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Abstract 

in in active noise control system in a duct, often the primary source is so powerful that a single loudspeaker 

would not suffice for the auxiliary source; use of two, three or four speakers, located around the periphery of the 
duct, is common for large industrial blowers. However, for ducts of smaller diameter, the speakers have to be 

arranged along the axis, in which case they may interfere with each other instead of simply adding up. The present 
paper investigates this interaction analytically. A comprehensive one-dimensional standing-wave analysis is pre- 
sented and an elegant closed-form expression has been derived for the overall performance (in terms of an 
'advantage factor') for an auxiliary source comprising n identical speakers equi-spaced along the axis of the duct_ 
This expression has been evaluated for two- and three-speaker sources and a design condition for the inter-speaker 
spacing has  been obtained for an anechoic primary source that would ensure that all speakers of the auxiliary 
source work more or less in unison with each other. 

Keywords: Noise control, active noise control, duct acoustics, technical acoustics. 

1. Introduction 

hi an active noise control system, when the auxiliary source is tuned to the primary 
source, that is, when acoustic pressure at the error microphone tends to zero, it has been 
shown through a comprehensive plane wave analysis that at the junction of the auxiliary 
source and the duct, impedance is zero'. In other words, a tuned auxiliary source acts so 
as to produce an active short circuit in the duct. Acting against this zero impedance, the 
Primary source governs the pressure field upstream of this junction, independent of the 
auxiliary source, as it were. Tuning is achieved by means of an adaptive controller, with 
the error microphone signal being used for the adaptation process, which produces the 
irked transfer function 2 , H (Fig. 1). At this actively produced zero-impedance junc- 
on, the volume velocity produced by the primary source is equal and opposite to that 
Propiced by the tuned auxiliary source. For a very strong primary source, the maximum vo   

velocity produced by an ordinary loudspeaker would not be sufficient. Then two, 
"e Or four identical speakers are located around the duct. Often, for reasons of logis- , 

?tti..th, these speakers have to be located in a line along the axis rather than around the 
tetay_naetrY of the duct. This would introduce phase differences so that zero impedance 

cr  iitd at et 4 at the last loudspeaker, located towards the radiation end, would not he real- 
he other loudspeakers upstream. This is the problem investigated in this paper. 

Makin g use of Doak's modal model leading to an analytical expression for the three- flSiOnal 
pressure field generated by a rectangular constant velocity source in one of 
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FIG. 1.a. Schematic of an active noise control system in a duct with single-speaker auxiliary source, b. its electri- 
cal analogous circuit using direct electroacoustic analogies; c. the interactive portion of the electrical analogous 
circuit. 

the walls of an infinite rectangular duct 3 , Berengier and Roure have analysed the multi- 
loudspeaker problem4 . However, their investigation implies the assumptions of (a) infi- 
nite (or anechoic) duct on either side of the auxiliary source as well as primary source, 
and (b) constant velocity (or infinite internal impedance) sources. 

In the present paper, a comprehensive one-dimensional standing-wave analysis is 
presented, leading to an elegant closed-form expression for the overall performance for 
an auxiliary source comprising ii identical speakers equispaced along the axis of the 
duct. Following Small s , electroacoustic analogies have been used. All analysis is in the 
frequency domain; the time dependence exp(jcor) is skipped. 
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Only plane waves have been considered; the near-field effects of the speakers have 
been ignored. It is also assumed that the waves generated by both the sources are in the 
linear range. The convective effect of mean flow has not been taken into account. How- 
ever, as indicated in Munjal and Eriksson', though it can be readily incorporated, it is of 
little consequence. To start with, a system with a two-speaker auxiliary source is ana- 
lysed. The final results are then generalized to any number of speakers. 

2. Brief analysis of a tuned active noise control system 

Use of omnidirectional microphones and speakers in an active noise control system in a 
duct calls for a standing wave analysis of the system with the auxiliary source (with 
source characteristics pm  and z18) as well as the primary source (with characteristics pip  

and z4p) in position, as shown in Fig. 1, where the primary source has been shown in its 
velocity representation. The acoustic source characteristics p., and zs  correspond to the 
open-circuit voltage and internal impedance for an electrical source. Direct electro- 
acoustic analogies have been used wherein voltage and current correspond to acoustic 
pressure and volume velocity, respectivelys * 6 . The main interactive portion of the system 
is shown in Fig. lc, where pspi  and zspi are the primary source characteristics transferred 
downstream to the input microphone location'. 

The additional subscript i indicates the input microphone location, and z e  is the 
equivalent acoustic impedance of the duct downstream of the auxiliary source junction. 
Detailed nomenclature is provided in Appendix I. 

An earlier investigation indicated that for a perfectly tuned system, the primary and 
the secondary sources present to each other zero impedance (acoustical short circuit) at 
the junction of the auxiliary source' ; z, is short-circuited. The use of transfer matrix re- 
lationships yields6  (Fig. 2) 

Vspi V
P 
 = 

COS kl. 	- sin k!. 	
(1) 

z, 
and 

V a  = V sa  =p masa 	 (2) 
where Z10  is the acoustic impedance of the auxiliary speaker, when inactive, as seen from 
the main duct side. 

v - spi: • Pspi/Z sin 	
VP 

Zero impedance 
Zspi 

(acoustic short 
circuit) 

vso! Pe,./Zsa 	ye 

 

Zero impedance 

(acoustic short 
circuit) 

(a) 

FIG. 2. Electrical analogous circuits for the tuned system. Contribution of a source , 

03) 

primary source, and b. auxiliary 
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For ve  (and hence p t) in Fig. lc to be zero, we must ensure that 

va  = —vp. 	 (3) 

Substituting from eqns (1) and (2), yields 	 • 

V spi 

	

V sa  = 	- 	 • 	 (4) 
cos kli +j - -2 -Y  S in kli  

spi 

Thus, P sal the acoustical equivalent of the open-circuit voltage of the power amplifier, is 
given by 

	

Zsa 	Pspi  
PS'a =a 	 (5) 

Zvi  cos kl i  + j 9L-- s i n kli  • 
spi 

Equation (3) indicates that the auxiliary source, often a loudspeaker, needs to be de- 
signed for the required volume velocity and not power, because the steady-state acousti- 
cal power output of the auxiliary source as well as the primary source of an ideally tuned 
system would be zero. The two sources then act together as an acoustical dipole in as 
much as they cancel each other's velocity output at the junction rather than power output 
which is zero. In other words, the two sources unload each other in that the resistive part 
of the acoustical load impedance faced by both of them is zero. This is true for industrial 
fans and engine exhaust systems where the primary source terminates the duct (Fig. la). 
This may not hold if the left end is open (the primary source being located in a wall of 
the duct, like the auxiliary source loudspeaker). 

Throughout this paper, it is assumed that the primary source terminates the duct on 
the left, and the auxiliary source loudspeaker is wall mounted (Fig. la). 

The velocity requirement given by eqn (4) is often so large that a single loudspeaker 
would not do; several speakers must be used to provide the volume velocity required for 
cancellation. For the ducts of large industrial blowers, one can locate two, three or four 
identical speakers around the periphery of the duct at the same cross-section. For smaller 
ducts, like the exhaust pipe of an automotive engine, these speakers must be arranged in 
line along the axis of the duct (Fig. 3). But this would in general cause mutual interfer- 
ence because they would see different portions (phases) of the standing wave in the duct. 
This problem is investigated analytically in the rest of this paper. 

3. Analysis of a two-speaker system 

Figure 3 shows an active noise control system with an auxiliary source consisting of two 
identical speakers of internal impedance 4,, separated by an axial distance of la . Voice 
coils of the speakers are assumed to be subjected to the same voltage, the acoustical 
equivalent of which is p se . The problem consists in estimation of the volume velocity 
passing through 4 due to the primary source and each of the two auxiliary loudspeakers. 
As the system is assumed to be linear, one may calculate the individual contributions of 
the three sources and then add the same up algebraically. The electrical analogous 
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FiG.3.a. Schematic of a system with a two-speaker auxiliary source; b. its electrical analogous circuit. 

circuits for the three cases are shown in Figs 4a, 5a and 6a, respectively. Thus, applying 
the principle of superposition to the condition of multiple simultaneously operating 
sources, 

Ve  = Vep  Veal + Ve02. 
	 (6) 

Referring to Fig. 4a, v ip, the contribution of the primary source alone to the volume ve- 
locity through the load impedance 4 may be written as 

(7) ep  
V v

sin
. 
 = —411  ,VRO 11 	eP V = 

V .1 V 	VRO spa 	ep 

where the velocity ratio VR is defined for a passive subsystem (see Fig. 4b) as 8  

vR vu  / vd  i pd=0 . 	 (8)  

The hypothetical condition of pd = 0 may be obtained by relocating ze  as shown in Fig. 
VR0  in eqn (7) for the system of Fig. 4c may be expressed directly in terms of the 

Impedances and phase arguments of the constituent elements by means of Munjal et al.'s 
algebraic algorithm 9  without having to solve simultaneously a number of algebraic 
equations or multiplying successively a number of transfer matrices 6. Thus, 

„ „ 	„ Ze  „ 
VR O = 

„ 
+ 

ze 
—Litaa + i Liao  + 	Cit-42  -F Ci Ca  
Zsa 	Y 	Zsa 	Y 	;pi 

CS 

	

Ze
e 	

Y  

	

+. 41 --- 	S, S„ + j— C, Sa  + j 
Z  S

e  C„ j Y C, So 
z s s szsa a + •  zsp,  1 a 

	

Zsa 	
m 	

ca  ;Asp . spi 	ta 
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FIG. 4.a. The system with only the primary source active; b. block diagram for definition of the velocity ratio: 
VR a v./ti40.o; c. the system of Fig. 4a with the load impedance Z e  relocated to correspond with the block dia- 
gram of Fig. 4b for evaluation of the velocity ratio: VR0 = v sply ep . 

where 

+j 	 SS 	 
Ze Y  s  c 	Y2 	Ze Y 2  

SS 
Z„Zsp, 	Zsa Zsp, 	a  Zs2a Zspi  1 a  

(9) 

Ci  -E.  cos 
	

S, sin 	
(10) 

Ca  E.-- COS kla , Sa  -a sin kla . 

Incidentally, a reader not accustomed to the algebraic algorithm 9  may derive eqn (9) by 
means of the transfer matrix method 6 , which was used in the first place to develop the 
algorithm. 

Referring to Fig. 5a, v a11 , the volume velocity produced by the auxiliary source 
speaker 1 is given by 
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Vam  atVLi + VR1 = Psalci 	 (11) 

where C I  is the total impedance faced by speaker 1. 

Ll CR1  

	

c 1 = Zsa+ 	 (12) 
+C RI 

where cLi and ;RI 
 are the equivalent acoustic impedances on the left- and right-hand 

sides, respectively, of speaker 1. These may readily be calculated by means of the trans- 
fer matrix method 6. Thus, 

Zspi Ci  + fYS i  
Ll 	. z spi 	 (13) 

--y-- +Ci 
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FIG. 5
.a. The system with only the first speaker of the auxiliary source active; b. the system of Fig. 5a without spea.

ker I for definition of the velocity ratio VIL I  = vspi/v; c. the system of Fig. 5a with an acoustical short cir- 
cuit at the location of speaker l for definition of the velocity ratio VR 1  5 
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lit Ca ± KS; 	 (14) 

	

CR1 	ac,  St  
J ze +zsa  Y 	a  

On substitution of these expressions in eqn (12), and after some simple rearrangement, 
one finds that II , the total impedance faced by speaker 1, turns out to be 

VR0  
C 	̀-'

7 
sa VR  • 	

(15) 

Here VR0 is the velocity ratio defined by Fig. 4c and given by eqn (9) and VR i  is the 
velocity ratio defined in Fig. 5b, which is Fig. 5a without the speaker 1 branch. Again, 
making use of the algebraic algorithm 9 , 

Ca Ci 	Ca Ci + 	Sa Ci + 	CaSiCaCi Sa Si Sa Ci 
Zsa  

	

:pi 	 spi 

e  
+j 	Ca  – S0  +j 	

ZY 
 Sa  + 

ZeY 
	Ca  – —

ze 
Sa 	(16) 

Zspi 	Zsa 	Zsa  Zvi 	ZsaZspi 	Zspi  

where Sa , Si , Ca  and Ci  are as defined in eqn (10). 

Now VRE and Veal  in Fig. 5a may be calculated as under: 

VR1 = VallCLI I  (411 + CRI),  Veal = V  R1 1 VIZ  RI 	 (17) 

where the velocity ratio 

08) . e sa  VP. RI  VR / Veal C+a 	 y  . 
L sa 

Now, Val  may be evaluated by substituting eqn (15) in eqn (11). The resulting equation 
along with eqns (13) and (14), when substituted in eqn (17), yields an expression for 
VIZ I . Substituting this and eqn (18) in eqn (21) yields, after some simple algebraic ma- 
nipulation, 

VR 1  
Vea l = V sa

VIZ 	
sa  pPdZ sa 	 (19) 

o 

and the velocity ratio VR I  is defined in Fig. 5c where an acoustical short circuit occurs 
at the location of speaker 1. Making use of the algebraic algorithm 9 , 

; Y 
VR 1 	—0i 	 (20) 

Zspi  

Vea2, the contribution to the volume velocity through Z e  (Fig. 6a), can be evaluated in a 
manner similar to veal . It has been found that ;2, the total impedance faced by the auxil- 
iary source speaker 2 in Fig. 6a, is given by 

(2 = Zsa 	VR° 	 (21) 
VR w2 
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FIG. 
6.a. The system with only the second speaker of the auxiliary source active; b. the system of Fig. 6a without 

speaker 2 for definition of velocity ratio VR2 a 
v,p1/v,w2; c. the system of Fig. 6a with an acoustical short circuit at 

the location of speaker 2 for definition of the velocity ratio VR2 
S VspilV2- 

where VR 2  is the velocity ratio defined in Fig. 6b [cf. eqn (15) and Fig. 5b] and that 

(22)V ea2 = V sa —vR 2 7 

VRo 
Where VR 2 

 is the velocity ratio defined in Fig 6c, which is indeed Fig. 6a with the 
speaker 2 branch short-circuited. Again, making use of the algebraic algorithm 9 , 

Y 	 Y 	r 	/72 
---- Sa  Ci — Sa  Si ± i — Sa  Ci ± j —I—  Ca  Si — 	Sa S i 	(23) Zni 	 Zvi 	Zvi 	Zes.a Zspi  

lei  in (19) and Fig. 54 

Por perfect tuning required for complete cancellation, total pressure across 4 must be zero, which requires 
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Pe = VeZe = (V ep + V eal V ea2)Ze = 0 	 (24) 

or 
Vep ± Veal +  Vea2 =0. 	 (25) 

Substituting expressions (7), (19) and (22) for v ep, veal and V ea21 respectively, into eqn 
(25) yields 

Vspi 4. vso  VR 1 + V sa  VR2 = O. 	 (26) 

Thus, for a system with a two-speaker auxiliary source, the required value of v u, is given 
by 

V spi 
V = 	 (27) SR VR +VR2 

4. Generalization to a multi-speaker system 

It may be recalled here that Fig. 2a for a single-speaker auxiliary source is identically 
similar to Fig. 5c, and eqns (4), (19) and (20) yield 

VSp 
1  sa,1 =

VRI 	
(28) 

Formal similarity of eqns (27) and (28) leads to the following generalization for an n- 
speaker system. 

Vspi 
V sa,n = 	 (29) 

VR I +VR 2 +...+'VR n  

An insight into the physics of the active noise control system can be had by rewriting 
eqn (29) as 

1 (30) 
V min 	V I  V2 	V • 	o  

where vi  is the volume velocity that would be produced by the primary source at the ith 
speaker junction if there was an acoustical short circuit (zero impedance) at that junc- 
tion, while all other speakers constituting the auxiliary source are inactive with their 
internal impedance zsa  in position (see Figs 5c and 6c for illustration). 

The advantage of using n identical, equi-spaced loudspeakers instead of a single 
speaker for the auxiliary source, can be measured in terms of an advantage factor AF 
that can be calculated from eqns (28) and (29): 

AF = Vsail  = 1 +
VR 

 + 	+...+ 	 (31) 
Vsam 	VR I VR 1 	V121 
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L. 	 La 	 v3 

Z sa  I 	 !Zs° 

FIG. 1. The electrical analogous circuit for a three-speaker auxiliary source system with short circuit at the third 
speaker for definition of the velocity ratio VR3 v,p i/v3. 

If the near-field effects were negligible, as has been assumed here, then ideally the ad- 
vantage factor with n speakers should be equal to n, which would be achieved if all n 
speakers were located at the same cross-section (distributed around the periphery of the 
duct), or feeding in at the same cross-section, because then VR2 = VR3 = =VRn = VRi. 

For the special case of an anechoic primary source (Zvi  = n, it can be shown that 
VR 1  is a common factor of VR 2, VR3 , ..., VRn . For example, eqns (20) and (23) yield 

VR 
I im 	 —S. + j S.. 	 (32) 

	

VR 	Zs. 

Similarly, writing out VR 3  by means of the algebraic algorithm9, it is seen that VR 3  (Fig. 
7) too is divisible by VR 1  and 

VR 3 	2 	YY
2 

2 Y 
liEn  2 

= Ca  j3— S.C. – S.2  i- j2, S.C. – 	– 	S. . 	(33) 
40  —Of NTR 	Zso 	 Zsa 	Zsa 

Thus, VR2NRI, VR3NRI, 	VRIVR I , and thence the advantage factor AF, for an- 
echoic primary source, turns out to be independent of 1, the axial distance between the 
input microphone and the first speaker. 

Incidentally, it may be checked from eqns (32) and (33) that if / a  and hence Ida  
tended to zero, then AF would tend to n. 

Logically, this should hold within reasonable tolerances when kla  is small enough but 
not necessarily tending to zero. Permissible range of values for klci  is obtained hereunder 
by evaluating the advantage factor for typical loudspeakers. 

5. Results and discussion 

The foregoing analysis suggests that the total impedance faced by the ith auxiliary 
source speaker is given by 

Zsa 
VRo 	 (34) 
VR 

"ereVR0 is the velocity ratio of the total system as defined in Fig. 4c, VR i , the veloc- 
ity ratio of the system without the ith speaker branch as illustrated in Figs 5b and 6b for 
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the first and second speakers, respectively, and Z„ is the internal impedance of the 
speaker as manifested at the junction looking in from the main duct. 

It is also now clear that contribution of the ith speaker to the volume velocity through 
the acoustic load Ze  at the last (nth) speaker junction is given by 

VR 
V eai = V sa 	  

VR o 	
(35) 

where VR, is the velocity ratio of the system with an acoustical short circuit at the ith 

speaker, and vsa =Pstass,, is the volume velocity of the speaker at the junction against 
zero impedance. 

Figure 8 shows the configuration of a typical speaker attached to the main duct as an 
auxiliary source or as one of the speakers thereof. Alongside is shown its electrical 
analogous circuit. Z„, the impedance of the inactive speaker looking in from the main 
duct side may be calculated making use of Small's generalization of Beranek's theory' 
(Appendix II), which also gives geometrical and electroacoustical kletails of the system. 
A stretched membrane is provided to protect the speaker from the heat and corrosion due 
to gases in the main duct. It has been modelled in Appendix II as an inertance. 

Assuming the primary source to be anechoic, advantage levels defined as 

AL = 20 log io  (AF) 
	

(36) 

were computed from eqns (31), (32), (33) and (36) for a two- and a three-speaker auxil- 
iary source systems, with / a , the inter-speaker distance as 0.18 m (Fig. 9). 

It may be observed from Fig. 9 that up to a certain frequency the advantage level for 
the two-speaker system is about 6 dB (corresponding to AF = 2) and that for the three- 
speaker system is about 10 dB (corresponding to AF = 3). Beyond this frequency the ad- 
vantage level falls owing to the mutual interference due to increased phase differences 

Main  duct 

L i st  I 	'Stub 

V3  

V2  

Vo tlime 

Protective membrane 

FIG. 8. Line sketch of a speaker attached to the main duct. Z,0  is the impedance of the inactive speaker as seen 
from the main duct side. 
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Phase argument 	kla 
• In 

Frequency Hz 

FIG. 9. Advantage levels for two- (AL2) and three- 
speaker systems (AL3). 

represented by the argument kl a , as would indeed be expected from eqns (32) and (33) 
when read with identities (10). It may also be observed from Fig. 9 that the fall in AL 
due to interference is sharper for the three-speaker system (about 12 dB/octave) than for 
the two-speaker auxiliary source system (about 3 dB/octave). This is also reasonable be- 
cause the more the number of speakers constituting the auxiliary source the more sus- 
ceptible the system will be to the inter-speaker interference. 

A quantitative estimate can be obtained by noting that up to 2 dB of fall in AL occurs 
at f = 400 Hz for the two-speaker system, and f—  290 Hz for the three-speaker system. 
Values of the phase argument kla  corresponding to 400 and 290 Hz are 1.31 and 0.95, 
respectively. This information should help the designer in the choice of / a  for a given 
upper limit of the frequency of interest. 

6. Conclusions 

The foregoing investigation leads to the following general conclusions: 

(a) The standing wave analysis of an active noise control system in a duct with the 
auxiliary source consisting of several speakers can be done conveniently by means of the 
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concept of velocity ratio 8  and the algebraic algorithm 9 . The electroacoustic analogies 
come in handy for the purpose. 

(b) The vsa  requirement of each of the rz speakers constituting auxiliary source is 
given by eqn (29) or (30), which incidentally gives an insight into the physics of the ac- 
tive noise control system as a velocity cancellation system. 

(c) The maximum distance / a  between two consecutive speakers for the highest fre- 

quency of interest is given by kla  = 1.31 for a two-speaker auxiliary source, and 

kla  = 0.95 for a three-speaker auxiliary source. These values however suffer from a basic 
limitation of the plane wave analysis which neglects near-field or three-dimensional ef- 
fects 3 4 4 . 
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Appendix I 
• 

Nomenclature 

c : sound speed 

C : cosine function [defined in eqn (10)) 

Ii : transfer function psjp i  

k : wave number, oft 

: length 
p : acoustic pressure 
S : area of cross-section; sine function (defined in eqn (10)) 
v : acoustic volume velocity 
VR : velocity ratio [defined in eqn (8)] 
Y : characteristic impedance, pc/S 
Z : acoustic impedance of an element or at a point 

p : density 
equivalent acoustic impedance of a subsystem at a point upstream 

Subscripts 

a : auxiliary (source); contribution of the auxiliary source 
d : downstream 
e : at or next to the error microphone location 
i : at or next to the input microphone location 
L : left-hand side 
o : radiation point; original (unmodified) system 
p : primary (source); contribution of the primary source 
R : right-hand side 
$ : source 
u : upstream 
wi : without the ith speaker branch 
I : relevant to the auxiliary source speaker 1 
2 : relevant to the auxiliary source speaker 2 

Appendix II 

Details of the system of Fig. 9 

Primary source is assumed to be anechoic so that Zvi  = 	= Y = pc/S 
1.2 kg/m 3 , c = 333.3 mls, pipe diameter, d = 0.054 m, S = d2  

Distance between the input microphone and the nearest speaker, / i  = 2.0 m 
Axial distance between centreline of two consecutive speakers, 4, = 0.18 m 

Loudspeaker details 

M_ echanical mass of the diaphragm, Al Ind = 0.013 kg 
Mechanical compliance of the suspension, C., = 0.0007 m/N 
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Mechanical resistance of the suspension, R ms  = 0.52 mech.ohm 
Area of cross-section of the diaphragm, Sd = 0.0142 m2  
Product of the magnetic flux density and length of the wound 
131 = 7.3 N/amp. 
Electrical resistance of the moving coil, Re = 3 
Electrical inductance of the moving coil, Le  = 1.23 mH 
Mass of the protective membrane, Alm = 0.022 kg 
Cross-sectional area of the membrane, S n, = 0.032 m2  
Port or stub cross-sectional area, S„ = 0.00083 m 2  
Port of stub length, /„ = 0.2 in 
Volume V1  = 0.00268 m 3  
Volume V2 = 0.00092 m 3  
Volume V3 = 0.00225 m 3  

wire in the moving coil, 

Evaluation of Z sa  

Zs°, the acoustic impedance of the inactive speaker as seen from the main duct side (see 
Fig. 8), may be evaluated as follows 5"6  

cosfris, + jYst  sin(k/s.,) 
?cc, = 	zst  

j 	sin(k/s,)+ cos(k/ st 

where 

Yst = pc/S„ 

=  (Zs + Zm )Zb3  
sa 	+ 	+ Zb3  

zm  =i co mmis„,2  

{Z„ (0) + v&in  jaiLn  
Zsta  = 	  

Zsa  (0) ± jeci mn 	jwCIAB2  

VI CAB' --2-- 

PC 

VI 
C  AB2 — —2-  

Pc 

	

Sd)2 	 1  
Zsa (0) = 	 a 141  AS + RAS 

	

OIL e  R, 	 JaCAs 

MAS =  Mmdl Sd2  

RAs = R msad2  

C As = Crnsad2 


