechoic engine test cell on an electrically driven 6-
cylinder Diesel truck engine at a revolution o f 715 rpm. The major sound generating part of the 
engine were the unit fuel injectors positioned in each valve cover. The pistons of the engine were 
removed so that there was no cylinder compression. The engine was covered by a sound 
insulated box, except for the two valve covers and the air intake next to the two valve covers. 
The uncovered part of the air intake was defined as the first partial sound source 1 and the two 
uncovered valve covers were defined as the second partial sound source 2. The insulation 
material used in the connection between the sources and the boxes added damping especially to 
the air intake. Partial sound source 1 (air intake) was modelled by two fictitious monopoles and 
partial sound source 2 (valve covers) was modelled by four fictitious monopoles (see Fig 7). 
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Figure 7. Schematic picture of partial source 1 (Air intake, black box) and partial source 2 (Valve covers, 
white boxes). The grey boxes show parts of the enclosure over the rest of the engine. The positions of the 
fictitious monopole sources are also marked. 

The sub-areas associated with each fictitious monopole sound source had diagonals smaller 
than 35 cm. The fictitious monopole positions on the valve covers were believed to be beneficial 
for source model / and / / , while the positions on the air intake were chosen to give differentiated 
transfer functions. Ten recording positions were set-up around the partial sound sources at an 
approximate distance of 30 cm from the surface of the sources. The positions were marked by a 
grid, later used for positioning the sound source for reciprocal measurements of the transfer 
functions. The transfer functions were measured between each recording position and 
microphones in the positions of the fictitious monopoles (Random signal, 100 averages and 75% 
overlap). A sound power measurement was performed over each partial sound source by use of 

swept sound intensity (2000 averages/surface, A f = 4 Hz, 75% overlap and 12 mm spacer). 
Negative intensity was measured on the dividing surfaces between the sources at the frequencies: 
68-92 Hz, 140-172 Hz, 424-488 Hz, 904-932 Hz, 1236-1264 Hz, 1412-1596 Hz; this can be an 
indication o f a reactive sound field between the sources. To estimate the radiation resistance, a 
measure of blocked sound pressure was performed in a reverberation chamber on four positions 
of the engine top, without the sound insulated boxes, and on the chamber wall (white noise, two 
alternated corner positions o f the source, 800 averages/microphone position, chamber volume of 
209 m 3 , Tso between 6 and 8 s, moving average over 250 Hz). 

3.2 CALCULATION 

Steps 4-6 o f the method includes calculations of: (4) Cross-spectral matrix Sm, (5) Filters and 
(6) Time signals of the individual sources obtained f rom filtered sound pressure recordings. 

The validation of the source models were made by comparison between calculated and 
measured source strength levels, and calculated and measured sound pressure levels in the 
receiver positions. By that, the final solution was developed where different source models were 
combined. The set-up of the experiment was over-determined (10 microphones for 2 partial 
sources), and the effect o f reducing it to 8, 6, 4 and 2 microphones was also tested in the case of 
calculated source strength cross-spectral matrix. 

The source strength cross-spectral matrix was calculated for all source models although it 
could be measured by use of sound intensity in the case of source model 77 and IV. The two 
described approaches (with and without use of measured source strength) for calculation of the 
source strength cross-spectral matrix were tested. By use o f the second approach (equations (24) 
to (29)) it became clear that no regularisation was needed to calculate the inverse. The source 
strength cross-spectral matrix was also calculated with the first approach. 
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For the models with uncorrelated partial sources (II and IV) the cross terms in the cross-
spectral matrices were set to zero, but for models / and III the cross terms were included. 
Therefore, i f for example, model I was selected for one of the sources the other source had to be 
modelled by either model / or III. 

For the filter matrix calculation, the regularisation parameter was chosen by using L-curve 
calculations. The filters produced by this calculation were smoothed by robust linear locally 
weighted scatter plot smoothing over 25 points (100 Hz). This smoothing function works like a 
moving average with a bell shaped window and it reduces the weight o f data with increasing 

deviation in relation to its median absolute deviation [24]. Thus, it performs a smooth windowed 
moving average with a condition for outliers. The result o f this smoothing is clear from Fig 8, 
where the black curve is the smooth result of the grey curve. Worth noting is the increased need 
for smoothing in the case o f the models with in-phase partial sources. 

I 

I I 
s I I I 1 , f 

o 2 103 
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Frequency Hz 

Figure 8. Position (1,1) of filter matrix ff for source model I to IV. The grey lines represent inverse filters 
calculated with L-curve criterion and equation (5). The black lines represent the result of smoothing by use of 
linear locally weighted scatter plot smoothed over 25 points equal to 100 Hz. 

To retrieve the source strength time histories, the recorded sound pressure time histories 
needed to be filtered by the filters defined by equation (5). 
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3.3 RESULT 

Comparisons were made between calculated auto spectra (step 4), the auto spectra o f 
calculated time histories (step 6) and the measured source strength auto spectra. Subsequently, a 
comparison between the auto spectra of summed sound pressure time histories and measured 
sound pressure auto spectra were made. 

The measured source strength spectra were based on measurements o f sound power and 
radiation resistance. The averaged radiation resistance for four positions on the top o f the engine 
is given in Fig 9. It shows clear divergence from the commonly used radiation resistance of 2 [6]. 
It does, however, not take into consideration the effect o f the boards that encapsulated the 
surrounding sources in the measurement set-up. 

Frequency Hz 
Figure 9. Average measured radiation resistance Rr for four positions on the top of the engine (moving 

average over 250 Hz). 

The best result was achieved by combining the defined source models. Possible combined 
solutions were identified by inspection of the graphed differences between calculated and 
measured source strength for the different source models. 

c t 
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The second approach found that no regularisation was needed in step 4. Fig 10 shows the 
difference from measured auto spectra for different source models without regularisation. The 
combined model was constructed from model I in the frequency span 0 to 900 Hz and model IV 
in the span 900 to 5000 Hz; it was selected by considering the result of separated source strength 
spectra, source strength time histories and summed sound pressure in the receiver positions. The 
combined models are marked by dotted lines; the line with the connected small dots shows the 
result o f the combined model calculated with the regularisation parameter from equation (23). 

10 

-20 

Frequency Hz 
3500 

Figure 10. Difference between measured and calculated source strength level for different source 
models (moving average over 100 Hz). Source model / ~ ~ , source model / / , source model / / / , 
source model IV , combined source model 4 and combined regularised source model - — . 
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Fig 11 is a difference plot between the diagonal o f the source strength cross-spectral matrix 
calculated with 8, 6, 4, and 2 microphone positions and the same calculation made with data 
from all 10 microphones. For 8 microphones the difference is within -2 and 4 dB, for 6 
microphones it raises to -4 and 10 dB. Fig 12 shows the calculated source strength cross-spectral 
matrix. In the diagonal of Fig 12, a reference curve of measured source strength is added and an 
overestimate of the calculated source strength is seen below 1500 Hz. 

25^ 1 , 1 1 1 , r — x -. 

1 5 -

500 1000 1500 2000 2500 3000 3500 4000 4500 5000 

i t 25 — 

Q 
2 0 -

500 1000 1500 2000 2500 3000 3500 4000 4500 5000 

Frequency Hz 

Figure 11. Difference between measured and calculated source strength level for the combined 

source model (moving average over 100 Hz). 8 microphones , 6 microphones ~ ~ , 4 microphones 

,2 microphones 
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Figure 12. Source strength cross-spectral matrix (moving average over 20 Hz) where the position 
(row, column): (1 , 1) is the auto spectra of the partial source 1, (1, 2) and (2, 1) is the cross spectra of the 
partial source 1 and 2 and (2, 2) is the auto spectra of the partial source 2. The grey line represents calculated 
source strength. The black line represents measured source strength. 
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The calculated filters (step 5) determine the result in step 6. The filters were based on the 
chosen source model and the calculated source strength cross-spectral matrix. Fig 13 displays the 
difference between the auto spectra from calculated time histories and the measured auto spectra 
for the different source models. Worth noticing is that the effect o f using the source strength 
cross-spectral matrix calculated with the regularisation parameter o f equation (23) is only visible 
below 200 Hz. Fig 14 shows graphs of measured and calculated source strength levels and the 
difference between the two for the combined source model. The source strength is mostly 
overestimated. 

500 1000 1500 2000 2500 3000 3500 4000 4500 5000 

500 1000 1500 2000 2500 3000 3500 4000 4500 

Frequency Hz 
5000 

Figure 13. Level difference between measured and calculated spectra of source strength time 
histories for different source models (moving average over 100 Hz). Source model 1 , source model / / 

, source model / / / , source model IV — , combined source model * and combined regularised 
source model . 
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Figure 14. Auto spectra of source strength time histories of Air intake (upper graph) and valve 
covers (lower graph), with moving average over 20 Hz. Calculated source strength time histories by the 

combined source model. Measured data . Calculated data ~™~~~ . Difference between spectra of 

calculated and measured source strength time histories 
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Fig 15 shows the spectra of added sound pressure signals for all microphone positions around 
the sources. The microphone position numbers begin at a position close to source one and end at 
a position close to source two. The combined source model consisted of model / and model IV 
with a cut o f f frequency between them at 900 Hz. By looking at the added sound pressure spectra 
in comparison with measured total sound pressure spectra and considering the location of the 
different microphone positions surrounding the sources; it appears that the best results are found 
in positions directly in front o f each partial source, e.g. positions 2 and 7. 

ir/ io3 102 103 

Frequency Hz 

Figure 15. Auto spectra of sound pressure time histories with moving average over 20 Hz. 
Calculated by adding the spectra of the partial sources in each microphone position. The black line represents 
measured data. The grey line represents calculated data. The indices in the upper right corner of the plots 
indicate the position of the data in the sound pressure cross-spectral matrix. The plots with indices (1,1) to 
(3,3) are close to source one while the plots with indices (7,7) to (10,10) are close to source two. 

4 DISCUSSION 

Different aspects o f the described method are discussed in the sections below. 

4.1 SOURCE MODELS 

Below the critical frequency of a plate-like structure, the sound from its free surface vibrations 
stem mainly f rom odd bending modes, described in Fig 16, where the residual wave-bulk 
contributes to the propagating part o f the sound [25]. For a 4 mm thick aluminium plate, the 
critical frequency is approximately 3 kHz. The idea behind the in-phase monopole source models 
was that they should be able to describe such vibration wave motions. These models ( / and Ii) 
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should fit partial source 2 (valve covers) particularly well considering the position of the 

fictitious monopoles. 

*t i r _ l r w 

l _ T T _ J 

•&•.,-> r..-.r> r . - . i r . -# 
i_r - - T_i 

Figure 16. 2-dimensional schematic picture ol mode 1. 3, 5 and 7. The middle halt wave-bulk pairs 
cancel each other out, while the half wave-bulk at the end of the 1-dimentional plate radiates sound into the 
air. 

Adding ribs and stiffeners to a plate lower the critical frequency and increase the complexity of 
the vibrations over the source surface. Consequently, the correlation of the motion o f different 
positions on the source surface decrease with increasing distance and frequency [12, 26]. In such 
cases, source model IV should apply. The combined source model uses model I for the frequency 
span below 900 Hz and source model IV for the frequency span above 900 Hz. This source 
model provided the best result when comparing spectra of summed sound pressure and measured 
total sound pressure in the recording positions around the source. Interestingly, a clear variation 
in the result for different receiver positions is seen in Fig 15. This variation may be interpreted as 
a limit o f the selected source models in aspect of directivity compliance with the original 
sources. Therefore, better locations or the exclusion of positions 9 and 10 might improve or not 
affect the result. 

Another model might have been better when considering spectra o f separated source strength; 
this wi l l be further discussed in section 4.2 about radiation resistance. 

Models / , II and / / / make the assumption that the fictitious monopoles move in phase, this 
assumption was possible to modify with a phase correction that depended on their location on the 
engine, the engine ignition cycle and the engine revolution. The result o f this modification did, 
however, not improve the result and was not presented in the article. 

4.2 RADIATION RESISTANCE 

The radiation resistance and the sound power measurements determine the level of the source 
strength of the partial sources. The source strength is, in turn, the measure of the result o f 
calculated source strength cross-spectral matrix. The impact o f the estimated radiation efficiency 
on the result was reduced by focusing on the separated sound pressure time histories when 
selecting the source models. In this way, the difference between calculated and measured source 
strength became more obvious. Worth noting was the small effect on the calculated source 
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strength time histories (which can be seen in Fig 13) caused by changing to the by regularisation 
calculated source strength cross-spectral matrix. 

The cross-coupling between the sources may have affected the radiation resistance. In cases 
when the source models failed to copy this cross-coupling they may have also failed in retrieving 
the correct source strength. 

4.3 EFFECT OF OVER DETERMINED SET-UP 

Fig 11 shows that decreasing number of microphones increased the error. The initial 
assumption that at least 3 microphones per partial source is needed to resolve the source strength 
of the partial sources, is verified since the difference between 4 and 5 microphones per part are 
fairly small while it increases to -4 to 10 dB for 3 microphones per part. It may, however, be 
argued that the degrading effect o f reducing the number of microphones would be less prominent 
i f the number of partial sources were increased, and so, also the total number o f microphones. 

4.4 CHOICE OF ß-VALUE 

The second approach for parameter selection in the calculation of Sqq, step 4, may be 
questioned. The reason is twofold. First, the selection procedure may provide conditioning o f the 
data that is greater than just the reduction o f the condition number of the transfer function 
matrix. In fact, the magnitude o f the inverse may be completely altered by large /3-values. A well 
chosen /J-value filters out the weaker transfer functions and reduces the condition number o f the 
matrix. When calculating the source strength cross-spectral matrix (equations (22), (25) and 
(27)), the conditions number of G H G was below 40 and no regularisation was needed. Second, it 
may be questioned as to how the parameter selection method can be used practically. The answer 
is to first do a study where an estimate o f the regularisation parameter is made. After that, less 
laborious measurements and calculations can be made on other similar sources within the earlier 
used, predefined recording positions. The question is, given this first study, how much can the 
source differ in modal behaviour and shape? This, a user of the method has to bear in mind i f no 
other parameter choice methods are used which do not need a prior knowledge o f the source 
strength. 

In the case o f filter matrix calculations; Fig 17 illustrates the difficulty in choosing a good span 
within which the regularisation parameter should be sought. A span that included too small ß-
values resulted in poor choices, particularly with the GCV-method. 
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Figure 17. Graph showing calculated regularisation parameters for filter matrix calculations. The 
black lines are calculated with the L-curve and the grey lines with GCV. The dotted lines have a large span of 
/(-values and the solid lines have a reduced span. 

By looking at Fig 4 (corresponding to 500 Hz and the second row in Fig 17) the reason for the 
failure is seen in the figure's numerator and denominator. Hansen [18] explains that the GCV-
method should find a place where the numerator makes a changeover "from a very slowly 
varying function of X to a more rapidly increasing function of X, and thus to implicitly locate the 
L-curve's corner"(A,2=/3). Therefore, the minimum indicated with a circle in Fig 4 has a smaller ß-
value then the working range of the GCV-function and the correct value should be found within 
the area of the square in the figure. When the span of the GCV-function was reduced it produced 
slowly varying /3-values with frequency, but failed to f ind /3-values in this example above 2.4 
kHz. The curvature criterion had a more erratic behaviour when it jumped between different 
maxima or L-corners on the L-curve. This was, however, reduced when the span of /3-values was 
smaller. 

5 CONCLUSION 

Calculation of the source strength cross-spectral matrix (Step 4) shows large differences from 
the measured source strength. From the current experiment, it is not clear to what degree this 
deviation between measured and calculated result does or does not depend on a poor estimate of 
radiation resistance. It is possible to calculate a regularisation parameter that produces a very 
small difference between calculated and measured source strength, but this approach is 
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questionable because it may not adequately manage the background noise and numerical 

problem. 
The auto spectra o f the calculated source strength time histories show a large similarity with 

the auto spectra o f the calculated cross-spectral matrix. Only a very moderate change in spectra 
of calculated source strength time histories is found i f the regularised cross spectral matrix is 
used in the calculation. 

With the selected source model, good performance is observed in receiver positions directly in 
front o f the partial sources when the added spectra of the two partial sources is considered. 

Also, the source models need to be adapted to the actual sources and the number o f 
microphones need to be at least three times the number o f the partial sources. 
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7 APPENDIX A: CALCULATION OF S„ 

Rearranging equation (28) and setting it equal to zero gives equation ( A . l ) . 

G 

• f ß l 

f \ 
s 

sn - pp 
IP I 0 v I 0 v 

0 ( A . l ) 

Equation ( A . l ) is solved by using the normal equation fox Ax-b = 0, i.e. x = (AytA)'lAylb. 

-l S„ = (GflG + ßl) GHSpp (A.2) 

By using the result o f equation (A.2), equation (29) can also be solved. Following the 
procedure above results in equation (A.3), this is basically the same equation as equation (27). 

S^q = (GHG+ßlflGHS^p (A3) 

Concerning the alternative to solve the equations for each separate column. A combined 
solution can be achieved with the matrix set-up shown in 

[A ] , 

[b]2 = 

0 

[Al 

0 

[Al [x]c 

(AA) 

where C equals M a n d Nfor equation (24) and equation (26) respectively. 
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Acoustic Time Histories from Vibrating 
Surfaces of a Diesel Engine 
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Abstract 

An experiment on a diesel engine provides for validation of a method that 

retrieves source strength spectra, source strength time histories and sound 

pressure time histories of the engine's partial sources. The method is based on 

empirical transfer function measurements and inverse matrix calculations briefly 

described in the article. Different source models were selected by comparison of 

calculated and measured auto spectra. The results show: 1) Indication of time 

efficient measurements of source strength spectra, 2) The importance of correct 

source models in the case of separated source strength time histories, and 3) 

Spectra of separated sound pressure time histories. Listening tests reported that it 

is possible to detect well differentiated sounds of the partial sources as a result of 

the method. 

1. Introduction 

This article address three issues o f interest for car manufactures: Source strength 

quantification o f parts [ 1 , 2, 3, 4, 5], separation o f source strength time histories o f parts [6, 7] 
and presentation o f sound pressure time histories o f parts in a listening position. A l l three 
issues are addressed by a method for source strength separation [8, 9] , o f which the first issue 
can be addressed separately. 

The greatest automotive industry interest is perhaps found in the first and last issue. Source 
strength quantification gives foundation for low noise design to meet regulations and satisfy 
public opinion. Pass-by noise o f a vehicle can, for example, be simulated in a vehicle test bed 
wi th transfer function measurements between the parts and positions along the side o f the 
vehicle [10, 11]. 

The last issue raises possibilities for product sound quality assessments [12] o f partial sound 
sources. This is thought to give additional information to binaural assessment techniques. 
W i t h binaural recordings, a listener can locate sources o f sound in a room. A method for 
assessment o f sound quality o f partial sound sources should give further information about 
chosen parts o f a product, by presenting the separated sound o f each part to a listener. 

Furthermore, i t makes it possible to simulate a sound f rom a machine part in a product; this is 
a ut i l i ty useful in the design o f assembled products. 

In this study, the method is used on six partial sources o f a heavy vehicle diesel engine, with 
18 receiver positions and one listening position. The six partial sound sources are defined in 
Table 1, and are described in Fig 1. Each source is modelled by 5 to 24 fictitious monopole 

sound sources. The engine was driven electrically without pistons in a frame, so that the 



2 

injection system and the timing transmission were the most important sound generating input 

forces. 

VC 

Fig. 1 Schematic picture of diesel engine (left side view) with borders of 
partial sources and location of a microphone at the listening position. 

Table 1 

Partial sources of diesel engine and abbreviations that correspond to Fig. 2 and the number of fictitious 
monopoles located on each partial sound source. 

Engine part abbreviation Number of fictitious monopoles 

Valve cover and air intake VC 24 

Right side of engine RS 12 

Timing transmission TT 15 

Left side of engine LS 12 
Front side of engine FS 5 
Oil sump OS 20 

This method of source strength separation is described in six steps outlined in Table 2. The 

first three steps constitute measurements made on the engine. The second and third may be 
excluded in case o f repeated measurements on similar sources in a fixed environment. The 

source strength cross-spectral matrix and source strength time histories are calculated f rom 
these measurements. The calculations involve steps o f matrix inversion that also may be 
excluded in subsequent measurements. 

Table 2 

Method of source strength separation 

1, Recording of Sound Pressure Time Signals. 
2, Reciprocal Measurement of Frequency Response Functions. 
3, Source Strength Estimation of Partial Sound Sources 
4. Calculation of Cross-spectral Matrix SQQ. 

5, Calculation of Filters. 

6, Filtered Sound Pressure Recordings to obtain Time Signals of the Individual Sources. 

The strategy is to link recorded sound pressure signals in positions near the source to 

fictitious monopoles on different parts of the source wi th the use o f measured frequency 
response functions. In this way, a number o f frequency response functions are measured 
between the parts and each recording position. Models are proposed, founded on assumptions 

o f the vibration patterns that contribute to the propagating sound waves in the surrounding air. 
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By use o f the source models in Table 3 the number o f transfer functions between the parts and 

the receivers are reduced so that there is one for each receiver and partial source. This reduces 

the size o f the transfer function matrix together wi th the need for an excessive number of 

receiver positions and microphones. The penalty for using this approach is that the source 

model might not fit the source. A n alternative could be to use source model 0. It would 

produce time signals for each sub-area separately, but measurement effort and the size o f the 

problem w i l l increase. In addition, the time signals need to be merged so that they can be 

related to different physical structures. 

The result of the method is audible signals o f the partial sources in the listening position. 

Also, the source strengths of the partial sources are quantified and auto spectra o f separated 

source strength time histories are presented. 

Table 3 

Source models I to IVare tested. The defining equations (2) - (6) of for the different source models give the 
relations between the partial source n and the receiver position m. The base source model 0 gives the relation 
between the sub-areas, AS, and a receiver position. 

Model 
Defining statement, 
p=Gq, 
and source receiver relation. 
Correlated monopoles (Basis of other source models. Not used.) 

Pix) = £ ( t t f y d A S f Z ^ -
qih) 

( i ) 

(2) 

In-phase monopoles on in-phase partial sources 

Pix) 

N 

S («>• 

17= 1 

I v- 1 £W 
v i = 1 

(3) 

/ / 

n = 1 

In-phase monopoles on uncorrelated partial sources 

N 

\p(x)\m = X M» 

f K \r K 

1 ^ pCx) 
K 

qiyi) 

i ^ p{i) 
K I qiyi) 

(4) 

/ / / 

Uncorrelated monopoles on in-phase partial sources 

Pix)n 

N 

77= 1 

f l v (EihVEik)* / 

7 = 1 

a(vi) 

(5) 

IV 

Uncorrelated monopoles on uncorrelated partial sources 

N 

V V / = 1 
qihr qih (6) 
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2. Background 

The block diagram in Fig. 2 presents a schematic depiction o f the method described in Table 

2. The transfer functions in G connect the source strength, q, of the vibrating sources wi th the 

receiver positions. In the receiver positions, the measured sound pressure, p, is a summation 

of emitted sound pressure, p, and background noise, n. To get the desired signal, d, a fil ter 

matrix, H, is calculated. Eq. (1) holds the relation between source and receiver, wherep is a 

vector with Mrows, q is a vector w i th Arrows and consequently G is a matrix o f size M x N. 

For stationary random signals, this relation can be rewritten into Eq. (7), 

Spp=GSqqG\ (7) 

where Spp is the sound pressure cross spectral matrix and Sqq is the source strength cross 

spectral matrix. H denotes Hermitian transpose or complex conjugate transpose. A similar 

equation for the relation between measured sound pressure cross-spectral matrix, S p p , and 

desired signal cross-spectral matrix, S~~, is given in 

Sdd = H S P P » " (8) 

The source strength cross spectral matrix Sqq in Eq. (7) and the filter matrix H in Eq. (8) is 

calculated with inverse methods. Calculating the inverse o f a matrix may involve difficulties 

caused by numerical limitations (a high condition number in the matrix) in combination wi th 

background noise. This can, for example, result in blown up inverse transfer functions o f 

weak measured transfer functions, which give disproportionate weight to signals wi th weak 

connection to the part. Regularisation can provide a solution to this problem; a regularisation 

parameter ß is chosen to reduce the numerical instabilities and the influence o f the blown up 

weaker transfer functions. The problem then evolves into choosing the /?-value. Different 

parameter choice methods are available o f which some use prior knowledge o f the problem 

and others do not. 

The measured sound pressure time signals are filtered through the filter matrix to give the 

desired source strength time histories o f each partial source. The separated source strength 

time histories may, in turn, be fil tered by measured filters to a listening or evaluation position. 

OW) ( M x l ) j ( M x l ) (Nxl ) (Nx l ) 

n 

( M x l ) 

Fig. 2 Block diagram showing a plot o f inverse filtering. Bold lower-case letters represent complex vectors 

and bold capital letters stand for matrices. Variables within brackets indicate size of vectors and matrices, q = 

source strength, p = sound pressure, n = background noise, p = measured sound pressure, d = desired 

signal, d = calculated desired signal, G = measured frequency response function matrix, H = filter matrix. 
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3. Laboratory experiment on a diesel engine 

The experiment was made in a hemi-anechoic room on a diesel engine driven by an 

electrical engine. Both engines were mounted on steel frames and the sound from the 

electrical engine was shielded by a sound insulated box. Around the diesel engine, a timber 

frame was fixed in the floor for positioning o f microphones and a reciprocal loudspeaker. The 

diesel engine was driven at two different revolutions o f approximately 750 rpm and 1200 

rpm. The pistons o f the diesel engine were removed so that the major sound generating parts 

were the fuel injectors and the rear timing transmission. The approximate dimensions o f the 

diesel engine were 1.3 (length) x 1.1 (height) x 0.4 (width) meters. It was divided into six 

parts and on each part a number o f fictitious monopoles were positioned; the parts and 

number o f monopoles are given in Table 1, and a schematic picture o f the engine is found in 

Fig. 1. 

On the wooden frame surrounding the engine 18 microphone positions were marked wi th 

strings and a supplementary listening position 1.7 meters away on the right front side o f the 

engine was chosen. 

Recording o f sound pressure time signals were made for all 19 positions simultaneously at 

the two engine revolutions (16384 Hz sampling frequency). A t the same time, the cross-

spectral matrix o f sound pressure was measured and after that the background sound pressure 

cross-spectral matrix was measured with the engine not running (200 averages, 1600 points, 

A f = 4 Hz, 0% overlap). 

Transfer functions with the engine not running were measured reciprocally f rom the 

different receiver positions to microphones positioned close to the surface o f the engine. Each 

microphone position corresponded to the location of a fictitious monopole on the partial 

sources. The measurements were made with pseudo random noise with separate settings for 

the frequency span above and below 800 Hz to improve the coherence (20 averages). This set

up was designed to duplicate the conditions present when the engine was running. 

The source strength o f each sound source was measured with the use o f swept sound 

intensity measurements close to each partial source (4000 averages/surface, A f = 4 Hz, 75% 

overlap and 12 m m spacer). 

The radiation resistance was estimated by a number o f measurements o f blocked sound 

pressure on each partial source, pu, and the wall, pwaii, in a reverberation chamber, while a 

diffuse sound field was produced by a wide band noise source. The measurements on the 

chamber wall acted as a reference, with an assumed radiation resistance equal to 2, for the 

measurements on the engine surface (White noise, Two alternated corner positions o f the 

source, 800 averages/(microphone position), Chamber volume o f 209 m 3 , T6o between 2 and 

10 s, Moving average over 248 Hz). The average radiation resistance was calculated by 

* 2 

j = yPwall 

and smoothed by a moving average over 62 points (248 Hz). Graphs o f radiation resistance 

for each partial source are shown in Fig 3. 
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Fig. 3 Average radiation resistance for each partial source. Moving average over 248 Hz 

4. Calculation procedure 

Separate calculations were performed for the different issues: Source strength quantification 
of parts, Separation o f source strength time histories o f parts, and Production o f sound 
pressure time histories o f parts in a listening position. 

4.1. Calculation of source strength quantification ofparts 

The source strength quantification was based on the diagonal elements o f the source 
strength cross-spectral matrix. The source strength cross-spectral matrix was calculated by 

S v t = G + S P P G + H - (10) 

Source models were selected and /3-values were calculated to give an optimal estimate of the 
source strength that corresponds to the propagating sound field o f each partial source. The 
chosen y3-values for the two different engine revolutions were compared to assess the stability 
o f the solution. Finally, an average o f the two /3-values was used in the calculation o f the 
source strength spectra. The optimal estimate o f the /3-values were calculated by minimising 
the relative difference, R, between auto spectra o f calculated source strength S-» and, by 

sound power, the measured source strength SQQ for each separate source 

Pee.nl 

4.2. Calculation of source strength time histories ofparts 

A new selection o f best fitted source models was made for the solution o f this problem. The 
source strength cross-spectral matrix was calculated without regularisation and the filter 
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matrix H was calculated by use o f L-curve criterion to f ind the maximum curvature o f the L -

curve [13]. The L-curve describes how the solutions depend on ß in the aspects o f regularised 
solution size | | / / | | 2and residual \\H(GSqqG

H+S„„)-SqqG
H\\2 [14]. The source strength time 

histories were produced by filtering the recorded sound pressure signals with the calculated 
filters. 

4.3. Calculation of sound pressure time histories ofparts 

The different source models were validated by the sum o f auto spectra f rom separated sound 

pressures averaged over the three receiver positions that were located in close proximity to 
each source. The average o f summed sound pressures was graphed and then compared to the 
graphed average o f spectra f rom the total measured sound pressures in the same receiver 
positions. The source models with the smallest difference between measured and calculated 

sound pressure level were chosen. In these calculations, the source strength cross-spectral 
matrix was calculated without regularisation and the filter matrix was calculated with the use 

of the L-curve. The separate source strength signals were produced by filtering the recorded 
sound pressure time histories with filters corresponding to H. Af ter that, the source strength 
time histories were filtered through filters that corresponded to the measured frequency 
response functions in G. 

5. Results and discussion 

5.1. Source strength quantification of parts 

The /3-values presented in Fig. 4 are produced by use o f Eq. (11) and source model II for 
two different rpm of the engine. Figs. 5 and 6 were produced by using the mean /3-value for 

each source. The regularisation gives a filtering o f the inverse transfer functions greater than 
what might be needed to solve any potential numerical problem. This excess filtering removes 
large overestimates o f calculated source strength resulting f rom poor fit between source and 

model that might exist. Interestingly, by using the mean o f the calculated ß-value a stable 
estimate o f the source strength is produced. These estimated narrowband frequency spectra of 
source strength do not vary more than ±6 dB between the calculated result with the mean ß-
value and the optimal /3-value in the frequency range 200 Hz to 5 kHz as may be seen in Fig. 

7. This result gives an indication that time efficient source strength estimations are possible 
for specified sources in well defined environments. The estimated /3-values are associated 
wi th a defined source and the condition for using these /3-values in subsequent measurements 
is that the fol lowing sources are consistent with the definition o f the original source. 
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Fig. 5 Level of calculated (grey line) and measured (black line) source strength auto spectra at 750 rpm. Moving 
average over 52 Hz. 
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Fig. 6 Level of calculated (grey line) and measured (black line) source strength auto spectra at 1200 rpm. 
Moving average over 52 Hz. 

Frequency Hz 

Fig. 7 Level difference between source strength auto spectra calculated with mean ß-value and with optimal ß-
value for 750 rpm (grey line) and 1200 rpm (black line). Moving average over 52 Hz. 
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5.2. Source strength time histories of parts 

In case o f the source strength time history calculation it was not possible to adapt the 
inverse filter as it was for the source strength quantification calculation. The best result was 
given by other source models. Source model III produced the best result for the partial 
sources: Valve cover, Right side, Front side, and Oil sump. For the partial sources t iming 

transmission and left side, model /Fwas the best choice. Figs. 8 and 9 show the result o f 
separated source strength time histories as auto spectra o f each partial source. The deviations 
between calculated and measured spectra are quite evident. It is, however, interesting to see 

that the left side wi th more auxiliary equipment then the right side is better described with 
model /F then model III. Furthermore, the timing transmission wi th several excitation forces 

was best represented with model IV. Worth noting is that the produced result had to be made 
into parallel calculations, one for model III and one for model IV, due to the difference o f 
correlation between the partial sources and different cross-spectral matrices. 

The results o f source models / and 77 that show high overestimates o f calculated source 

strength were also o f interest. Source model / /was the best source model in Section 5.1 and it 
proved to be one of the better source models in the final result (Section 5.3). The reason for 
the failure in case o f separated source strength time histories is not entirely clear. This failure 

might, however, in the future be resolved by studying the relationship o f distance between 
receiver positions and source. Such a study could rule in or out as to whether this was an error 

caused by the near field. 

Fig. 8 Auto spectra of source strength time histories. Level of calculated source strength, grey line. Level of 
measured source strength black line. Revolution of 750 rpm and moving average over 52 Hz. 
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Fig. 9 Auto spectra of source strength time histories. Level of calculated source strength, grey line. Level of 
measured source strength black line. Revolution of 1200 rpm and moving average over 52 Hz. 

5.3. Sound pressure time histories ofparts in a listening position 

In these calculations, the result o f separated source strength was not considered, instead the 

models that produced the best result o f separated sound pressure time histories were the topic 
of focus. The mean auto spectra o f separated and measured sound pressure time histories are 
shown in Figs. 10 and 11. Three different source models produced the best results in this case: 
Model II, valve cover, right side, left side, and oi l sump; Model 77/, front side; and Model IV, 

t iming transmission. The parts modelled with model / / had their fictitious monopoles 
positioned in places where their odd, free bending vibrations were deemed most likely to 

radiate f rom. This explains the usability o f this model on these parts. The model might not 
have worked equally well on these parts i f an engine with its pistons included had been used. 
In that case, source model IV would be more likely to provide a solution as i t did for the 

timing transmission. The timing transmission has several underlying excitation forces that 
produce an uncorrelated vibration motion that matches model IVs uncorrelated monopoles. 
The explanation o f the selection o f model / / / for the front side is more diff icul t . This was one 

of the weaker sources and its radiated sound was probably influenced by the surrounding 
sources. Hence, it was calculated with a model that used phase and correlated parts. 
Generally, the deviations between calculated and measured spectra were smaller than in the 
case o f calculated source strength time histories. Some large peaks o f deviations are clearly 
visible in Figs. 10 & 11, for example f rom the oi l sump sound at 4 kHz which is located in the 
lower right graph in Figs. 10 & 1 1 . 
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Fig. 10 Level of auto spectra of added separated sound pressure time histories (grey line) and recorded sound 
pressure (black line), averaged over the three receiver positions close to each part. The engine revolution was 
750 rpm. Moving average over 52 Hz. 
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Fig. 11 Level of auto spectra of added separate sound pressure time histories (grey line) and recorded sound 
pressure (black line), averaged over the three receiver positions close to each part. The revolution was 1200 rpm 
and the curves were smoothed by a moving average over 52 Hz. 

Fig. 12 shows auto spectra o f the separated sound pressure for both 750 and 1200 rpm in the 
listemng position and i t can be seen how the distance to the parts f rom location o f the position 
(in front, slightly to the right o f the engine) affected the level. Listening tests on the separated 
sounds gave perceived sound character differences. The sound source on the right side and the 
oi l sump sound source included an assumed artefact that was a hissing or humming sound at 

750 rpm that was not equally pronounced at 1200 rpm. 
Fig. 13 shows the auto spectra o f added separated sound pressure time histories and 

recorded sound pressure. The graphs indicate a better compliance between measured and 

calculated results at the engine speed 750 rpm than the engine speed 1200 rpm. This was also 
confirmed by the data presented in Figs. 10 and 11. Contradicting the result i n Figs. 10 and 11 
was the comparison o f the original sounds with the calculated sounds in the listening position. 
This comparison confirmed the hissing or humming sound mentioned above, especially at the 

slower revolution o f the engine. 
With the present quality o f the separated sounds, different strategies may be used when 

applying them in comparative listening tests. By simply listening to the different parts a 
comparison o f the character o f their sounds is possible. Another approach that may also be 
used to show the artefacts in the produced signals can be to compare the original signal wi th 
the added separated signals without one o f the sources. Using this strategy, added separated 

signals with one source excluded may be produced for all combinations o f the parts. 
Furthermore, additional recordings for validation o f added separated signals w i th one source 
excluded may be produced by wrapping partial sound source with a lead sheathing. 
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Fig. 13 Calculated sound pressure level (grey line) and recorded sound pressure (black line) in the listening 
position slightly to the right and in front of the engine. 
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6. Conclusion 

Three separate results were produced: 1) partial source strength spectra, 2) separated source 

strength time histories o f parts, and 3) separated sound pressure time histories o f parts. 

The first result indicated that it is possible to achieve time efficient source strength 

quantification o f partial sources. The second result gave a best choice model for the separated 

source strength time histories. However, this second result had a poor level of compliance 

with measured source strength spectra; the reasons for this need to be explored in further 

investigations. The third result showed another best choice source model for the calculation o f 

sound pressure time histories. Indications o f the usability of the results in terms o f sound 

pressure level in front o f the different parts were given in the results. 

Furthermore, the front side and t iming transmission partial sources showed consistency by 

using the same model for the different calculations o f source strength and sound pressure time 

histories. Listening tests recorded wel l differentiated sounds from these partial sources as a 

result of the method. 
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Acoustic Time Histories of Vibrating Partial Sources 

Nicklas Frenne 

1 Paper 1: Original diesel 3 Paper 1 : Original screw driver 

2 Paper 1: diesel 4 Paper 1: screw driver 

5 Paper 4: 750 rpm Valve cover 25 Paper 4: 1200 rpm Valve cover 

6 Paper 4: 750 rpm Right side 26 Paper 4: 1200 rpm Right side 

7 Paper 4: 750 rpm Timing transmission 27 Paper 4: 1200 rpm Timing transmission 

8 Paper 4: 750 rpm Left side 28 Paper 4: 1200 rpm Left side 

9 Paper 4: 750 rpm Front side 29 Paper 4: 1200 rpm Front side 

10 Paper 4: 750 rpm Oil sump 30 Paper 4: 1200 rpm Oil sump 

11 Paper 4: 750 rpm Original 31 Paper 4: 1200 rpm Original 

12 Paper 4: 750 rpm A l l parts 32 Paper 4: 1200 rpm A l l parts 

13 Paper 4: 750 rpm A l l parts - Valve cover 33 Paper 4: 1200 rpm A l l parts - Valve cover 

14 Paper 4: 750 rpm A l l parts - Right side 34 Paper 4: 1200 rpm Al l parts - Right side 

15 Paper 4: 750 rpm A l l parts - Timing trans. 35 Paper 4: 1200 rpm A l l parts - Timing trans. 

16 Paper 4: 750 rpm A l l parts - Left side 36 Paper 4: 1200 rpm AH parts - Left side 

17 Paper 4: 750 rpm Al l parts - Front side 37 Paper 4: 1200 rpm A l l parts - Front side 

18 Paper 4: 750 rpm A l l parts - Oil sump 38 Paper 4: 1200 rpm A l l parts - Oil sump 

19 Paper 4: 750 rpm Timing transmission 39 Paper 4: 1200 rpm Timing transmission 

20 Paper 4: 750 rpm TT+Front side 40 Paper 4: 1200 rpm TT+Front side 

21 Paper 4: 750 rpm TT+FS+Left side 41 Paper 4: 1200 rpm TT+FS+ Left side 

22 Paper 4: 750 rpm TT+FS+LS+Oil sump 42 Paper 4: 1200 rpm TT+FS+LS+Oil sump 

23 Paper 4: 750 rpm TT+FS+LS+OS+RS 43 Paper 4: 1200 rpm TT+FS+LS+OS+RS 

24 Paper 4: 750 rpm A l l parts 44 Paper 4: 1200 rpm A l l parts 

NB engines are loud and should be reproduced loud. 
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