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Akreditace a autorizace pro méreni hluku

Hygienické stanice od letosniho roku dtsledné vyZzaduji pro méreni hluku splnéni podminek danych zidkonem
¢. 258/2000 Sb. o ochrané vefejného zdravi. V této souvislosti se vyskytuje fada dotaz i chybnych interpretaci,
uvadime proto vysvétleni, konzultované s Narodni referenc¢ni laboratori pro méfeni a posuzovani hluku v komunéalnim
prostiedi.

Vychézet je tfeba ze zdkona ¢. 258/2000 Sb. o ochrané vefejného zdravi v platném znéni, se zahrnutim novel
¢. 274/2003 Sb. a ¢. 392/2005 Sb. V § 32a je uvedeno, Ze ,méfeni hluku v Zivotnim prostiedi ¢lovéka podle tohoto
zdkona muze provadét pouze drzitel osvédéeni o akreditaci nebo drzitel autorizace podle § 83c*.

U akreditace se zakon v poznadmce pod ¢arou 4a) odkazuje na zakon ¢. 22/1997 Sb. o technickych pozadavcich na
vyrobky a o zméné a doplnéni nékterych zakoni. V § 14 tohoto zdkona se definuje akreditace jako postup, na jehoz
zékladé se vyda osvédceni o tom, Ze pravnicka nebo fyzicka osoba, ktera o ni pozadala, je zptsobild ve vymezeném roz-
sahu provadét zkousky vyrobki, kalibraci méridel a certifika¢ni nebo jinou obdobnou technickou ¢innost. Akreditujici
osobou je Cesky institut pro akreditaci.

Autorizace pro ucely zdkona ¢. 258/2000 Sb. se definuje v § 83a az § 83f. Povéfenou autorizujici osobou je Statni
zdravotni Ustav.

Z hlediska zakona ¢. 258/2000 Sb. je autorizace Statnim zdravotnim tustavem a akreditace Ceskym institutem pro
akreditaci rovnocenna. Jiné vyklady nemaji zadnou oporu v obecné zavaznych predpisech.

Autorizace k tfednimu méfeni, vydavané Ufadem pro technickou normalizaci, metrologii a statni zkuSebnictvi,
nejsou ve smyslu zdkona o ochrané verejného zdravi dostatecné pro méreni hluku v zivotnim prostiedi ¢loveéka.

Josef Novak
Akustika Praha, s. r. o.
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Dvoufrekvenc¢ni adaptivni algoritmus pro potlaceni vyssich

harmonickych v akustickych rezonatorech
Milan Cervenka a Michal Bednaiik

CVUT-FEL, Technicka 2, 166 27 Praha 6
e-mail: cervenm3@fel.cvut.cz

When standing wave in an acoustic resonator is driven into high amplitude, nonlinear effects cause distortion
of the wave, excitation of higher harmonics and decrease of quality factor of the resonator due to nonlinear
dissipation. This paper deals with the technique of suppression of these nonlinear effects based on two-frequency
driving of the standing wave. An iterative adaptive algorithm for calculation of the driving signal is developed
and its functionality is experimentally demonstrated. It is shown that the higher harmonics can be efficiently
suppressed which results in increase of the fundamental harmonic component amplitude.

1. Princip

Uvazujme jakostni akusticky rezonator, u néjz jsou kmi-
tocty vyssich vlastnich médu celo¢iselnymi nasobky kmi-
to¢tu moédu zakladniho. Budeme-li takovyto rezonator bu-
dit pomoci kmitajicitho pistu na jednom z vlastnich kmi-
toc¢tl s dostatecné velkou amplitudou, dojde vlivem neline-
arnich interakci k vybuzeni pilovité razové viny, ke vzniku
vyssich harmonickych slozek, a tim padem i k nezadou-
cimu zvySeni disipace akustické energie, viz napiiklad [1].

Akusticky tlak takovéto zvukové viny miZeme v néja-
kém bodé rezonancéni dutiny vyjadrit Fourierovou fadou
sinusovych ¢lentl, pficemz prvni z nich nélezi kmitoc¢tu bu-
zeni w a ostatni, nw, celo¢iselnym nasobktim tohoto kmi-
toctu

P(t) = Pisin(wt+ 1)+ Posin(2wt 4 ) +

+ Pssin(3wt +3) + .. .. (1)

Amplitudy P, a faze 1, téchto ¢lent jsou zavislé na veli-
kosti buzeni a koeficientu jakosti rezonanéni dutiny.

Casovy pribéh akustického tlaku lze popsat alternativ-
nim zptisobem pomoci poruchové fady

p=p® 4 p® 4 p® @ (2)

Vyhoda takovéto fady oproti fadé Fourierové spociva
v tom, Ze pouze prvnich par ¢lenti vystaci k dostatecné
presnému popisu dané veli¢iny. Nevyhodou je, ze ¢leny po-
ruchové fady a rady Fourierovy si navzajem neodpovidaji,
nebot kazdy ¢len poruchové rady mtze obsahovat nékolik
kmitoctovych slozek.

Je mozné ukazat, ze pro rezonancni dutinu popsanou
modelem s kvadratickou nelinearitou bude kazdy z ¢leni
poruchové rady obsahovat nékolik kmito¢tovych slozek.
Prvni z ¢lent poruchové fady, p(!), odpovida odezvé rezo-
nanc¢ni dutiny na budici kmitocet w v linedrnim priblizeni.
Clen p® vznikne diky kvadratické nelinearité interakci
slozky p(") s ni samou, coZ znamena, ze bude obsahovat
kmitocet 2w. Clen Fadu t¥etiho, p(®), vznikne kvadratickou
nelinedrni interakei slozek p™) a p(®, takze bude obsaho-
vat kmitocty w + 2w = 3w a 2w — w = w. Obdobnym

Prijato 5. ¢ervna 2006, akceptovano 10. cervence 2006.

Obrézek 1: a) proces generovani prvnich ¢tyt slozek poru-
chové fady kvadratickou nelinearitou, b) zamezeni vzniku
¢lentt vyssich Fad potladenim ¢lenu p(?

zptisobem lze ukézat, ze ¢len étvrtého Fadu, p®, vznikly
interakei slozek p™) s p@®) a slozky p(® s ni samou, bude
obsahovat kmito¢ty 2w a 4w. U ¢lent fadt vyssich je situ-
ace obdobna.

Proces generovani téchto prvnich ¢tyt slozek je znazor-
nén na obrazku la. Je vidét, Ze ¢leny p®) a vyssi nutné
potiebuji ke svému vzniku ¢len p(®), bez ného vzniknout
nemohou. Z toho plyne, ze pfi potlaceni tohoto ¢lenu za-
mezime vzniku harmonickych slozek 2w a vsech vyssich.
V préci [2] je teoreticky dokdzano, Ze toto potlaceni lze
dosdhnout buzenim rezonatoru vhodné zvolenou kombi-
naci harmonickych signald o kmito¢tu w a 2w.

V nésledujicim odstavci je popsan algoritmus pro nale-
zeni takovéhoto budiciho signéalu.

2. Adaptivni algoritmus

Vibracni stolek s pistem je buzen dvoufrekvencnim signa-
lem, ktery mtizeme vyjadrit nasledujicim zptasobem

s(t) = Sy sin(wt) + So sin(2wt + ), (3)
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kde w odpovida prvnimu vlastnimu kmitoc¢tu rezonancni
dutiny. Vhodnou volbou amplitudy S2 a faze s druhé
harmonické buzeni pro danou amplitudu S; harmonické
prvni a prislusné fyzikalni podminky je tedy moZné potla-
Covat vyssi harmonické ve spektru stojaté zvukové viny,
které vznikaji v dusledku nelinearnich interakci.

Casovy priibéh akustického tlaku naméfeného u stény
rezonatoru muze byt vyjadien ve tvaru

p(t) = Z P, sin [nw(t — to) + ] =

n=1

= Z P, sin (nwt + xn), (4)
n=1

pricemz ty reprezentuje ¢as méfeni, jeho charakterem se
jedna o nahodné cislo, faze v, pak reprezentuji vzajemné
fazové posuvy mezi jednotlivymi harmonickymi zvukové
vlny. Vzhledem k nadhodnosti ¢ty mtzeme polozit ;1 = 0.

Pro realizaci algoritmu potlac¢ujiciho vyssi harmonické
ve spektru zvukové viny je tfeba uréit (zméfit a vypoci-
tat) koeficienty P, a 1, pro dany budici signal a konfi-
guraci. Knihovny systému jako napiiklad Matlab ¢i Lab-
View maji implementovany algoritmy rychlé Fourierovy
transformace, s jejichz pomoci je mozné ziskat komplexni
koeficienty Fady!

N
Pt = Qnexplinwt),

n=—N

(5)

kterou miizeme zapsat v alternativnim tvaru

N

p(t) =2 Z {Re(@n) cos nwt — Im(Q ) sinnwt|,  (6)
n=1

pii¢emz je vyuzito faktu, Ze pro koeficienty Fourierova roz-
voje realného signalu plati? Q_,, = Q7 a Ze vystupni sig-
nal mikrofonu odpovidajici akustickému tlaku ma nulovou
stejnosmérnou slozku. Porovnanim fady (6) s pravou stra-
nou fady (4) dostaneme relace

2Re(@n) = —QIm(@n) = P, cos xn,

P, sinxn,

odkud mtZeme vypoditat?

oA _ Re(@n)
PTL—Q‘QTLL XTL— atan [Im(@n)] ) (7)

takze pro vzédjemné fazové posuvy mezi jednotlivymi har-
monickymi ,, dostaneme jednoduchy vztah

®)

Vlastni algoritmus je zalozeny na minimalizaci druhé
harmonické ve spektru akustického tlaku. Oznacime-li

Y = Xn — NX1-

1Stfiska nad symbolem znaéi komplexni éislo.

2Hvézdicka zde znadi komplexné sdruzené &islo.

3P¥i poditacové implementaci je nutné pouzit étyikvadrantovou
knihovni funkci pro arkustangens, tedy psi = atan2(ReQn, -ImQn).

§2 = Syexpjpz (druhd harmonickd buzeni) a ﬁg =
P, expjip2 (naméfend druhd harmonickd), 1ze formulovat
tuto tlohu jako minimalizaci komplexni funkéni zavislosti
Py, = P5(S2), jinymi slovy hleddme Sy takové, aby pro
dané parametry (S1, w, koeficient jakosti rezondtoru, ...)
bylo P, minimalni. K tomuto adelu lze pouzit Newtontv
itera¢ni algoritmus, viz napf. [3], timto zpisobem

~ N Py(S5.m)AS
S2,m+1 = S2,m - == = = y
Py(S2m + AS) — Pa(S2,m)
m=0,1,2,..., (9)

kde §2’0 je vhodné zvolend pocateéni hodnota (amplituda
a fize druhé harmonické buzeni) a AS je malé redlné éislo
slouzici k numerické aproximaciAderivace‘l. Modul a faze
postupné vypocitavanych éisel Sy, = Som expjpam se
pouzije pro konstrukei budiciho signalu (3).

Funkci adaptivniho algoritmu je tedy mozné popsat nasle-
dujicim zpusobem:

1. Pro danou amplitudu S je zvolena nastielna hodnota
So.

2. S pouzitim S, je vibrac¢ni stolek buzen dvoufrekvenc-
nim signédlem (3).

3. Je zméfen akusticky tlak u stény rezonancni dutiny,
pomoci FFT, vzorct (7) a (8) je vypoc¢ten komplexni
tlak P2 (Sg)

4. Vibraéni stolek je buzen dvoufrekvenénim signalem
(3), pfi¢emz druhd harmonickd buzeni je ddna pied-
pisem Sy + AS.

5. Je zméten akusticky tlak u stény rezonancéni dutiny,
pomoci FFT, vzorct (7) a (8) je vypoc¢ten komplexni
tlak Po(S2 + AS).

6. S vyuzitim komplexnich tlakt ziskanych v krocich 3 a
5 se pomoci vztahu (9) vypocte novd hodnota druhé
harmonické buzeni.

7. Proces cyklicky pokracuje krokem 2.

3. Experimentalni sestava

K realizaci vySe uvedeného algoritmu byl pouzit PC se
zdsuvnou mérici kartou National Instruments PCI-6251
(16 bitd, 1,25 MS/s), umoziujici generovani libovolnych
signali na analogovych vystupech a soucasné vzorkovani
na analogovych vstupech. Ridici program byl sestaven
v grafickém vyvojovém prostiedi LabView, které obsahuje
funkce pro ovladani méfici karty i rozsahlé knihovny pro
zpracovani dat.

47de je vyuzito skute¢nosti, Ze derivace komplexni funkce jedné
komplexni proménné je rovna derivaci této komplexni funkce podle
realné ¢asti komplexniho argumentu.
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Obrézek 2: Experimentalni pfipravek

Vlastni experimentalni pfipravek je zobrazen na ob-
razku 2. Rezonancni dutinu tvoii sklenény valec o vniti-
nim praméru 46 mm a délce 340mm. Tato dutina je na
spodni strané uzaviena pistem, jehoz vibrace jsou buzeny
vibra¢nim stolkem LDS typ V201, na vrchni strané je du-
tina uzaviena plochym kovovym vickem s maljym otvo-
rem uprostied pro umisténi 1/8” mikrofonu G.R.A.S. typ
40DP. Rezonanéni dutina je vyplnéna vzduchem za nor-
malnich podminek.

K zesileni dvoufrekven¢niho budiciho signédlu je pou-
zit vykonovy zesilova¢ Mackie M1400, mikrofonem sni-
many signal je pred navzorkovanim zesilen predzesilova-
¢em G.R.A.S. typ 12AA.

4. Vysledky

Za danych podminek mél prvni vlastni kmitocet rezo-
nanc¢ni dutiny hodnotu f = 509 Hz, coz byl i zvoleny kmi-
tocet prvni harmonické budiciho signdlu, kmitocet druhé
harmonické buzeni tedy byl 1018 Hz. Pocitacové gene-
rovany budici signdl byl vzorkovan kmitoctem Fyzg =
100kHz, signal mikrofonu byl vzorkovan stejnym kmi-
to¢tem Fyzy = 100kHz, bylo sniméano vzdy N = 100000
vzorki, ¢emuz odpovida kmitoctové rozliseni ve spektru
Af = FVZM/N = 1Hz.

Na obrazku 3 je zobrazen pfipad, kdy amplituda bu-
zeni rezonan¢ni dutiny nebyla prilis vysoka a jesté nedoslo
k tplnému zformovani razové viny. V horni ¢asti obrazku
je plnou carou zobrazen akusticky tlak v pfipadé mono-
frekvenéniho buzeni (S2 = 0), v dolni ¢asti je pak zobra-
zeno jeho amplitudové spektrum. Z obrazki je patrné, ze
signal obsahuje vyssi harmonické a je nelinedrné zkresleny.
Casovy pritbéh akustického tlaku v ptipadé dvoufrekvenc-
niho buzeni (pfi zachované amplitudé prvni harmonické) je
zobrazen prerusovanou ¢arou, signal je téméf harmonicky.
K nalezeni amplitudy a faze druhé harmonické budiciho
signalu byly potfeba ¢tyti iterace.

V tabulce 1 jsou uvedeny v decibelech amplitudy jednot-
livych harmonickych v piipadé monofrekvenéniho buzeni
(Pn,m ), v pipadé dvoufrekvenéniho buzeni (P, p) a jejich
rozdily. Z tabulky je vidét, ze doslo k potlaceni druhé har-
monické o 41,5 dB, a tim padem i k potlaceni vSech vyssich

Harmonicka 1. 2. 3. 4, 5.

Py [dB] 150,0 1382 131,9 1284 1253

P,.p [dB] 150,6 96,7 110,1 103,6 101,8

AP, [dB] 06 —41,5 —21,8 —248 —23,5
iAjt)n = In,D — Pn,]ﬂ

Tabulka 1: Pfipad slabsiho buzeni

harmonickych vice nez o 20 dB. S pferusenim nelinearnich
kaskadnich procest doslo i k narastu prvni harmonické
0 0,6dB.

Na obrazku 4 je zobrazena stejné situace, ale pro pri-
pad vyrazné silnéjsiho budiciho signalu, kdy se v akustic-
kém rezonatoru objevuje strmé razova vlna s mnozstvim
mikrorazii. Casovy pritbéh akustického tlaku je zobrazen
plnou c¢arou v horni ¢asti obrazku, v dolni ¢asti je pak
jeho amplitudové spektrum obsahujici mnozstvi vyssich
harmonickych slozek. Prerusovanou ¢arou je v horni ¢asti
zobrazen prubéh akustického tlaku po zapnuti druhé har-
monické buzeni a nalezeni potfebné amplitudy a faze (5
iteraci) pfi nezménéné amplitudé prvni harmonické. Je pa-
trné, ze i zde se jedné o téméf harmonicky signal.

Harmonicka 1. 2. 3. 4. 5.

P, v [dB] 154,9 144,7 139,6 136,56 134,0
P, p [dB] 155,9 121,8 116,9 115,3 114,0
AP, [dB] 1,1 —-228 —-22,6 —21,3 —20,0

Tabulka 2: Pfipad silnéjsiho buzeni

V tabulce 2 jsou v decibelech uvedeny amplitudy jed-
notlivych harmonickych pied zapnutim dvoufrekvenc¢niho
buzeni a po ném, je z ni dobie vidét, ze doslo k vyraz-
nému potlaceni vyssich harmonickych slozek a k zesileni
amplitudy slozky zakladni.

5. Zavér

V ramci této prace byl navrzen adaptivni iteracni al-
goritmus pro vypocet amplitudy a fdze druhé harmo-
nické slozky dvoufrekvenéniho signédlu pro buzeni intenziv-
nich zvukovych vin v akustickych rezonatorech konstant-
niho prifezu. Tento algoritmus byl implementovan na PC
v prostfedi LabView. Experimentalné bylo ovéreno, ze bé-
hem nékolika iteraci dochazi k vyraznému potlaceni vys-
gich harmonickych a ke zvysSeni amplitudy zakladni har-
monické.

Podé&kovani

Tato prace byla podpotena grantem GACR 202/04/P099
a grantem GACR 202/06/0576.
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Obrazek 3: Slabsi buzeni. Nahote: akusticky tlak v pfipadé monofrekvenéniho buzeni (plné ¢éra) a v pfipadé dvou-
frekvenéniho buzeni (pferusovand ¢ara). Dole: Amplitudové spektrum akustického tlaku v p¥ipadé monofrekvenéniho
buzeni
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Obrézek 4: Silngjsi buzeni. Nahote: akusticky tlak v pfipadé monofrekvenéniho buzeni (plna ¢ara) a v pripadé dvou-
frekven¢niho buzeni (pferuSovand ¢ara). Dole: Amplitudové spektrum akustického tlaku v p¥ipadé monofrekvenéniho
buzeni

Reference [2] Huang, P.-T., Brisson, J. G.: Active control of fi-
nite amplitude acoustic waves in a confined geometry,
[1] Lawrenson, Ch. G., Lipkens, B., Lucas, T. S., Perkins, J. Acoust. Soc. Am. 102(6), 3256-3268, 1997.
D. 8., Van Doren, T. W.: Measurements of macrosonic (3] Rektorys, K.: Prehled uZité matematiky, Nakladatel-
standing waves in oscillating closed cavities, J. Acoust. stvi Prometheus. 1996.

Soc. Am. 104(2), 623-636, 1998.
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Using Beam Tracing to Simulate Transmission of Sound
Through Obstacles

Vladimir Arnost

UITS FIT VUT Brno, BozZetéchova 2, 612 66 Brno, Czech Republic
e-mail: arnost@fit.vutbr.cz

Several sound propagation simulation methods have been developed in the past. The first of them, the source
image method, was easy to implement, but it offered only very limited possibilities. The next method, ray tracing,
improved upon it a lot, but the algorithm was still unable to find all sound paths in the specified volume. To
solve this problem, beam tracing was introduced. In beam tracing, the sound no longer propagates in thin rays
like light, but occupies a certain volume—a beam. If multiple beams together occupy the whole simulated room,
all listeners will be covered and no sound path within the specified number of reflections will be missed.

All the methods deal with specular reflection or edge diffraction, but they completely ignore a whole class of
sound waves which are equally as important—transmitted and refracted sound waves. This article extends the
beam tracing method to model sound transmission as well as the normal specular reflections and edge diffraction.
This makes it possible to simulate transmission of sound between rooms through the walls or various obstacles.

1. Introduction

Several simulation methods were invented in the past
decades: source-image method and ray tracing. These
methods consider only infinitely thin sound ‘rays’ which
miss the listeners frequently and tend to produce false
‘hits’ elsewhere.

To overcome the limitation of thin rays, the beam trac-
ing method was introduced in 1984 by Borish [4]. In beam
tracing, sound no longer propagates in thin rays, but oc-
cupies a certain volume of air or other medium.

The normal beam tracing method [5, 6, 8] deals with
specular reflection or edge diffraction, but it completely
ignores a whole class of sound waves which are equally as
important—transmitted and refracted sound waves. Sound
transmission may be of less importance if you are designing
a concert hall, but it cannot be dispensed with completely.
The existing methods will not give us any answer if the
sound source and the listener are in different rooms. Simi-
larly, sound waves propagating through an obstacle may
significantly influence the overall perception of sound in
the room. This paper will describe how to model sound
transmission [3] as well as the normal specular reflections.

2. Beam (Cone) Tracing in 2-D Space

The two-dimensional space provides a simplified frame-
work to devise the simulation algorithm and to describe it
with simpler equations. The 2-D space can also be viewed
as an arbitrary cross section of a real 3-D space, if all walls
are perpendicular to the 2-D plane. The 2-D beam will be
called a cone.

2.1. Representation of Cones in Polar Coordinates

Expressing the 2-D cone in polar coordinates (¢, d) where
 is the angle and d is the distance from the cone origin O

Prijato 1. cervna 2006, akceptovano 2. srpna 2006.

is straightforward and very intuitive. While polar coordi-
nates may be easy to comprehend, they have their own pe-
culiarities and are not usable to represent 3-D cones later
on. Using half-planes is more complicated, but extensible
to any number of dimensions.

The cone is defined by two boundary lines originating
in the cone origin O (expressed in Cartesian coordinates)
and pointing at angles ¢; and s.

The problem with this approach is that the result of ro-
tating a point in polar coordinates results in a periodically
repeating sequence of aliased angles ¢’ = ¢ + 27k, where
v € (0,27) and k € Z. Thus it is impossible to tell if any
angle « is before or after another angle (3, because both
ways are possible.

The angular cone can be defined so that the end angle
2 is oriented clockwise in respect of the start angle .
All angles must lie in the range (0, 27). It is possible that
w1 > o if the cone crosses the horizontal axis ¢ = 0.
Otherwise, ¢1 < o (figure 1).

QN |9 /@1
KJ N I : 0

@<

4> % 4=

Figure 1: Cone as a range of angles in polar coordinates

The cone’s bottom edge is defined by a pair of distances
dy and da, together forming polar coordinates A(y1,d7)
and B(y2,d2) relative to the cone origin O. The bottom
edge defines the beginning of the ‘active’ part of the cone.
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Figure 2: Determining if point P is inside a cone delimited
by bottom (A, B) and top edges (C,D)

Anything closer to the cone origin is considered outside
the cone.

When the cone hits an obstacle, the reflection line
defines the top edge at polar coordinates C(¢1,ds) and
D(¢2,d4). The cone is no longer open and extending into
infinity. Anything behind the top edge becomes outside the
cone. The cone is then a quadrilateral defined by polar
coordinates A(p1,d1), B(p2,d2), D(¢2,ds) and C(p1,ds)
(figure 2).

Interior of Cones To determine if a point P(pp,dp)
(relative to the cone origin O) is inside the cone, a series
of tests must be followed:

1. The angle pp must lie in the interval of the boundary
angles pp € (1, p2) which is equivalent to:

v1 < P2
p1 > P2

1 < pp < P2,
p1 < pp <21V 0 < pp < o,

(1)

2. The point distance dp must lie within the bottom and
top boundaries (if defined). Since only the cone side dis-
tances d; . ..dy are known, the distances corresponding to
angle pp must be interpolated.

dp € (DI(¢p, 0, A, B),DI(pp,0,C,D)), (2)

where DI(pp, O, A,B) is the distance interpolation func-
tion working in polar coordinates:

(By — Ay)(Aw — OI) — (Bz - Az)(Ay — Oy)

DI =
(By — Ay)cospp — (B — Ag)singp

3)

If the denominator part of (3) is zero, the vector OP is
parallel to vector AB and there is no intersection.
2.2. Propagation of Cones

The cone propagation algorithm works in a few simple
steps:

1. Create the initial cone(s) spanning all spatial angles

2. Repeat for each newly created cone:

10

(a) Find the nearest wall segments wvisible from the
cone

(b) For each reflection edge:

i. Create a new reflected cone (if possible)
ii. Create a new refracted cone (if possible)
iii. Create new diffraction cone(s) (if possible)

(c) Find all listeners inside the cone and determine
the sound paths from the sound source

3. Continue at point 2 if new cones were created

The algorithm performs a breadth-first search. In each
iteration, another level of reflections is calculated. The
number of ‘active’ cones grows exponentially, but the ac-
tual growth rate depends on the complexity of the simu-
lated model. The more wall segments, the more split cones
will have to be created.

2.3. Reflected Cones

Once the list of visible edges is ready, the cone may try to
reflect from all the edges. Not all edges have to be reflec-
tive, some edges (e.g. the ‘world’ boundary) may be set
up with infinite attenuation to stop all ‘leaked’ cones from
bouncing back into the model space.

The original cone Cy is split into n narrower cones
exactly covering each visible edge F; (figure 3). The cone
origin Oy is mirrored by each edge F; to produce the new
cone C; origin O;. The edge F; becomes the new cone’s
bottom edge A;B; (figure 4).

The reflected cones accumulate the reflection attenua-
tion coefficients from the parent cones. When the reflec-
tion attenuation exceeds a threshold value, the cone pro-
pagation may be stopped, because its contribution to the
overall sound field is negligible.

The distance attenuation may be estimated at this step
too, but the exact distance from the sound source may
not be determined until the listener is found. The cone’s
boundaries lie at different distances from the origin and
thus it is impossible to tell how far the cone is as a whole.
If the estimated distance attenuation exceeds a threshold
value, the cone may also be removed from further simula-
tion because it is no longer significant. This rule can elimi-
nate cones reflecting across huge distances throughout the
model and can speed up the whole simulation.

2.4. Refracted Cones

Refraction may occur on any edge having a finite trans-
mission attenuation. Acoustically insulating materials will
have a very high attenuation and may be considered non-
transmissive if their thickness is large enough to attenuate
the sound waves below the threshold of hearing (0 dBA).

The cone refraction must take the index of refraction
(IOR) into account. This means that the refracted cone
points in a different direction than the incident cone. This
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Figure 3: Splitting the cone Cy before calculating re-

flected cones

IOR,

IOR;

O

Figure 5: Cone refraction on a boundary with IOR of 2 : 1

in turn means that the refracted cone’s origin will also be
at a different place (figure 5).

According to Snell’s Law, the incident ray will be re-
fracted at angle 65:

. (IORl
6o = arcsin

. a2
TOR, - sin 91> = arcsm( sin 91> . 4)

C1
Unfortunately, wave refraction is not a linear transfor-
mation in terms of angles. The refracted rays do not have
a common intersection point so we cannot determine the
ezact origin O’ of the refracted cone. The most obvious
choice—the intersection of the refracted cone boundaries
passing through points R and S—seems to be an accept-
able approximation of the cone origin because all the in-
terior rays will be still contained within the cone. If the
width of the refracted cone is too large and the interior

O,

Figure 4: Reflecting cone Cy around edge E; creates
a new cone C

would be too skewed, the cone can be split into several
narrower ones which would match the actual refracted ray
trajectories more accurately.

Total Reflection As with the light waves, the sound
waves can also undergo a total reflection, where all the
wave energy is reflected back and none is transmitted into
the wall segment®. This is possible if the incident sound
waves hit the wall edge at an angle greater than the critical
angle ecrit

Ocrit = arcsin IOR, = arcsin a
crit — IOR1 - Cs .

Total reflection can occur only if the sound cone is mov-
ing from a dense to a less dense medium (IOR; > IORz).
The medium density is inversely proportional to its wave
propagation speed, hence total reflection requires that
c1 < cCa.

Virtually all liquid and solid materials exhibit sound
propagation speeds higher than that of air and their rela-
tive IOR is smaller than 1. Air is therefore a ‘denser’
medium than e.g. water or steel.

For example, the critical angle 6, for the boundary of

air—concrete is Oy = arcsin ($4) = 11.6° and for air—

steel it is e = arcsin (2%5) = 4°. Such small angles

sufficient for total reflection explain why concrete, brick
or metal corridors convey sound so well, while giving it a

very characteristic sharp timbre at the same time.

(5)

Since the angle of incidence of various parts of the sound
cone is not constant, some parts of the cone may be re-
flected totally (61 > Oerit), while other parts (the ones clos-
est to the wall edge normal vector where 61 < 0) will

1We assume that all walls are perfectly rigid and cannot transform
wave energy into their own independent vibrations or dissipate it as
heat.

11
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be both reflected and refracted into the wall. The propor-
tion of the refracted wave energy must be determined from
the ratio of the total reflection zone width and the whole
cone top edge width. Since wave energy density decreases
with distance from the source, the different distances at
each part of the cone must be considered too. The best ap-
proach seems to be to split the cone at the critical angle
and process each part separately.

3. Determining the Sound Path

When simulating the propagation of sound cones, it is im-
portant to find all intersections of the cones with the lis-
teners. The ways how to figure out if any point (listener) is
inside the cone are described in the above sections. When
the listener is found inside a cone, the whole path connect-
ing it to the source must be found.

3.1. Direct Sound Path

If no refracted or diffracted cones exist in the hierarchy of
cones linking the source and the listener, the sound path is
a simple line between the virtual sound source (the origin
of the intersecting cone) and the listener itself. The ob-
served sound intensity (in W.m~?) will be exponentially
decaying (or linearly decreasing in dB) with the distance
travelled in each cone C; due to internal friction of the
medium as well as due to energy loss in each reflection.
The intensity will be also inversely proportional to the
distance due to wave spreading (the cone width is linearly
increasing with the distance and the total energy it con-
veys is constant except for friction losses). The product of
reflection attenuation coeflicients must be also considered
in the calculation. The intensity at the listener is

1
Z?:o di

where ); is the propagation attenuation of the i-th cone C;
per distance unit, d; is the actual distance travelled in the
cone and g; is the reflection attenuation coefficient (gain)
at the i-th boundary (g; < 1).

The products in equation (6) can be better expressed as
sums of attenuation coefficients expressed in decibels.

n n
—Aid;
e 1
0 i=1

i=

I'=1Ip- (6)

Iag = Ipgs — 10 logZdl — Z)\idB d; — ZgidB (7)
=0 =0 =1

The time delay 7 will be equal to the sum of propagation
delays in each cone along the sound path. Each cone may
have a different sound propagation speed c;.

n
d;
T:E —
e
i=0 "

The intensity and delay define one point of the desired
impulse response
9)

(8)

h(r) =1.

12

3.2. Refracted Sound Path

Unlike the previous case, finding the ezact sound path
through refracted sound cones is a difficult task. The main
reason is that the relationship between the incident and re-
fracted ray angle is not a linear function (see equation (4)).

According to Fermat’s Principle, the actual path be-
tween two points taken by a beam of light (or sound) is
the one which is traversed in the least time. If the two
points lie across a refractive boundary, the trajectory is
no longer a straight line, but it breaks at the boundary
according to Snell’s Law.

To determine the path, we must construct the propa-
gation time function ¢(#) for the incident angle 6, derive
it and find its local minimum. Once found, we know at
which angle to send the incident ray towards the boun-
dary so that it reaches the listener. Finding the function
extreme analytically is a time-consuming task and its com-
plexity grows enormously with the number of consecutive
refractions. It is not viable to try to look for an accurate
analytical solution in our simulation algorithm so we must
find a simpler way at the expense of precision.

Once we determine the exact sound path, the sound
intensity and propagation delay are calculated the same
way as in the case of direct sound path.

Refracted Sound Path Binary Search Algorithm
We can find an approximate value of the incident angle
0 iteratively using a binary search algorithm. The algo-
rithm will divide the initial cone Cy into two cones of half
width, trace the division line across all reflections and re-
fractions to the last (n-th) cone C,, containing the listener
L and figure out if the listener is on the left or right side of
the division line. The half containing the listener is sub-
divided again and the algorithm iterates until the listener
is enclosed by a ‘sufficiently’ narrow cone.

We shall also define two points U, V in every iteration
step so that each of them lies on one cone boundary at the
same distance as the distance of the listener L from the
last cone C,, origin O,, (see figure 6). This would ensure
identical propagation times from the last cone origin to
either of these points and to the listener if there was no
refraction.

10:U[[ = [0V | = [[OnL | (10)

The iteration is terminated if the propagation times t(p;)
and t(p2) from Og to points U, V differ less than a pre-
defined At (or if the maximum number of iterations is

exceeded)
[t(1) — tpa)| < At (11)

where 1 and @9 are the boundary angles of the ‘narrowed’
enclosing initial cone C;.

Once found, the desired estimate of the incident angle 0
is calculated as the axis of the ‘narrowed’ enclosing initial
cone Cy:

g = ¥1 + P2

) (12
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Figure 6: Two iterations of a sound path binary search
algorithm

For maximum precision, the At should be set to the
smallest discrete time quantum, i.e. the impulse response
sampling rate:

(13)

Refracted Sound Path Backtracing Algorithm

If even less precision is sufficient, we may cast a ray from
the listener L to the last (n-th) cone’s origin O,,, determine
its intersection |,, with the cone bottom edge vector A, B,,.
Then cast another ray from point |,, to the previous cone’s
origin O,,_1, etc. until we find the intersection l; with the
initial cone’s top edge A1B;. The vector Ogl; defines the
approximate incident angle 6 (see figure 7).

This algorithm’s accuracy is affected by the fact that the
refracted cone origins O; cannot be determined precisely
because the refracted rays do not have a single intersection
point (see figure 5 on page 11).

Once we determine the exact sound path, the sound
intensity and propagation delay are calculated the same
way as in the case of direct sound path except that g; is
the refraction attenuation coefficient (gain) in this case.
See equations (6) and (8) on page 12.

3.3. Diffracted Sound Path

The diffraction cone C4 acts as a new initial cone. It has no
bottom boundary. The diffracted sound is approximated
to originate at the corner around which the sound waves
have bent. This will also produce the shortest sound pro-
pagation times, on par with Fermat’s Principle.

We can use the backtracing algorithm to find the sound
path again. We start at the listener L and project rays to
the cone origins O; backwards from the last to the first
cone (figure 8). The sequence of points L, O,,, Op_1, ...,
01, Op defines the sound path of diffraction.

Figure 7: Tracing refracted path from listener L back to
the sound source Og

Figure 8: Tracing diffracted path from listener L back to
the sound source Og

The sound intensity in the diffracted cone depends on
the degree of bending and therefore also on the angle inside
the cone. High frequencies are attenuated more than low
frequencies, so a proper low-pass filter must be inserted to
this sound path’s frequency characteristic.

Naturally, reflection, refraction and diffraction can oc-
cur in any order and combination during cone propagation
simulation. The path-finding algorithm must be ready to
handle all situations.

4. Examples

This section will demonstrate the algorithms presented in
this paper on two models: two simple rooms separated
by a solid wall and a complex concrete bunker. Special
emphasis is put on sound wave refraction and transmission
through the walls.

13
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4.1. Two Rooms Separated by a Concrete Wall

This is a simple experiment demonstrating transmission
of sound through a concrete wall (i.e. occlusion) between
two rectangular rooms.

The scene in figure 9 consists of two rooms of identical
dimensions 7 X 9m. The rooms are surrounded by 0.5m
thick solid concrete walls. The sound source is placed near
the center of the left room. Listener Mic2 is in the second
room and relies purely on sound transmission.

The wall reflection attenuation coefficient was set to
3dB and the wall refraction attenuation coefficient was
set to 20 dB. The Src sound source intensity Ipqp is 60 dB.
Both the source and the listener are omnidirectional.

Figure 9 shows the sound paths during the early 5 reflec-
tions. We can see the sound waves being refracted in and
out of the walls and reaching both listeners. The intensity
of the transmitted waves is decreasing quickly because of
higher attenuation of the concrete walls and also because
of the 20 dB refraction attenuation.

Figure 10 contains the impulse response calculated for
10 reflections. There is a large number of lower-intensity
peaks making the whole impulse response less regular.

The polar graph of the listener in figure 11 reveals that
the transmitted sound waves tend to be limited to a few
symmetrical groups of angles. This is because only incident
angles smaller than the air—concrete critical angle of 11.64°
can be refracted and transmitted to the other room.

The simulation algorithm used 37428 cones of up to 10th
order to find 1278 unique sound paths between the source
and the listener.

4.2. Concrete Bunker

This is an experiment demonstrating transmission of
sound through a complex concrete bunker with a pair of
steel doors.

The scene in figure 12 consists of two rooms: the bunker
main room and the airlock. The bunker’s outer dimensions
are 20 x 20 m. The concrete walls are 1 m thick. The airlock
is sealed by two solid steel doors 0.3 m thick. The sound
source is placed near the top slightly right off the center.
Listener Micl is located in the airlock. It relies on sound
transmission to hear anything.

The concrete wall reflection attenuation coefficient was
set to 2dB and the wall refraction attenuation coefficient
was set to 20 dB. The Src sound source intensity Ipqp is
70dB. Both the source and the listener are omnidirec-
tional.

Figure 13 on page 16 shows the sound paths during the
early 10 reflections. We can see a massive number of re-
flected sound paths. Most sound waves are refracted into
the airlock wall, some pass through the inner door (Micl
only). Listener Mic2 can hear only sounds coming from a
narrow cone in the nearest wall. The rules of refraction
do not allow any sound to escape anywhere else and reach

14

Figure 9: Sound paths in two rooms separated by a con-
crete wall (max. 5 reflections)
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Figure 10: Impulse response between two rooms separated
by a concrete wall (max. 10 reflections)

Figure 11: Angular distribution graph of impulse response
between two rooms separated by a concrete wall
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the listener because there are no reflecting objects outside
the bunker.

Figure 14 contains the impulse response calculated for
10 reflections. We can see that the first few impulses are
weaker than the main impulse corresponding to the short-
est path. The early impulses are the result of sound trans-
mission through the concrete walls. Since sound moves
about 5 times faster in concrete than in air, it is possi-
ble that sound waves travelling a longer distance through
the walls will reach the listener sooner than waves propa-
gating mostly through air.

The polar graph of the listener in figure 15 shows that
the listener can hear sounds coming from several direc-
tions, but mostly from the top and bottom walls. Listener
Mic2 standing outside can hear the sound coming right
out of the nearest wall even though the sound source is in
a different direction from him.

The simulation algorithm used 167665 cones of up to
10th order to find 194 unique sound paths between the
source and the listener Micl and 52 sound paths reaching
the listener Mic2.

/
/

i 5
-/
Q= 9

Figure 12: Concrete bunker with steel doors model setup

5. Conclusion

The algorithm published in [3] and summarized in this pa-
per differs from the currently published methods by adding
sound wave refraction. Many existing methods use edge
diffraction based on the Geometrical Model of Diffraction
[7, 8, 9], but none take sound transmission into account.
The initial experimental results using 2-D models re-
veal a promising potential of this simulation method. The
method can be further improved by adding material filters
and air absorption. Full 3-D implementation is pending.
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Figure 13: Sound paths in the concrete bunker model (max. 10 reflections)
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