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A weekly fact about Salford

Did you know...

• Salford as a settlement dates back to the Early Middle Ages originally named

Sealhford, meaning ”ford by the willows”. In the Domesday Book of 1086 the

Hundred of Salford was recorded as covering an area of 350 square miles (906 km2)

with a population of 35,000. Manchester was recorded as within the hundred of

Salford.
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What are we covering today?

1. Sealed cabinet equivalent circuit

2. Sealed cabinet analysis

3. Sealed cabinet design: choosing an alignment

4. Sealed cabinet geometry

5. Cabinet damping
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Sealed cabinet equivalent circuit



Sealed cabinet loudspeaker: the OG

• We are ready to consider our first practical

loudspeaker system - the sealed cabinet

• Infinite baffle is impractical to make... Can

be approximated by a large sealed cabinet.

• 1944 - ‘Invented’ in by Olsen and Preston

• 1950s - Became popular in Hi-Fi

• 1972 - R. Small publishes papers on how to

design a sealed cabinet ( , )

CAB, MAB,RAB

MAD, CAD, RAD

MAf,b, RAf,b

UD

Figure 1: Sealed cabinet loudspeaker.

• We want to use equivalent circuit theory to design a sealed cabinet...
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Closed-Box Loudspeaker Systems
Part I: Analysis


RICHARD H. SMALL


School o/ Electrical Engineering, The University of Sydney
Sydney, N.S.W. 2006, Australia


The closed-box loudspeaker system is effectively a second-order (12 dB/octave cutoff)
high-pass filter. Its low-frequency response is controlled by two fundamental system
parameters: resonance frequency and total damping. Further analysis reveals that the
system electroacoustic reference efficiency is quantitatively related to system resonance
frequency, the portion of total damping contributed by electromagnetic coupling, and
total system compliance; for air-suspension systems, efficiency therefore effectively de-
pends on frequency response and enclosure size. System acoustic power capacity is
found to be fundamentally dependent on frequency response and the volume of air that
can be displaced by the driver diaphragm; it may also be limited by enclosure size.
Measurement of voice-coil impedance and other mechanical properties provides basic
parameter data from which the important low-frequency performance capabilities of a
system may be evaluated.


GLOSSARY OF SYMBOLS k, displacement constant
ky power rating constant


B magnetic flux density in driver air gap k_ efficiency constant
c ve!ocity of sound in air (= 345 m/s) l length of voice-coil conductor in magnetic gap
CAr acoustic compliance of air in enclosure Lc__ electrical inductance representing total system
CAs acoustic compliance of driver suspension compliance (=CATB212/Si>2)
CAT total acoustic compliance of driver and en-


closure MAc acoustic mass of driver in enclosure including
air load


CuEe electrical capacitance representing moving mass
of system (=MAcSo2/B2I 2) MAs acoustic mass of driver diaphragm assembly in-


eg open-circuit output voltage of source (Thevenin's eluding air load
equivalent generator for amplifier output port) PAa displacement-limited acoustic power rating


J natural frequency variable P_a displacement-limited electrical power rating
[o resonffnce frequency of closed-box system Pmn_a×) thermally-limited maximum input power
ic_ resonance frequency of driver in closed, unfilled, Q ratio of reactance to resistance (series circuit) or


unlinedtest enclosure resistanceto reactance (parallelcircuit)


Is resonance frequency of unenclosed driver Q_e Q of system at [o considering electrical resistance
G (s) response 'function R_ only
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QEs Q of driver at Is considering electrical resistance controversy, and the fundamental validity of the air-
Rr only suspension approach has been amply proved by its


QMe Q of system at/e considering system non-elec- proliferation.
trical resistances only


QMs Q of driver at fs considering driver non-electrical Technical Background
resistances only


Q_e total Q of system at/c including all system resis- Closed-box loudspeaker systems are the simplest of all
tances loudspeakersystemsusing an enclosure,both in con-


QTeo value of Q're with Rg = 0 struction and in analysis. In essence, they consist of an
QTs total Q of driver at ]s considering all driver re- enclosure or box which is completely dosed and air-


sistances tight except for a singleaperture in which the driver
is mounted.


RAB acoustic resistance of enclosure losses caused by
internal energy absorption The low-frequency output of a direct-radiator loud-


RAs acoustic resistance of driver suspension losses speaker system is completely described by the acoustic
R_ dc resistance of driver voice coil volume velocity crossing the enclosure boundaries [12].


For the closed-box .system, this volume velocity is entirelyREs electrical resistance representing driver suspen-
sion losses (=B212/SD2RAs) the result of motion of the driver cone, and the analysis


is relatively simple.Rg output resistance of source (Thevenin's equiv-
Traditional closed-box systems are made large so thatalent resistance for amplifier output port)


s complex frequency variable (=o,+ jo0) the acoustic compliance of the enclosed air is greater
SD effective surface area of driver diaphragm than that of the driver suspension. The resonance fre-
T time constant (= 1/2_r/) quency of the driver in the enclosure, i.e., of the system,
Uo system output volume velocity is thus determined essentially by the driver compliance
VAB volume of air having same acoustic compliance and moving mass.


as air in enclosure (=poC2CAB) The air-suspension principle reverses the relative im-
VAs volume of air having same acoustic compliance portance of the air and driver compliances. The driver


as driver suspension (=poc2CAs) compliance is made very large so that the resonance
VAT total system compliance expressed as equivalent frequency of the system is controlled by the much


smaller compliance of the air in the enclosure in cum-
volume of air (=poC2CAT) bination with the driver moving mass. The significanceVB net internal volume of enclosure


of this difference goes beyond the smaller enclosure sizeVD peak displacement volume of driver diaphragm
(=SDXmax) or any related performance improvements; it demon-


strates .forcibly that the loudspeaker driver and its en-Xmax peak linear displacement of driver diaphragm
X(s) displacement function closure cannot be designed and manufactured inde-
Zvc(s) voice-coil impedance function pendently of each other but must be treated as an in-
a compliance ratio (=CAs/CA_) separable system.


In this paper, closed-box systems are examined usingy_ ratio of specific heat at constant pressure to that
the approach described in [12]. The analysis is limited toat constant volume for air in enclosure


'1o reference efficiency the low-frequency region where the driver acts as a
piston (i.e., the wavelength of sound is longer than thePo density of air (= 1.18 kg/m a)


co radian frequency variable (=2*r[) driver diaphragm circumference) and the enclosure is
active in controlling the system behavior.


The results of the analysis show that the important low-
1. INTRODUCTION frequency performance characteristics of closed-box sys-


Historical Background tems of both conventional and air-suspension type are
directly related to a small number of basic and easily-


The theoretical prototype of the closed-box loud- measured system parameters.
speaker system is a driver mounted in an enclosure large The analytical relationships impose definite quantita-
enough to act as an infinite baffle [1, Chap. 7]. This type tive limits on both small-signal and large-signal per-
of system was used quite commonly until the middle of formance of a system but, at the same time, show how
this century, these limitsmaybe approachedby carefulsystemadjust-


The concept of the modern air-suspension loudspeaker
system was established in a U.S. patent application of RAS MAC C;AS
1944 by Olson and Preston [2], [3], but the system w_ _v_ t'q_ Il
not widely introduced until high-fidelity sound reproduc-


tion became popular in the 1950's. B21.2 U0
A compact air-suspension loudspeaker system for high-


fidelity reproduction was described by Villchur [4] in (Rg+RE)SD-


1954. Several more papers [5], [6], [7] set out the basic egBL RABprinciple of operation but caused a spirited public con-


troversy [8], [9], [10]. Unfortunately, some of the con- (Rg+RE)SD -r CAB
fusionestablishedat the time still remains,particularly !
with regard to the purpose and effect of materials used /


to fill the enclosure interior. A recent attempt to dispell Fig. l. Acoustical analogous circuit of closed-box loud-
this confusion [11] seems to have reduced the level of speaker system (impedance analogy).
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RATC MAC CAT The electrical equivalent circuit of the closed-box sys-
,_ _ I( tem is formed by taking the dual of the acoustic circuit


of Fig. 1 and converting each element to its electrical
equivalent [1, Chapter 31. Simplification of this circuit by
combining elements of like type results in the simplified


) egB[ electrical equivalent circuit of Fig. 3. This circuit is ar-
(Rg+RE)SD U0 ranged so that the actual voice-coil terminals are avail-able.In Fig.3, the symbolsare givenby


CME e ---- M AcSDe/B2I 2, (3)


LCE T ---- CATB212/SD 2, (4)


Fig. 2. Simplified acoustical analogous circuit of closed-box
B2l2


loudspeaker system. REc = . (5)
(RAB + R^s) S_ s


merit. The same relationships lead directly to methods


of synthesis (system design) which are free of trial-and- The circuits presented above are valid only for fre-
error procedures and to simple methods for evaluating quencies within the driver piston range; the circuit ele-
and specifying system performance at low frequencies, ments are assumed to have values which are independent


of frequency within this range. As discussed in [12], the


2. BASIC ANALYSIS effects of the voice-coil inductance and the resistance of
the radiation load are neglected.


The impedance-type acoustical analogous circuit of To simplify the analysis of the system and the inter-
the closed-box system is well known and is presented in pretation of its describing functions, the following sys-
Fig. 1. In this circuit, the symbols are defined as follows. tern parameters are defined.


B Magnetic flux density in driver air gap. eec ( = 2_r/c) Resonance frequency of system, given
l Length of voice-coil conductor in magnetic field of by


air gap. 1/coJ = Tc s = CATMAe = C._EeLeET. (6)
eg Open-circuit output voltage of source.
Rg Output resistance of source. Qam Q of system at/c considering non-electrical re-
RB Dc resistance of driver voice coil. sistances only, given by


SD Effective projected surface area of driver dia- Qaie _-' (°cCMEcREc' (7)
phragm.


RAS Acoustic resistance of driver suspension losses. QJ_o Q of system at/c considering electrical resis-
MAc Acoustic mass of driver diaphragm assembly in- tance R_ only, given by ,


cluding voice coil and air load. QEc = c°cC_EcRF' (8)


Cas Acoustic compliance of driver suspension.
RAB Acoustic resistance of enclosure losses caused by QTeo Total Q of system at/c when driven by source


internal energy absorption, resistance of Rg = 0, given by


CAB Acoustic compliance of air in enclosure. QTco = QEeQMe./(QEe + Q._lc). (9)


Uo Output volume velocity of system. QTO Total Q of system at/c including all system re-


By combining series elements of like type, this circuit sistances, given by


can be simplified to that of Fig. 2. The total system QTe = 1/(_°cCA_R_,TO). (10)
acoustic compliance CAT is given by


a System compliance ratio, given by
CAT = CABCAs/(CAn + CAs), (1)


a = CAs/CAB. (1 1)
and the total system resistance, RATe, is given by


If the system driver is mounted on a baffle which pro-
B212 vides the same total air-load mass as the system eh-


RATe ---- RAB -[- RAS + (2)
(Ra+RB)So2 closure, the driver parameters defined in [12, eqs. (12),


(13) and (14)] become


Rg RE Ts 2 = 1/cos 2 = CAsMAc, (12)


QEs = c°sC_meRB, (14)


CMEC keET REC where REs = Bel2/SD2RAs is an electrical resistance rep-
_ eg resenting the _driver suspension losses. The driver com-


pliance equivalent volume is unaffected by air-load mass-
es and is in every case [12, eq. (15)]


-"---: VAS = poC2CAs, (15)


Fig. 3. Simplified electrical equivalent'circuit of closed-box
loudspeaker system, where Po is the density of air (1.18 kg/m a) and c is the
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CLOSED-BOX LOUDSPEAKER SYSTEMS--PART I: ANALYSIS


The frequency response IG(]oJ)[ of the closed-box sys-


+6 // -,K-QTC= 2.0 tem is examined in the appendix. Several typical response


____ curves are illustrated in Fig. 4 with the frequency scalem /Z -- normalized to _oc. The curve for Q_e = 0.50 is a second-


13 0 _}tf _,,_%_ order critically-damped alignment; that for QTe = 0.71...2' (i.e., 1/¥ 2 ) is a second-order Butterworth (B2) maxi-


_---,-6 /]/if _r _ 1.0 mally-flat alignment. Higher values of QTc lead tea peak
_// ,/_ ..__.---'-- 0.71 in the response, accompanied by a relative extension of


-- -------0.50 bandwidth which initially is greater than the relative
iV/ response peak. For large values of QTc, however, the


-12 ._,/ response peak continues to increase without any signifi-
cant extension of bandwidth. Technically, these responses


.5 .7' 1 1.4 2 4 8 for Ql'c greater than 1/¥2-are second-order Chebyshev
UJ/UJ C (C2) equal-ripple alignments.


Whatever response shape may be considered optimum,
Fig. 4. Normalized amplitude vs normalized frequency re-


sponse of closed-box loudspeaker system for several values Fig. 4 indicates the value of QTc required to achieve this
of total system Q. alignment and the variation in response shape that will


result if Q'rc is altered, i.e., misaligned, from the re-


velocity of sound in air (345 m/s). In this paper, the quired value. For intermediate values of QTc not in-
general driver parameters/s (or Ts), QMs and Qws will eluded in Fig. 4, Fig. 5 gives normalized values of the
be understood to have the above values unless otherwise response peak magnitude [G(jco)lm._, the normalized ftc-
specified, quency/ama._//c at which this peak occurs, and the nor-


Comparing (1), (6), (8), (11), (12) and (14), the malized cutoff (half-power) frequency /a/fe for which
following important relationships between the system and the response is 3 dB below passband level. The analytical


driver parameters are evident: expressions for the quantities plotted in Fig. 5 are given


C_ts/CAx = a q- 1, (16) in the appendix.


/c/Is = Ts/Te = (a+ 1)¼, (17) Transient Response


QEc/Qns = (a + 1)V_. (18) The response of the closed-box system to a step input


Following the method of [12], analysis of the circuits is plotted in Fig. 6 for several values of QTc; the time
of Figs. 2 and 3 and substitution of the parameters de- scale is normalized to the periodic time of the system


fined above yields the system response function resonance frequency. For values of QTC greater than 0.50,
the response is oscillatory with increasing values of QTc


$27c2 contributing increasing amplitude and decay time [13].
G(s) = , (19)


s2Tc 2 "{-SIc/Qec + 1


the diaphragm displacement function 2.0


i
X(s) = , (20)


s27c2 -Jo'sTc/QT C "{-1


the displacement constant . x_'hX_x/t._'SN_Kx'


kx: 1/(_+ 1), (21) 1.5 _'J\ _ f_


and thevoice-coilimpedancefunction _N/'_


sTc/Q'_le , (22)
Zvc(s) _---RE "{-REC seTc 2 "{-sTc/Q_ m q- 1 1.0


where s = o- + jo0 is the complex 'frequency variable. _ /'"_


3. RESPONSE _ f3/f c


Frequency Response 0.5


The response function of the closed-box system is aX/lC c
given by (19). This is a second-order (12 dB/octave
cutoff) high-pass filter function; it contains information


about the low-frequency amplitude, phase, delay and 0
transient response characteristics of the closed-box sys-
tem [13]. Because the system is minimum-phase, these 0.5 1.0 1.5 2.0


characteristics are interrelated; adjustment of one deter- Q TC
mines the others. In audio systems, the flatness and extent


of the steady-state amplitude-rs-frequency response---or Fig. 5. Normalized cutoff frequency, and normalized ftc-
simply frequency response--is usually considered to be quency and magnitude of response and displacement peaks,as a function of total Q for the closed-box loudspeaker
of greatestimportance, system.
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factors: k_(o) related to system losses, k_w ) related to
(ITC = 0.50 (ITC = 1.3 system compliances, and k_(o) related to the system re-


sponse. Thus
0


k_ = k_(o) k_(c) k_(_), (28)


· where


k_(c) = Vx_/VB, (30)


4rr2 1 (31 )
k_(s) = c3 (fa/fc)aQTc


,._TC" Modern amplifiers are designed to have a very low
output-port (Thevenin) impedance so that, for practical


, ', , purposes, Rg = 0. The value of QTc for any system used
0 1 2 3 4 0 1 2 3 4. with such an amplifier is then equal to QTeo as given


t/2xTc t/2:rrTc by (9). Equation (29) then reduces to


Fig. 6. Normalized step response of the closed-box loud- k_(o) = Qrco/QEe = 1 -(QTco/QMo). (32)
speaker system.


This expression has a limiting value of unity, but will


4. EFFICIENCY approach this value only when mechanical losses in the


Reference Efficiency system are negligible (Q_m infinite) and all required
damping is therefore provided by electromagnetic coup-


The closed-box system efficiency in the passband re- ling (QEe -----QTco).


gion, or system reference efficiency, is the reference cf- The value of k,(o) ,for typical closed-box systems
ficiency of the driver operating with the particular value varies from about 0.5 to 0.9. Low values usually result
of air-load mass provided by the system enclosure. From from the deliberate use of mechanical or acoustical dis-


[12, eq. (32)], this is sipation, either to ensure adequate damping of diaphragm


4_r2 ]sa VAs or suspension resonances at higher frequencies, or to
Ye -- -- --, (23) conserve magnetic material and therefore cost.


C3 QES


where rs, Qr_s and VAS have the values given in (12), Compliance Factor
(14) and (15). This expression may be rewritten in Equation (30) may be expanded to
terms of the system parameters defined in section 2.


Using (16), (17) and (18), k_(c) -- CAT VA_, (33)


4z-2 fc 3 VAT CAn VB


ye= --, (24) where
ca QEC


where Van ----poc2Ca_ (34)


VAT = poc2CA_ (25) is a volume of air having an acoustic compliance equal
to Cab.


is a volume of air having the same total acoustic com- There is an important difference between VB, the net
pliance as the driver suspension and enclosure acting internal volume of the enclosure, and VAn, a volume of
together. For SI units, the value of 4_r2/c a is 9.64 × 10 -v. air which represents the acoustic compliance of the en-


closure. If the enclosure contains only air under adiabatic


Efficiency Factors conditions, i.e., no lining or filling materials, then VA_


Equation (24) may be written is equal to VB. But i'f the enclosure does contain such
materials, Van is larger than VB. The increase in VAB is


Ye = kdaavB, (26) inversely proportional to the change in the value of y,
the ratio of specific heat at constant pressure to that at


where constant volumefor the air in the enclosure.This has a


]s is the cutoff (half-power or --3 dB) fre- value of 1.4 for the empty enclosure and decreases
toward unity if the enclosure is filled with a low-density


quency of the system,
material of high specific heat [1, p. 220]. Equation (33)


VB is the net internal volume of the system en- may then be simplified to
closure,


a 1.4
k_ is an efficiency constant given by k_(c) =- , (35)


47r2 fc a VA_ 1 a+l YR
-- . (27)


k_ -- ca ]3 a Vn Qgc where yB is the value of y applicable to the enclosure.
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CLOSED-BOXLOUDSPEAKERSYSTEMS--PARTh ANALYSIS


to exceed unity. The effects of filling materials are dis-


2.0 _ cussedfurtherin section7.


__ Response FactorThe value of k_(a) in (31) depends only on QTo be-
1.5 cause (fa/fo) is a function of QTe as shown in Fig. 5


k.q(6) and (75) of the appendix. Fig. 7 is a plot of k_(o) vs


10-6 Qfc. Just above QTe = 1.1, k,7(a)has a maximum value
1.0 of 2.0 × 10-°. This value of QTc corresponds to a C2


alignment with a ripple or passband peak of 1.9 dB. Com-
pared to the B2 alignment having the same bandwidth,
this alignment is 1.8 dB more efficient.


0.5
Maximum Reference Efficiency, Bandwidth,


0.5 1.0 1.5 2.0 and Enclosure Volume


QTC Selecting the value of k,(a) for the maximum-efficiency


Fig. 7. Response factor k,(a) as a function of total Q for C2 alignment, and taking unity as the maximum attain-
the closed-box loudspeaker system, able value of k_(o)k,(c_, the maximum reference effici-


ency Vormax)that could be expected from an idealized
closed-box system for specified values of fa and V_ is,


For "empty" enclosures, (35) has a limiting value of from (26) and (28),
unity for _ >> 1. Air-suspension systems usually have
values between 3 and I0. %( .... ) = 2.0X 10-Cfa a VB, (36)


If the enclosure is filled, the 1.4/y 2 term exceeds unity, where fa is in Hz and VB is in ma. This relationship is
but two interactions occur. First, because the filling mate- illustrated in Fig. 8, with V_ (given here in cubic deci-
rial increases CAB, the value of a is lower than for the meters--1 dma = 1 liter = 10-am a) plotted against fa
empty enclosure. Second, the addition of the material for various values of %(m_×)expressed in percent.
increases energy absorption within the enclosure, de- Figure 8 represents the physical efficiency-bandwidth-
creasing Q_m and therefore reducing the value of k_(o_ volume limitation of closed-box system design. Any sys-
in (32). tern having given values of fa and VR must always have


With proper selection of the amount, kind, and location an actual reference efficiency lower than the value of
of filling material, the net product of k_(o) and k_(o) in- _o(m._×)given by Fig. 8. Similarly, a system of specified
creases compared to the empty enclosure condition, but efficiency and volume must have a cutoff frequency
the increase is seldom more than about 15%. Hap- higher than that indicated by Fig. 8, etc. These basic re-
hazard addition of unselected materials may even reduce lationships have been known on a qualitative basis for
the product of these factors. Although theoretically pos- years (see, e.g., /liD. An independently derived presen-
sible, it is extremely unusual in practice for this product tation of the important quantitative limitation was given


recently by Finegan [14].
There are two known methods of circumventing the


_ _kN-_ · · , 16 physical limitation imposed by (36)or Fig. 8. One is


the stabilized negative-spring principle [15] which enables
320 VAr to be made much larger than VB but requires addi-


8 tional design complexity. The other is the use of ampli-


_ _ k k _ _ !'_ fier assistance which extends response with the aid of
160 X X _ k _ _ _o_ equalizing networks or special feedback techniques [16].x x ! The secondmethod requiresadditionalamplifierpower


k k k _ 4 in the region of extended response and a driver capable
80' _ _ _ I1_._ VB of dissipating the extra power.


k _O_k_O_ ,_._ _ The actual reference efficiency of any practical sys-
VB 2 tem maybe evaluateddirectlyfrom (24) if the values


40 _ ft 3 of/c, Qv_cand Vae are known or are measured. For air-
kkO._o_-'_?t _ _ _ _ suspension systems, especially those using filling mate-


d_3 '_ kk' 3 k_ rials' Vxx is °ften very nearly equal t° Vm20 _ .5 Efficiency-Bandwidth-Volume Exchange


,0 k '_. k _ _ _, _ [ The relationship between reference efficiency, band-width, and enclosure volume indicated by (26) and il-
_ [ _ _ _ _ .25 lustrated for maximum-efficiency conditions in Fig. 8


10 20 30 40 60 80 100 implies that these system specifications can be exchanged
f3' Hz one for another if the factors determining k_ remain


constant. Thus if the system is made larger, the param-
Fig. 8. The relationship of maximum reference efficiency


to cutoff frequency and enclosure volume for the closed-box eters may be adjusted to give greater efficiency or ex-
loudspeakersystem, tended bandwidth. Similarly,if the cutoff frequency is
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Power Output, Bandwidth, and


*+6 j/-___QTC=2_..,_ Displacement Volume


x_m 0 --_'_x'_-"- 1.4 Equation (39) may be rewrkten as
_N_ 1.0 P^mcm = kc/a4 VD2, (40)


._-- -6 _X___'_-_ ( 71 where kp is a power rating constant given by
"qxXk-o.5o 1


-12 _'_i kp -- . (41)
x _ c (/:d/c)4 [x(j_,)l.....2


.25 ,5 .7 1 1.4 2 The acoustic power rating of a system having a specified
cutoff ,frequency fa and a driver displacement volume VD


W/Wc is thus a function of kp; and kp is solely a function of
Fig. 9. Normalized diaphragm displacement of closed-box Qu'c as shown by (75) and (78) of the appendix.


system driver as a function of normalized frequency for The variation of ke with Q_c is plotted in Fig. 10. A
several values of total system Q. maximum value occurs for QTc very close to 1.1. This


raised, the parameters may be adjusted to give higher is practically the same 1.9 dB ripple C2 alignment that
gives maximum efficiency. For this condition, (40)


efficiencyor a smallerenclosure, becomes
If the value of k, is increased, by reducing mechanical


losses, by adding filling material, by increasing _, or by PAmela)max= 0.85/._4 VD2, (42)
changing the response shape, the benefit may be taken
in the form of smaller size, or higher efficiency, or ex- where P.xa is in watts .for fa in Hz and VD in m3.
tended bandwidth, or a combination of these. Each Equation (42) is illustrated in Fig. 11. PAR is ex-
choice requires a specific adjustment of the enclosure pressed in both watts (left scale) and equivalent SPL at
or driver parameters, one meter [1, p. 14] for 2,r steradian free-field radiation


conditions (right scale); this is plotted as a function of
5. DISPLACEMENT-LIMITED POWER RATINGS f3 for various values of VD. The SPL at one meter given


on the right-hand scale is a rough indication of the level
Displacement Function produced in the reverberant field of an average listening


The closed-box system displacement function given by room for a radiated acoustic power given by the left-hand
(20) is a second-order low-pass filter function. The scale [1, p. 318].
properties of this function are examined in the appendix. Figure 1l represents the physical large-signal limitation


The normalized diaphragm displacement magnitude of closed-box system design. It may be used to determine
iX(b0) 1 is plotted in Fig. 9 with frequency normalized the optimum performance tradeoffs (PAR VS f3) 'for a
to to_ for several values of QTc. The curves are exact given diaphragm and voice-coil design or to find the
mirror images of those of Fig. 4. For intermediate values minimum value of VD which is required to meet a given
of Qrc, Fig. 5 gives normalized values of the displace- specification of [3 and PA_. The techniques noted earlier
ment peak magnitude JX(i_0)[ and the normalized fre- which may be used to overcome the small-signal limita-
quency fXmax/fC at which this peak occurs. Analytical tion of Fig. 8 do not affect the large-signal limitation
expressions for these quantities are given in the appendix, imposed by Fig. 11.


,Acoustic Power Rating 1.0
Assuming linear large-signal diaphragm displacement,


the steady-state displacement-limited acoustic power rat-


ing P_ of a loudspeaker system, from [12, eq. (42)], is
0.75


pA_ - __4_raP° fs4VD 2 (37) kp %c k? jX(jo,)[m_?'


where VD is the peak displacement volume of the driver 0.5
diaphragm, given by


VD = SDx...... (38)


and Xm_xis the peak linear displacement of the driver 0.25
diaphragm, usually set by the amount of voice-coil over-
hang. Substituting (17) and (21) into (37), the steady-
state displacement-limited acoustic power rating of the
closed-boxsystembecomes 0 0.5 1.0 1.5 2.0


4_po I°4 VD2 QT CP^R(CB) =- . (39)
c ix(/_o)].....2


Fig. 10. Power rating constant k_.as a function of total Q
For SI units, the constant 4_rapo/Cis equal to 0.424. for the closed-box loudspeaker system.
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Power Output, Bandwidth, and 10 '5 / ]/ /' 120
Enclosure Volume _c,_,,/_ // /[,.


The displacement-limited power rating relationships 1 ,'t, / ex ./ /I --r IE


given above exhibit no dependence on enclosure volume, m , .re,q>_/, _-- , /I /_- 110 m z
For fixed response, it is the diaphragm displacement vol- _ , _' _ tnume VD that controls the system power rating. However, _ .1 lo


Vv cannot normally be made more that a few percent nr // / ebZO/2// 1-100"' '"
X


of VB; beyond this point, increases in VD resultin un- a.< // /_fT_ / //_ _ eaavoidable non-linear distortion, regardless of driver line- .01 -J
arity, caused by non-linear compression of the air in the / / ebb/


encl°sure [3], [10]. If Vo is limited t° afixed fracti°n __/_// 90 _ _
of V_, the fraction depending on the amount of distor- .001 I /{ 80
tion considered acceptable, then Fig. 11 may be re- l0 20 30 40 60 80 100labeled to show the minimum enclosure volume re-


quired to provide a given combination of fa and PAR for f3' HZ
the specified distortion level, as well as the required VD. Fig. 11. The relationship of rated acoustic output power to


cutoff ,frequency and driver displacement volume for a closed-
box loudspeaker system aligned to obtain maximum rated


Program Bandwidth power.


Figure 10 indicates that kp and hence the system
steady-state acoustic power rating decreases for values Also, displacement non-linearity for large signals tends
of Q,re below 1.1 if fa and V/_ are held constant. How- to increase PwR over the theoretical linear value. Thus
ever, it is clear from Fig. 5 that the frequency of maxi- a high input power rating is not necessarily a virtue; it
mum diaphragm displacement, /Xmax, is below fa for may only indicate a tow value of k, or a high distortion
Qmc < 1.1, and that as QTc decreases, fx .... moves limit.
further and further below fa. This suggests that the The overall electrical power rating which a manu-
steady-state rating becomes increasingly conservative, as facturer assigns to a loudspeaker system must take into
Qrc decreases, for loudspeaker systems operated with account both the displacement-limited power capacity of
program material having little energy content below f._. the system, PER, and the thermally-limited power capacity
The effect of restricted power bandwidth in most ampli- of the driver, PE(max), together with the spectral and
tiers further reduces the likelihood of reaching rated dis- statistical properties of the type of program material for
placement at fxm_×for these alignments [12, section 7]. which the rating will apply. The statistical properties of


For closed-box loudspeaker systems used for high- the signal are important in determining whether P_R or
fidelity music reproduction and having a cutoff frequency P_(m,×) will limit the overall power rating, because the
of about 40 Hz or less, or operated on speech only and overall rating sets the maximum safe continuous-power
having a cutoff frequency of about 100 Hz or less, an rating of the amplifier to be used. For reliability and
approximate program power rating is that given by (42) low distortion, the overall rating must never exceed P_R;
or Fig. 11 for any value of Q_e up to 1.1. Above this but it may be allowed to exceed P/_(max) in proportion
value, fxmax is within the system passband and the pro- to the peak-to-average power ratio of the intended pro-
gram rating is effectively the same as the steady-state gram material.
rating. The resultingsystemratingis importantwhenselect-


ing 'a loudspeaker system to operate with a given ampli-
Electrical Power Rating tier and vice-versa. But it must be remembered that the


electrical rating gives no clue to the acoustic power
The displacement-limited electrical and acoustic power capacity unless the reference efficiency is known.


ratings of a loudspeaker system are related by the sys-


tem reference efficiency [12, section 7]. Thus, if the 6. PARAMETER MEASUREMENT
acoustic power rating and reference efficiency of a sys-
tem are known, the corresponding electrical rating may It has been shown that the important small-signal and
be calculated as the ratio of these, large-signal performance characteristics of a closed-box


For the closed-box system, (24) and (39) give the loudspeaker system depend on a few basic parameters.
electrical power rating Pr.R as The ability to measure these basic parameters is thus a


useful tool, both for evaluating the performance of an


P_a(em = IfPsc2 /cQEe VD:_
VA_ [X(Jc°)lm_s (43) existing loudspeaker system and for checking the resultsof a new system design which is intended to meet spe-


cific performance criteria.The dependence of this rating on the important system


constants is more easily observed from the form obtained Small-Signal Parameters:
by dividing (40) by (26): fc, OMC, QEC, QTCO, a, VAT


-:---kP VD2 (44) The voice-coil impedance function of the closed-box:Pm_
k_f'_ VB system is given by (22). The steady-state magnitude


It is particularly important to realize that for a given IZve(Jo,)I of this function is plotted against normalized'
acoustic power capacity, the displacement-limited elec- frequency in Fig. 12.
trical power rating is inversely proportional to efficiency. The measured impedance curve of a closed-box sys-
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set of measurements is required. The filling material is


RE+REC /,_ . rC removed from the enclosure, or the driver is transferred


¢['_'1 i to a similar but unfilled test enclosure. For this com-
·_ bination, the resonance frequency fcT and the corres-


'_' pending Q values Q_eT and QECTare measured by the
9 .._N.N[ ' abovemethod.Then,as shownin [12, appendix],
{.J


>
-- V,_s = VB L /s---Q-_gs 1 , (50)


·RE 1 where VB is the net internal volume of the unfilled en-
closure used ( the system enclosure or test enclosure).


tog f--*' fl fc f2 Using (11), (15) and (34), Vz, for the filled system en-closure is then given by


Fig. 12. Magnitude of closed-box loudspeaker system voice- VA_ = VAS/a. (51)coil impedance as a function of frequency.
This value of VAB may now be used to evaluate VAT
using (49).


tern conforms closely to the shape of Fig. 12. This


impedance curve permits identification of the first four Large-Signal Parameters: PE(max)and VD
parameters as follows:


The measurement of driver thermal power capacity is
1) Measure the de voice-coil resistance R_. best left to manufacturers, who are familiar with the
2) Find the frequency fo at which the impedance required techniques [18, section 5.7] and are usually


has maximum magnitude and zero phase, i.e., quite happy to supply the information on request. Some
is resistive. Let the ratio of maximum im- estimate of thermal power capacity may often be ob-
pedance magnitude to RB be defined as re. tained from knowledge of voice-coil diameter and length,


3) Find the two frequencies /_ <fo and /2>lc the materials used, and the intended use of the
for which the impedance magnitude is equal driver [19].
to R_ ¥ rc. The driver displacement volume VD is the product of


4) Then, as in [12, appendix], SD and Xm._._-It is usually sufficient to evaluate SD by
-- estimating the effectivediaphragm diameter. Some manu-


QMe_ --,]°_re (45) facturers specify the "throw" of a driver, which is usually
/2--/'1 the peak-to-peak linear displacement, i.e., 2x,,_×. I_f this


QEe = QMe/(re - 1), (46) information is not available, the value of Xmaxmay be
estimated by observing the amount of voice-coil overhang


Q_co = QMe/rc· (47) outside the magnetic gap. For a more rigorous evaluation,
where the necessary test equipment is available, operate


To obtain the value of a for the system, remove the the driver in air with sine-wave input at its resonance
driver from the enclosure and measure the driver param- frequency and measure the peak displacement for which
eters Is, Qus and QES (with or without a baffle) as the radiated sound pressure attains about 10% total har-
described in [12]; the method is the same as that given monic distortion.
above for the system. The compliance ratio is then [12,


appendix] 7. ENCLOSURE FILLING
/cQEc


a - -- 1. (48) It is stated in section 4 that the addition of an appro-
/sQEs priate filling material to the enclosure of an air-suspension


Drivers with large voice-coil inductance or systems haw system raises the value of the efficiency constant k_. The
lng a large crossover inductance may exhibit some dif- use and value of such materials have been the subject
ference between the frequency of maximum impedance of much controversy and study [4], [8], [9], [10], [11],
magnitude and the frequency of zero phase. If the in- [20].


There is no serious disagreement about the value ofductance cannot be bypassed or equalized for measure-
ment purposes [17, section 14], it is better to take fe as such materials for damping standing waves within the
the frequency of maximum impedance magnitude, re- enclosure at frequencies in the upper piston range and
gardless of phase. It must be expected, however, that higher. The controversy centers on the value of the
some measurement accuracy will be lost in these circum- materials at Iow frequencies. A more complete descrip-
stances, tion of the effects of these materials will help to assess


VaT is evaluated with the help of (1), (11), (15), their value to various users.
(25) and (34):


Compliance Increase
O.


VAs,= VA, VAs/(VAB + VAS) -- --a+ 1 VAB. (49) If the filling material is chosen for low density but
high specific heat, the conditions of air compression


For unfilled enclosures, VAB = V_ and the Value of VAT within the enclosure are altered from adiabatic to iso-
may be computed directly using the measured value of thermal, or partly so [1, p. 220]. This increases the ef-
,_. If the system enclosure is normally filled, an extra fective acoustic compliance of the enclosure, which is
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equivalent to increasing the size of the unfilled enclosure, cation of acoustic damping directly to the driver as
The maximum theoretical increase in compliance is 40%, described in [21] is both more effective and more ec-
but using practical materials the actual increase is prob- chemical than attempting to overfill the enclosure.
ably never more than about 25%.


Measuring the Effects of Filling Materials


Mass Loading The contribution of tilling materials to a given system
Often, the addition of tilling material increases the can be determined by careful measurement of the system


total effective moving mass of the system. This has been parameters with and without the material in place. The
carefully documented by Avedon [lC)]. The mechanism added-weight measurement method used by Avedon [I0]
is not entirely clear and may involve either motion of the can be very accurate but is suited only to laboratory con-
filling material itself or constriction of air passages near ditions. Alternatively, the type of measurements described
the rear of the diaphragm, thus "mass-loading" the driver, in section 6 may be used:
Depending on the initial diaphragm mass and the con- 1) With the driver in air or on a test baffle,
ditions of tilling, the mass increase may vary from neg- measure/s, Qus, QEs.
ligible proportions to as much as 20%. 2) With the driver in the unfilled enclosure,


measure /c_, QUOT, Q_eT-
Damping 3) With the driver in the filled enclosure, measure


Air moving inside a filled enclosure encounters fric- /c, Que, Q_c.
tional resistance and loses energy. Thus the component 4) Then, using the method of [12, appendix], the
Rat of Fig. 1 increases when the enclosure is filled. The ratio of total moving mass with filling to that
resulting increase in the total system mechanical losses without filling is
(R_B + RAs) can be substantial, especially if the filling
material is relatively dense and is allowed to be quite MAe/Mxor =/o_QEc//oQEo_, (52)
close to the driver where the air particle velocity and and the enclosure compliance increase caused
displacement are highest. While unfilled systems have by filling is


typical Qxm values of about 5-10 (largely the result of (/cTQEcr//sQ_s)- 1
driver suspension losses), filled systems generally have VxB/VB = (53)
Quo values in the range of 2-5. (/cQEc//sQm) - 1


Value to the Designer 5) The net effect of the material on total systemdamping may be found by computing QTco


If a loudspeaker system is being designed from scratch, for the filled system from (9) or (47) and
the effect of filling material on compliance is a definite comparing this to the corresponding QTc_o =
advantage. It means that the enclosure size can be re- QucTQ_oT/(Quo_r + Q_c_) for the unfilled
duced or the efficiency improved or the response ex- system. These values represent the total Q
tended. Any mass increase which accompanies the corn- (Qfc) for each system when driven by an
pliance increase is simply taken into account in designing amplifier of negligible source resistance.


the driver so that the total moving mass is just the amount The usual result is that the filling material increases
desired. The losses contributed by the material are a both compliance and mass but decreases total Q. The
disadvantage in terms of their effect on k,(u), but this is decrease in total Q may be a little or a lot, depending on
a small price to pay for the overall increase in k, which the initial value and on the material chosen and its lo-
results from the greater compliance. In fact, if efficiency cation in the enclosure.
is not a problem, the effect of increased frictional losses
may be seen to relax the magnet requirements a little,
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Part I of this paper provides a basic low-frequency analysis of the closed-box loud-
speaker system with emphasis on small-signal and large-signal behavior, basic perfor-
mance limitations, and the determination of important system parameters from voice-coil
impedance measurements. Part II discusses some important implications of the findings
of Part I and introduces the subject of system synthesis: the complete design of loud-
speaker systems to meet specific performance goals. Given a set of physically-realizable
system performance specifications, the analytical results of Part I enable the system
designer to calculate directly the required specifications of the system components.


Editor's Note: Part I of Closed-Box Loudspeaker Systems the modulation distortion [23] produced by a large driver
appeared in the December 1972 issue of the Journal. will be less than that of a small driver delivering the


same acoustic output power.
8. DISCUSSION Thus a large driver has no inherent advantage over


Driver Size a small one so far as small-signal response and efficiency
are concerned. It may in fact have a cost disadvantage.


It has long been an accepted principle that a large bass But where high acoustic output at low distortion is re-
driver is better than a small one. While this attitude quired, the large driver has a definite advantage.
seems to be justified by experience, it has recently been
called into question [22]. The analysis in this paper dem-
onstrates that driver size alone does not determine or Enclosure Size


limit system performance in areas of small-signal re- It is clear from section 4 that an air-suspension system
sponse, efficiency, or displacement-limited power capacity, having a high compliance ratio can duplicate the per-


A large driver inevitably costs more than a small formance of a larger conventional closed-box system
driver having identical small-signal and large-signal pa- having a low compliance ratio. However, once the eom-'
rameters of the kind discussed here. However, it is pliance ratio is made larger than about 4, there is no
physically easier to obtain a large value of VD and hence way to gain a significant reduction in enclosure size
a high acoustic power capacity from a large driver, and without affecting system performance.


JANUARY/FEBRUARY1973,VOLUME21, NUMBER1 11







RICHARD H. SMALL


A small air-suspension system, when compared to a can be obtained quite easily from the basic parameters
large air-suspension system, must have a higher cutoff of the system.
frequency, or lower efficiency, or both. As has been A few manufacturers already supply these basic
claimed many times, it is possible to design a small parameters or the directly-related free-field response and
system to have the same response as a large system. But efficiency data. The practice deserves encouragement.
if both are non-wasteful air-suspension designs, then as


shown by (26) or Fig. 8 the efficiency of the small sys- Typical System Performance
tern must be lower than that of the large system in
direct proportion to size. A samplingof closed-boxsystemsof British,American


It is often possible to provide the same maximum and European origin was tested in late 1969 by measur-
acoustic output as well as the same response from the lng the system small-signal parameters as described in


section 6. The frequency response and efficiency weresmall system, but the lower efficiency of this system
will dicta:te a higher input power rating and therefore then obtained from the relationships of sections 3 and 4.
a driver voice coil capable of dissipating more heat. Resonance frequencies (/c) varied from 40 Hz to 90
Also, it is easily shown that for these conditions the Hz. Total Q (Q'reo) varied from 0.4 to 2.0. Reference


efficiencies (*/o) varied from 0.28% to 1.0%. While theredriver of the small system will require a larger magnet
(e.g., a heavier diaphragm of the same size may be was no general pattern of parameter combinations, all
driven through the same displacement, or a smaller but a few of the system's fell into one of two categories:


diaphragm of the same mass may be driven through a 1) Cutoff frequency (fa) below 50 Hz with little or
larger displacement). Thus for this condition the driver no peaking (QTco up to 1.1). Size generally larger
for the small system must be more expensive than that than 40 dma (1.4 ft0).


for the largesystem. 2) Cutofffrequencyabove 50 Hz with definitepeak-
It may be concluded that the pressure to design more ing (QT¢o between 1.4 and 2.0). Size smaller than


and more compact high-quality loudspeaker systems leads 60 dm3 (2 ft3).
directly ,to systems of reduced efficiency and, in most
cases, reduced acoustic power capacity. If acoustic power One explanation for this situation was spontaneously
capacity is not sacrificed, these compact systems require provided (and demonstrated) by a salesman who sold
expensive drivers and must be used with powerful am- American systems in both categories. Only category 1
plifiers, systemswouldreproduceloworganand orchestralfunda-


mentals, while category 2 systems had demonstrably


Performance Specifications stronger bass on popular nmsic. Sales thus tended to be
determined by the musical tastes of the customer. There


Of all the components used in audio recording and is marketing sense in this, and economic sense as well,
reproduction, loudspeaker systems have the least eom- because the same driver which has category 1 per-
plete and least informative performance specifications, formance in a large enclosure has category 2 perfor-
In _he low-frequency range at least, this need not be so. mance--with a higher acoustic power capacity--in a


If a specified voltage is applied to a direct-radiator small enclosure.
loudspeaker system, the output of the system at low


frequencies may be expressed in terms of an acoustic 9. SYSTEM SYNTHESIS
volume velocity which is substantially independent o/
the acoustic load [12], [24]. The "response" of a loud- System-Driver Relationships
speaker system expressed in this way is meaningless to The majority of closed-box systems operate with am-
most loudspeaker users, but a specification of the acous- plifiers having negligible output resistance, have a total
tic power or distant sound pressure delivered into a moving mass no greater than that of the driver on a
standard free-field load by this volume velocity is both baffle, and obtain most of their total damping from elec-
meaningful and useful, tromagnetic coupling and mechanical losses in the driver.


While the sound pressure delivered to a room is dif- For these conditions, (7), (9), (13), (17) and (18) may
ferent from that delivered to a free field, the difference be used to derive
clearly is a property of the room, not of the loudspeaker
system. _f the room performance is very poor, it can Q'rco QEc /c


--_ -- -- (_+ 1)_, (54)
be corrected acoustically or, in some cases, equalized Qa,s Qr_s /s
electronically. This is in no way a deterrent to accurate
specification of the basic loudspeaker system response and thus


by using a standard free-field load. In fact, the findings [_/QTco _ [s/Qrrs, (55)
of Allison and Berkovitz [25] indicate that a 2_rsr free-
field load is a very reasonable approximation to a typi- where QTs is the total Q of the driver at fs for zero
cai roomload. sourceresistance[12,eq. (47)], i.e.,


Such a standard-load approach has of course been QTs = QEsQ._m/(QEs+Q_m). (56)
used for years in loudspeaker measurement standards
[18], [26], [27]. If it were applied more universally, it These equations show that for any enclosure-driver
would provide a very useful--and presently unavailable-- combination (i.e., value of a) the system resonance fre-
quantitative means of comparing loudspeaker systems, quency and Q will be in the same ratio as those of the
It is a particularly attractive method for specifying the driver, but individually raised by a factor (_ + 1)%.
low-frequency response of a system, because the nominal This increase is plotted as a function of a in Fig. 13.
free-field low-frequency response and reference efficiency This approximate relationship and the basic response,
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efficiency and power capacity relationships derived 5
earlier are used below to develop system design pro- [J
cedures for two important cases: that of a fixed driver I[


design' and that °f °nly the final system specificati°ns f....CC4 III /given.


fill/
OR 3


One difficulty of trying to design an enclosure to "fit" _/] J


a given driver is that the driver may be completelyun- QC /
I


I I
suitable in the first place. A convenienttest of suitability _ [ I
for closed-box system drivers is provided by (51) and '_ 2 /
(54); the driver parameters must be known, or measured. _'_ f I PEquation (54) insists that the driver resonance fre- /"- J Jquency must always be lower than that of the system. 1 I


If the designer wishes to avoid an enclosure which is IlJJ


wastefully large, i.e., he desires an air-suspension system,
then a must be at least 3 and the driver resonance fre-


quency must be no more than half the maximum tolerable .5 ] 2 3 5 7 ]0 20
system resonance frequency. 04


Similarly, Qxs must be lower than the highest ac-
Fig. 13. Ratio of closed-box system resonance frequency


ceptable value of QTco, and by approximately the same and Q to driver resonance frequency and Q as a function of
factor which relates fa to the desired or highest ac- the system compliance ratio a.
ceptable value of fo.


Finally, from (51), the value of VAS must be at least for an unfilled enclosure volume of 135 dm a or 4.8 ft a.
several times larger than the enclosure size desired. This would be quite suitable for a floor-standing system.


If the driver parameters appear satisfactory, the de- The a = 9 alignment gives excellent performance in a
sign of the system is carried out by selecting the most volume of only 60 dm a (2.1 fta). The a = 12 alignment
desirable combination of fo and QTco which satisfies (55) could probably be achieved in a 40 dm a (1.4 ft a) en-
and then calculating a from (17). The required en- closure with filling. Qrco would then be lower than
closure size (net internal volume) is then, from (51), shown, probably about unity, giving a cutoff frequency


of about 53 Hz. This would be quite adequate "book-


VB = VAs/a, (57) shelf" performance.
or somewhat smaller if the enclosure is filled. Taking the larger B2-aligned system, the displacement-


The reference efficiency is calculated from (23), and limited acoustic power rating for program material, from
the acoustic power rating from (39) or (42). The elec- (42), is


trical power rating is then, from section 5, PAR = 0.19 W,


PER = PAn/VD. (58) and the corresponding electrical power rating is


Example of Design with a Given Driver PrR = 19 W.


Using a standard baffle and unlined test enclosure, a This is well within the power rating given by the manu-
European-made 12-inch woofer sold for air-suspension facturer, so the system can safely be operated with an


use is found to have the following small-signal parameters: amplifier having a continuous power rating of 20 W.
The "bookshelf" design, because of its higher value of


fs = 19 Hz f:3, has displacement-limited ratings of about 0.5 W acous-
QMs = 3.7 tical and 50 W electrical. This is much higher than the
Qss = 0.35 manufacturer's rating. In the absence of the actual value


Vas = 540 dm a (19 fta). of Premix) on which the manufacturer's rating is based,


Using (56) and (23), it is probably best to limit the amplifier power to 25 W.
The .system can then produce an acoustic output of


QTs = 0.32 0.25 W.


% = 1.02%.


The manufacturer's power rating is 25 W, and the peak Design from Specifications
linear displacement is estimated to be 6 mm (¼ in). The Most engineering products are designed to suit specific
effective diaphragm radius is estimated to be 0.12 m, requirements. Quite commonly, the "requirements" for
giving SD -- 4.5 × 10 -2 m 2 and VD = 2.7 X 10-4 m a a particular product contain conflicting factors, and the
or 270 cm s.


The values of fa, QTs and Vas for this driver appear Table 1. Expected Performance of the Given Driver
to be quite favorable. The values of/c, Q_co and fa to


a fo, HZ QTco f_, HZ V,B, dm 3
be expected from various suitable values of a are given 4 42.5 0.72 42 135
in Table 1 together with the corresponding enclosure 6 50.3 0.85 44 90
compliance VA_ (volume of an unfilled enclosure). 9 60.0 1.01 47 60


12 68.6 1.15 50 45
The a -- 4 alignment gives almost exactly a B2 response
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engineer is called upon to assess the requirements and from (42), as appropriate. This value must be no larger
to adjust them to a condition of physical and economic than a few percent of Va.
realizability. Fig. 8, for example, frustrates the desires The driver is now specified by its most important
of many marketing managers who would be delighted to parameters rs, QEs, VAs, V_ and P_(m_×) as well as its
offer a one cubic foot (28 dma) air-suspension system voice-coil resistance RB which is typically 80% of the
giving flat response to 20 Hz at high efficiency, desired rating impedance. The system designer is faced


The desired response of a closed-box loudspeaker sys- with the problem of obtaining a driver which has the
tern may be based on amplitude, phase, delay or tran- required parameters. If he has a driver factory available,
sient considerations [13], but can always be reduced to he may have the required driver fabricated as described
a specification of/c and QTc. Once the response is speci- in the next section. If he does not possess this luxury, he
fled, either the enclosure volume VB or the reference must find a driver from among those available on the
efficiency ye may be specified independently; the other market.
will then be determined or restricted to a minimum or At present, very few of the loudspeaker drivers offered
maximum value. Finally, the power capacity may be for sale are provided with complete parameter informa-
specified in terms of either Pm_ or PAR' If both PrR and tion, either in the form above or any other. While this
PAR must be fixed independently, this will detemine ye situation will no doubt improve with time, particularly
and thus restrict VR as above, as increasing demands are made on manufacturers to


A typical set of design specifications might start with provide such information, today's system designer must
values of /c, QTc, Va and P^a, together with a rating obtain samples where possible and measure the param-
impedance which fixes RB. Unless a special amplifier is eters as described in [12]. The small-signal parameters
to be used, it can be assumed that QTc = Qrco. Note should be measured with the driver mounted on a stan-
that Va effectively specifies the enclosure; the design dard test baffle having an area of one or two square
problem is then to specify the driver, meters, e.g., [18, section 4.4.1], so that the diaphragm


The design process begins by assigning realistic values air load is approximately that which will apply to the
to Q._m and a. The value of QMe has only a relatively driver in the system enclosure.
minor effect on system performance through k,(0). As
noted in section 7, typical values are 2-5 for systems Example of System Design from Specifications
using filling material and 5-10 for unfilled systems. If


A closed-box air-suspension loudspeaker system to be
no better guide to the expected value of QMc is available, used with a high-damping-factor amplifier is to be de-assume QMc = 5. The required value of QEc for the sys-
tem is then calculated from (9). signed to meet the following specifications:


If maximum efficiency consistent with the initial speci-


fications is desired, then the air-suspension principle must 1'3 40 Hz
be used. This requires that a be at least 3 or 4, but its
value will otherwise have only a small effect on system Response B2


performance through k,_c) and may be chosen to have Va 2 fta (56.6 dm a)
any value consistent with physical realizability of the
driver. If a is chosen too large, the driver will be found PAa 0.25 W program peaks; expected
to require unrealistically high compliance which, if realiz- peak/average ratio 5 dB.
able at all, may lead to poor mechanical stability of the


suspension. A suitable choice of _ is usually in the The enclosure is to be lined, but not filled. It is assumed
range of 3-10. that the enclosureand driver losseswill correspondto


Next, the value of VABis established. This is equal to Q_c = 5 and that it wilt be physically possible to obtain
Va for unfilled systems, but is increased by the factor a compliance ratio of a = 5.
1.4/yB (typically 1.15 to 1.2) if the enclosure is filled. The first two specifications translate directly into


The required driver small-signal parameters are then,
from (17) and (18), fc = 40Hz


and


fa =/o/(a+ 1)_, (59) Q_e = QTeo = 0.707.


QEs = QEC/(a-_' 1)_, (60) For Q_te = 5, (9) gives


and QEe = 0.824.


Vxs=c_VAB. (51) For a=5, (_+1)_ =¥6=2.45; so from (59) and
(60),


VxT is determined from (49). The reference efficiency
to be expected from the completed system is calculated /s = 16.3 Hz
from (24). Alternatively, kn(Q), k,(o) and k,(o) may be and
evaluated separately and ye determined from (26). The QEs = 0.336.


system electrical power rating P_R is then calculated from Also, for the unfilled enclosure, (51) gives
(58). A comparable or lower value is assigned to Pa(ma×),


depending on the peak-to-average power ratio of the VAs = 10ft a (283 dmZ).
program material with which the system will be used.


Then, from (49),
The required value of VD is calculated directly from


(39) using Fig. 5 or (78) to determine IX(]o01ma_, or VAe = 1.67ft a (47.2dina).
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From (29), (30)and (31), about x_ax at each end. Also; the voice coil must be
capable of dissipating as heat, without damage, an elec-


k,(0) = 0.858, trical input power PE(lnax). This design problem is familiar
k,(c) = 0.833, to driver manufacturers.


k_(o) = 1.36 X 10 -0. The driver parameter Q_s usually plays a minor role


Thus in systemperformance,but it cannot be neglecteden-
tirely. The value of Q_s in practical designs is often af-


k_ = 0.97 X 10-6 fected by decisions related to performance at higher


and from (26), frequencies. Where the driver diaphragm is required to
be free of strong resonance modes at high frequencies,


VD----0.00351 or 0.35%. the outer edge suspension is usually designed to reflect


The reference efficiency can also be calculated directly a minimum of the vibrational energy travelling outward
from the voice coil through the diaphragm material. This


from (24) because/c, VAT and QEc are known.
The displacement-limited electrical power rating, from means that energy is dissipated in the suspension, and a


(58), is Iow value of Q_s results. The intended use of the
driver or the constructional methods preferred by the


P_n = 71.5 W. manufacturer thus determines the approximate value of


An amplifier of this power rating must be used to obtain Q_m. In a completed closed-box system, the value of
Q._s and the enclosure and filling material losses deter-


the specified acoustic output. For the expected peak/av- mine Q._m and therefore the value of k_(o) for the system.
erage power ratio, the thermal rating PE(,_×_ of the
driver must be at least 22.5 W.


Using (42) for the program power rating, Drivers for Air-Suspension Systems


VD = 3.4 X 10 -4 m 3 or 340 cm 0. It was stated earlier that the compliance ratio of an
air-suspension system is not very important so long as


This is only 0.6% of V,, so linearity of the air corn- ,it is greater than about 3 or 4. This means that the exact
pliance is no problem, values of driver compliance, resonance frequency and Q


are not of critical importance. It is in fact the moving


10. DRIVER DESIGN mass M_is and the electromagnetic damping Bele/R_ that
are of greatest importance. These can be calculated


General Method directly from the system parameters alone. Substituting


The process of system design leads to specification of (16), (17) and (18) into (61), (62) and (64), or using
the required driver in terms of basic parameters. These (3), (6), (8) and (25),


parameters are used to carry out the physical design M_ s = SD2MAc = poC2SD2/(4_r2fG2VAT), (66)
of the driver.


First, Vi) must be divided into acceptable values of and


SD and x ..... . The choice of S_) may have to be a compro- BelS//RB = 2rr/cM_m/QEc. (67)
mise among cost, distortion, and available mounting area.


The required mechanical compliance of the diaphragm The exact value of mechanical compliance is not


suspension is then critically important so long as it is high enough to give
approximately the desired compliance ratio. This is an


C_m = CAs/Sn 2 = VAS/(poC2SD_), (61) advantage of the air-suspension design principle, because


and the required total mechanical moving mass is mechanical compliance is one of the more difficult driver
parameters to control in production.


M_ s = 1/[ (2rrJs)eC_m]. (62)


This total moving mass includes any mass added by Example of Driver Design


filling material, as well as the air loads M3t_ and M_m on The driver required for the example in the previous
front and rear of the diaphragm. The latter can be evalu- section has the following parameter specifications:
ated from [I, pp. 216-217]. The mechanical mass of the
diaphragm and voice-coil assembly is then is = 16.3 Hz


: QEs = 0.336
M_iD = M_m- (M_l + M._m), (63) V^s = 283 dm s


less any allowance for mass added by filling material. V D = 340 cm a
The magnet and voice coil must provide electromag- PE(max) = 22.5 W


netic damping given by The driver size will probably have to be at least 12


B212/RB = 2rr/sM_s/Qr.s , (64) inches to meet the specifications of Vz) and Pr(_,x_. This
is checked by assuming a typical diaphragm radius of


or, for the value of RE specified, a BI product given by 0.12 m for the 12-inch driver, giving


Bl = (2rr/sREM_s/Q_s)_. (65) So = 4.5 X 10-2 me.


This B1 product, together with the mechanical compli- For the required displacement volume of 340 cm s, the
ance, must be maintained with good linearity for a


peak linear displacement must be
diaphragm displacement of --Xma x. This effectively means
that the voice-coil overhang outside the gap must be x_ = VD/SD = 7.5 X 10 -a m = 7.5 mm (0.3 in).


JANUARY/FEBRUARY1973,VOLUME21, NUMBER1 15







RICHARD H. SMALL


The total "throw" required is then 15 mm (0.6 in)which ment in an anechoic environment or by an indirect
is realizable in a 12-inch driver. By comparison, the same method [24].
displacement volume requires a throw of 22 mm (0.9
in) for a 10-inch driver, or 9.6 mm (0.38 in) for a 12. CONCLUSION


15-inch driver. The quantitative relationships presented in this paper
Continuing with the 12-inch design, make possible the low-frequency design of closed-box


So2 = 2.0 X 10-am 4. systems by direct synthesis from specifications and clearly
show whether it is physically possible to realize a de-


The required mechanical compliance and mass are then, sired set of specifications. They should be useful to loud-
from (61)and (62), speaker systemdesignerswho wish to obtain the best


CMs = 9.9 × 10-4 m/N, possible combination of small-signal and large-signal per-
M_s ----97 g. formance within the constraints imposed by a particu-


lar design problem.
M_ts is the total moving mass including air loads. As- These relationships should also be useful to driver
suming that the front air load is equivalent to that for manufacturers, because they indicate the range of basic
an infinite baffle and that the driver diaphragm occupies driver parameters needed for modern closed-box system
one-third of the area of the front of the enclosure, the design and the extent to which costly magnetic material
mass of the voice coil and diaphragm alone is must be allocated to satisfy both the small-signal and


MMv = M_s -- (3.14a a+ 0.65_rpoaa) -- 87 g. large-signal requirements of the system.
Because the low-frequency performance of a completed


The magnetic damping must be, from (64), system depends on a small number of easily-measured


Bel2/Rr = 30 N ' s/m (MKS mechanical ohms), system parameters, it is always possible to specify--and
verify--the low-frequency small-signal performance for


For an "8a" rating impedance, RB is typically about 6.5 standard free-field conditions. This information is of
fl. The required Bl product for the driver is then much greater value to users of loudspeakers than fre-


quency limits quoted without decibel tolerances andB1 = 14T.m
without specification of the acoustic environment.


which must be maintained with good linearity over the It is sincerely hoped that the quantitative relationships
voice-coil throw of 15 mm (0.6 in). The voice coil must and physical limitations presented here--and in later
also be able to dissipate 22.5 W nominal input power papers .for other types of direct-radiator systems--will
[12, eq. (6)] without damage, not only be useful to system designersbut will also con-


Further examples of driver synthesis based on system tribute eventually to more uniform, realistic and accurate
small-signal requirements are contained in [28]; the product specifications.
method used is based on the same approach taken above
but is arranged for automatic processing by time-shared 13. ACKNOWLEDGMENTS
digital computer. (The Thiele basic efficiency [17] used This paper is part of the result of a program of post-in this reference is based on a 4_rsr free-field load and


graduate research into the low-frequency performance of
gives one-half the value of the reference efficiency direct-radiator electrodynamic loudspeaker systems. I am
used here.) indebted to the School of Electrical Engineering of The


University of Sydney for providing research facilities,
11. DESIGN VERIFICATION supervision and assistance, and to the Australian Com-


The suitability of a prototype driver designed in ac- monweatth Department of Education and Science for
cordance with the above methods may be checked by financial support.
measuring the driver parameters as described in [12].x I am particularly grateful to J. E. Benson, R. F. Allison
For an air-suspension driver, it is not necessary that )'s, and R. H. Frater for reviewing early manuscripts and
QEs, and VAs have exactly the specified values. What is making valuable suggestions for improvement.
important is that the quantities/s2VAs and/s/Qr_s, which
together indicate the effective moving mass and electro- 14. APPENDIX--SECOND-ORDER
magnetic coupling, should check with the same corn- FILTER FUNCTIONS


binations of the specified parameters. Then, if VAs is General Expressions
large enough to give a satisfactory value of a for the
system, the driver design is satisfactory. Tables of filter functions normally give on'ly the de-


Similarly, the completed system may be checked by tails of a low-pass prototype function. The corresponding
measuring its parameters as described in section 6 and high-pass or band-pass forms are obtained by suitable
comparing these to the initial specifications. 1 The actual transformations. The general form of a prototype low-
system performance may also be verified by measure- pass second-order filter function, G_,(s), normalized to


unity in the passband, is


1
1A recent paper by Benson contains an improved method GL(s ) ---- (68)


of Q measurement which compensates for errors intro- s2To2+alsTo q- 1'
duced by large voice-coil inductance [32, Appendix 2]. The
compensation is achieved by replacing fo in eq. (45) of where TO is the nominal filter time constant, and the
Part I of this paper-- and fs in [12, eq. (17)I--with the coefficient a_ determines the actual filter characteristic.expression ¥ [_[2.The measured values of fo and /s are un-
changed, and no other equations are affected. The corresponding high-pass filter function, Gsl(s), which
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preserves the same nominal time constant, is obtained Types of Responses


by the transformation The range of system alignments which may be ob-


Gu(BTu) = G_(1/STo).' (69) tained by varying QTo are thoroughly described in [13].
Particular alignments of interest, with brief character-


This gives the general high-pass expression istics, are:


s2To2 Butterworth maximally-flat-amplitude response (B2)GH(s) ----- . (70)
s2To 2 -'}-alsT o + 1 [13], [29]


Equations (68) and (70) have exactly the same form Q_c = 1/¥ 2 = 0.707, la/fo = 1.000


as (20) and (19) for the displacement and response Bessel maxim_lly-flat-delay response (BL2) [13], [29],
functions of the closed-box system. The two sets of [30]


equations are equivalent for Q_o = 1/¥'-_= 0.577, /a/Jo = 1.272


TO = Tc and al -- 1/Q_e. (71) "Critically-damped" response [13]


Study of the steady-state magnitude-rs-frequency be- QTo = 0.500, ]s/lo = 1.554
havior of filter functions for sinusoidal excitation is


facilitated by using the magnitude-squared forms Chebyshev equal-ripple__ response (C2) [13], [31]
Q_o > 1/¥ 2, other properties given by (75)-


[GL(]co) 12= 1 (72) (78). A very popular alignment of this type is
co4To4 -t- AltO2To2 + 1 QTo = 1.000, la/Jo = 0.786,


and lG(jrO)Jmax= lxci_)lm_x= 1.155 or 1.25 dB.
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Sealed cabinet loudspeaker: the OG

• Sealed cabinet introduces a complex load on the rear of driver

ZAb =

Air loading︷ ︸︸ ︷
RAb + jωMAb+RAB + jωMAB +

1

jωCAB︸ ︷︷ ︸
Cabinet loading

(1)

• For a small cabinet volume compliance is dominant

1

jωCAB
=

ρ0c
2

jωVB
>> jωMAB (2)

• Resistance due to cavity damping is difficult to quantify - we will assume a lossless

cavity (for now...)

4



Sealed cabinet loudspeaker: acoustic loading

• Cabinet loading reduces to just an additional compliance

ZAb = RAb + jωMAb +�
��RAB +����jωMAB +

1

jωCAB
(3)

ZAb

ZAf

RAb MAb

CAB

RAf

MAf

Figure 2: Equivalent circuit loading for lossless sealed cabinet.
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Sealed cabinet loudspeaker: complete circuit

• Complete equivalent circuit for a sealed cabinet loudspeaker.

• Group terms and simplify...

V BL
SDRE

U

(BL)2

S2
DRE RAD MAD

CAD
RAb MAb

CAB

RAf

MAf

p

Figure 3: Complete equivalent circuit for lossless sealed cabinet.
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Sealed cabinet loudspeaker: simplified circuit

• Sealed cabinet has negligible effect on acoustic mass and damping

MAT ≈MAS = MAD + 2MAf (4)

RAT ≈ RAS =
(BL)2

S2
DRE

+RAD + 2RAf+���RAB (5)

• Total compliance given by two

series capacitors

CAT =
CADCAB

CAD + CAB
(6)

• Circuit is very similar to infinite

baffle, only difference is CAT

V BL
SDRE

U RAT CAT

MAT

Figure 4: Complete equivalent circuit for lossless sealed

cabinet. 7



Sealed cabinet loudspeaker: resonance and Q-factor

• Volume velocity has the same form as infinite baffle

U =
V BL

SDRE

1(
jωMAT + 1

jωCAT
+RAT

) =
V BL

SDREjωMAT

1(
1 + ωc

jω
1

QTC
− ω2

c
ω2

) (7)

• Sealed cabinet resonance

ωc =

√
1

MATCAT
̸= ωs (8)

• Sealed cabinet Q-factor

QTC =
ωcMAT

RAT
̸= QTS (9)

V BL
SDRE

U RAT CAT

MAT

Figure 5: Complete equivalent circuit for lossless sealed

cabinet.
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Sealed cabinet loudspeaker: resonance and Q-factor

• For a lossless sealed cabinet loudspeaker we have,

QTC =
ωcMAT

RAT
(10)

• For an infinite baffle loudspeaker we have

QTS =
ωsMAS

RAS
(11)

• Recall that MAT ≈MAS and RAT ≈ RAS , so we have

QTC

ωc
≈ QTS

ωs
(12)

• This is a key design equation for a lossless sealed cabinet loudspeaker!

9
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Sealed cabinet: volume velocity

• Same procedure as infinite baffle!

• Diaphragm volume velocity made up of

two parts:

U =
V BL

SDREjωMAT︸ ︷︷ ︸
First order LPF

E(jω) (13)

E(jω) =

Second order HPF︷ ︸︸ ︷
1(

1 + ωc
jω

1
QTC
− ω2

c
ω2

) (14)

• What about the radiated pressure?
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Figure 6: First and second order LPF/HPF

terms in volume velocity 10



Sealed cabinet: radiated pressure

• Recall piston radiation:

p(r, t) =
jρ0ck

4πr
U(ω)× DF( ) (15)

• Substitute in volume velocity:

U =
V BL

SDREjωMAT
E(jω) (16)

• CANCELLATION

p(r, t) = ��jωρ0
4πr

V BL

SDRE��jωMAT
E(jω)

(17)
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Figure 7: Radiated pressure terms
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Sealed cabinet: radiated pressure

• Radiated pressure response

p(r, t) =
ρ0V BL

4πrSDREMAT
E(jω) (18)

• Freq. dependence dictated by E(jω):

E(jω) =
1(

1 + ωc
jω

1
QTC
− ω2

c
ω2

) (19)

- Controlled by ωc and QTC .

• Remaining terms describe sensitivity (i.e.

pass-band level)
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Figure 8: Example radiated pressure.
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Sealed cabinet vs. infinite baffle

• So, how does the cabinet effect the

radiated pressure?

• Added compliance alters ωc,

ωc =

√
1

CADCAB
CAD+CAB

MAT

(20)

• The total compliance always less than

driver CAT < CAD - so sealed cabinet

resonance always greater than infinte

baffle ωc > ωs.
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Figure 9: Example radiated pressure.
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Sealed cabinet design: choosing an

alignment



Sealed cabinet: model limitations

• Before using any model - be aware of

limitations

• Model predicts reference region - where

E(jω) = 1 - flat radiated pressure

• This does not extend up to 20 kHz

- Coil inductance comes into play at HF

- Piston radiation approx. valid ka << 1

- Lumped param. assump. breaks down

• Use model to design low frequency

response only - but that’s okay!
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Figure 10: Example radiated pressure.
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Sealed cabinet: design parameters

• Frequency response shape controlled by

two parameters: ωc and QTC

• Maximally flat response QTC = 0.707 -

so called Butterworth alignment

• QTC > 0.707 - increasing bass boost

• QTC < 0.707 - slower roll-off

• When designing a sealed cabinet, we

define QTC and solve for ωc and VB
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Figure 11: Example radiated pressure.
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Sealed cabinet: Q-factor
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Figure 12: Transient response.
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Figure 13: Frequency response.
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Sealed cabinet geometry



Sealed cabinet: finding volume

• Volume of the cabinet VB controls the compliance CAB

CAB =
VB

ρ0c2
(21)

• This dictates the total compliance CAT , which sets the sealed cabinet resonance ωc

CAT =
CADCAB

CAD + CAB
ωc =

√
1

MATCAT
(22)

• For a lossless sealed cabinet we also have the equation

QTC

ωc
≈ QTS

ωs
→ ωc ≈

QTC

QTS
ωs (23)

• We use this equation to find the sealed cabinet resonance ωc that gives QTC

17



Sealed cabinet: finding volume

• For a lossless sealed cabinet we have

ωc ≈
QTC

QTS
ωs (24)

• Once ωc is known, we can solve for the cabinet volume

VB = CABρ0c
2 ← CAB =

CADCAT

CAD − CAT
← CAT =

1

MATω2
c

(25)

• Design example:

- Driver parameters: d = 165 mm, fs = 45 Hz, QTS = 0.65, MMS = 11 g

- System parameters: QTC = 0.9, fc =?? Hz

- Cabinet parameters: VB =?? m3 (or L)

18



Sealed cabinet: effect of volume

• Ratio of infinite baffle and sealed cabinet resonance

ωc

ωs
=

√
1

CATMAS√
1

CASMAS

=

√
CAS

CAT
(26)

• Substitute total compliance

ωc

ωs
=

√
CAS(CAS + CAB)

CASCAB
=

√
1 +

CAS

CAB
(27)

• Equivalently, in terms of volumes,

ωc

ωs
=

√
1 +

CAS

CAB
=

√
1 +

VAS

VB
(28)

• Increasing VB, we get that ωc → ωs (infinite baffle limit!)
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Sealed cabinet: effect of volume
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Figure 14: Effect of volume on cut off frequency.
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Sealed cabinet: preferred dimensions

• The volume VB = L×W ×H dictates the cabinet compliance. Any number of

cabinet dimensions can be used to obtain the same volume. What should we use?

• Naive choice - set L = W = H = 3
√
VB to get a square box.

- Problem: degenerate modes!

- Internal cabinet resonances can cause audible effects (lumps in the frequency response)

• Cavity modes occur at frequencies related to cabinet dimensions

fnL,nW ,nH =
c

2π

√(nLπ

L

)2
+
(nWπ

W

)2
+
(nHπ

H

)2
(29)

• To avoid multiple modes occurring at same frequency we need to pick carefully W ,

L and H. But how?
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Sealed cabinet: preferred dimensions

• This question has received lots of attention in field -
• There are a number of preferred ratios (dim1 : dim2 : dim3):

Golden ratio - 0.618 : 1 : 1.618

Bolt - 1 : 1.25 : 1.6

Louden - 1 : 1.4 : 1.9

• To get cabinet geometry we set dim2 =
3
√
VB and solve for dim1 and dim3

dim1 =
dim1

dim2
dim2 dim3 =

dim3

dim2
dim2 (30)

• For example, with VB = 0.1 using golden ratio:

W =
3
√
0.1 = 0.464m L = 1.618×0.464 = 0.751m H = 0.618×0.464 = 0.287m

(31)

VB = 0.464× 0.751× 0.287 = 0.1m3 (32)
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Room Sizing and Optimization at
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Modes in small rooms may lead to uneven frequency responses and extended sound decays
at low frequencies. In critical listening environments, this often causes unwanted coloration
effects, which can be detrimental to the sound quality. Choosing an appropriately propor-
tioned room, and placing listener and loudspeakers in the right places can reduce the audible
effects of modes. A new methodology is detailed for determining the room dimensions for
small critical listening spaces as well as the optimum positions for sources and receivers. It
is based on numerical optimization of the room geometry and layout to achieve the flattest
possible frequency response. The method is contrasted with previous techniques for choosing
room dimensions. The variations of the room quality for different room sizes are mapped out.
These maps include an allowance for constructional variation, which has not been considered
previously.


0 INTRODUCTION


The sound that is heard in a critical listening room is
determined by the combined effect of the electronics of the
audio system and the physical acoustics of the listening
environment. The tonal balance and timbre of a sound can
vary significantly, depending on the placement of the lis-
tener and loudspeaker and the geometry of the room. In-
deed, the modal artifacts introduced by the room can be so
influential that they dominate the sound. This paper con-
centrates on the design challenges to minimize these arti-
facts at low frequencies. Consequently it is concerned with
the interaction between sources, listeners, and room
modes.


Modes in small rooms often lead to extended sound
decays and uneven frequency responses, often referred to
as coloration. Problems arise at low frequencies because of
the relatively low modal density. Designers try to over-
come the problems of modes by choosing an appropriately
proportioned room, placing listeners and loudspeakers in
suitable positions, and using bass absorbers. This paper is
concerned with the first two solutions, room sizing and
optimization of loudspeaker and listener location.


There have been many studies looking at room sizing,
and this paper starts by discussing previous work by others
who have suggested optimum room ratios or design
methodologies.


The determination of appropriate source and receiver
locations is often undertaken by trial and error, a laborious
and difficult task. This is particularly true of surround-
sound systems because so many loudspeakers have to be
considered. Therefore a new automated method will be
proposed and outlined which is based on numerical opti-
mization. The old and new methods will be compared
philosophically. Results in the form of modal responses
and transient frequency responses are given to demon-
strate the power of the new method. The paper will then
investigate in detail the variations of the room spectral
responses with the room size and produce plots to enable
the choice of appropriate room sizes.


1 PREVIOUS WORK


1.1 Room Sizing
Many design methodologies and optimum room ratios


have been suggested over the years to minimize color-
ation. Essentially these methods try to avoid degenerate
modes, where multiple modal frequencies fall within a
small bandwidth, and the corollary of bandwidths with
absence of modes. The underlying assumption is that as
music is played in the rooms, the absence or boosting of


*Manuscript received 2001 September 24; revised 2004 Janu-
ary 8 and April 19. Parts of this work were first presented at the
103rd and 110th Conventions of the Audio Engineering Society,
1997 and 2001.
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certain tonal elements will detract from the audio quality.
The starting point for these previous methods is usually
the equation defining the modal frequencies within a rigid
rectangular enclosure:


f =
c


2��nx


Lx
�2


+ �ny


Ly
�2


+ �nz


Lz
�2


(1)


where nx, ny, and nz are integers, and Lx, and Ly, and Lz are
the length, width, and height of the room. Often the best
dimensions are given in terms of the ratios to the smallest
room dimension. Previous methods for determining room
ratios differ, however, in how they utilize Eq. (1). Bolt [1]
produced design charts that enabled him to determine pre-
ferred room ratios. His method investigated the average
modal spacing to try and achieve evenly spaced modes, the
assumption being that if the modal frequencies are spaced
evenly, then there will be fewer problems with peaks and
dips in the modal response. It is now known, however, that
using the average mode spacing is not ideal, and the stan-
dard deviation of the mode spacing is a better measure.
Ratios of 2:3:5 and 1:21⁄3:41⁄3 (1:1.26:1.59) were sug-
gested, but Bolt also noted that there is a broad area over
which the average modal spacing criterion is acceptable.
(Note that this latter ratio appears to be often rounded to
the commonly quoted figures of 1:1.25:1.6.)


Gilford [2] discusses a methodology whereby the modal
frequencies are calculated and listed. The designer then
looks for groupings and absences assuming a modal band-
width of about 20 Hz. The dimensions are adjusted and a
recalculation is carried out until a satisfactorily even dis-
tribution is achieved. While this is a cumbersome process
to undertake by hand, this type of iterative search can now
be readily accomplished using computers and numerical
optimization techniques. It is this type of computer-
controlled optimization that is advanced in this paper as a
more efficient method for choosing room dimensions. Fur-
thermore, in addition to the use of numerical optimization
to ease the burden of searching, a better basis than modal
spacing for evaluating the effects of modes will be de-
tailed. Gilford also states that the 2:3:5 ratio suggested by
Bolt is no longer popular and that the axial modes cause
the major difficulty in rooms. These points will be re-
turned to later.


Louden [3] calculated the modal distribution for a large
number of room ratios and published a list of preferred
dimensions based on a single figure of merit. The figure of
merit used to judge room ratios is the standard deviation of
the intermode spacing, so again this is a regime to achieve
evenly spaced modes. The method produces the well-
known room ratio of 1:1.4:1.9. Louden undertook the in-
vestigation by examining 125 combinations of room ratios
at a spacing of 0.1. This type of discretized search can
limit the potential solutions found. With the optimized
techniques developed since Louden published his work,
such as the one used hereafter, the search for the best ratios
can be undertaken more efficiently without the need to
artificially discretize the ratios tested.


Bonello [4] developed a criterion based on the fact that
the modal density should never decrease when going from


the one-third-octave band to the next higher band in fre-
quency. Modes with coincidental frequencies are only tol-
erated in one-third-octave bands with five or more modes
present. Bonello compares his criterion against others used
by Knudsen, Olson, and Bolt. Justification for his meth-
odology is drawn from his experience as a consultant for
35 rooms.


Walker [5] develops a low-frequency figure of merit
based on the modal frequency spacing. The method leads
to a range of practical, near optimum room shapes. In
presenting his paper, Walker discussed how the blind ap-
plication of optimum room ratios does not necessarily lead
to the best room, because the room quality is volume
dependent. The new method outlined hereafter does not
use generalized room ratios, and so avoids this problem.


All the methods mentioned have limitations. Eq. (1) is
only applicable for rectangular geometries with rigid sur-
faces. Absorption has a number of effects and, for in-
stance, may shift the modal frequencies. This will affect
the spacing of modes, which are the basis for many of the
room ratio criteria. The new method set out in this paper
uses a theoretical model which, although not perfect, is a
more accurate model of low-frequency room behavior
than that given by Eq. (1). Another effect of absorption is
that it acts differently on axial, tangential, and oblique
modes. For example, axial modes will have the greatest
magnitude and least damping. None of the methods men-
tioned account for this fully, unlike the new method given
hereafter, although Gilford, for example, does discuss the
prominence of axial modes. A further difficulty with these
methods is the choice of the criterion used for the evalu-
ation. For example, Bonello’s method makes several as-
sumptions, such as the use of a one-third-octave band-
width, and that five modes in a bandwidth mask the ef-
fects of coincident modes—which are empirical and sub-
jective rather than fundamental in nature. The new method
outlined here acts directly on the modal response of the
room, so a criterion based on mode spacing is no longer
required. Although an evaluation criterion is still required,
since this can be based on the modal response of the room,
it is much easier to relate to human perception. This is
because the mode spacing is one level more removed from
the actual signals received by the listener than the modal
response.


Standards and recommendations also stipulate good
room ratios for activities such as listening tests and broad-
casting, and recent versions have drawn on work by
Walker [5], [6]. Recommendations of the European
Broadcasting Union [7] are discussed by Walker. He states
that the aim of the regulations is to avoid worst cases,
rather than to provide proscriptive optimum ratios. Con-
sequently the recommendations cover a wide range of
room proportions,


1.1Ly


Lz
�


Lx


Lz
�


4.5Ly


Lz
− 4 (2)


Lx � 3Lz (3)


Ly � 3Lz. (4)
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In addition, it is stipulated that ratios of Lx, Ly , and Lz


that are within ±5% of integer values should also be
avoided. The British Standards Institute and the Interna-
tional Electrotechnical Commission [8] give slightly dif-
ferent criteria for Eq. (2),


Ly


Lz
�


Lx


Lz
� �4,


5Ly


Lz
− 4�. (5)


The criteria given by Eqs. (3) and (4) are also stipulated
along with recommended floor areas. A recommended
room size of 7 × 5.3 × 2.7 m (2.59:1.96:1) is given. Older
versions of the standard [9] give different recommenda-
tions, with a standard room of 6.7 × 4.2 × 2.8 m (1.59:
1.5:1). These values are also reported in a popular text-
book [10].


1.2 Room Layout Optimization
Room layout optimization concerns the determination


of the source and receiver locations in the room. When
sources or receivers are moved, the frequency response
changes due to the variation in the modal pressure distri-
bution in the room and the changing radiation resistance of
the source. By choosing correct positions in the room, it is
possible to minimize the audible effects of the modes
within a room [11]. Besides considering the modal
(steady-state) response, others have considered the effects
of first-order reflections from boundaries. In particular, the
first-order reflections from the nearest wall boundaries to
the source have been considered along with the effect
these reflections have on the frequency response (see, for
example, [10]). This simple model of room reflection re-
sponse is an oversimplification in small rooms, as reflec-
tions from the other boundaries and higher order reflec-
tions arrive quickly, suggesting that the frequency
response of the first-order reflections will be masked.


1.3 New Method
The new method is based on finding the rooms that have


the flattest possible modal frequency response. It uses a
computer algorithm to search iteratively for the best room
sizes. To determine the best source and receiver location,
a similar search is done. However, this time both the
modal response and the frequency response are calculated
over a shorter time period related to the room transient
response. In the following sections details of the new
method will be given. The prediction models used will be
presented in Section 2, and the optimizing procedure will
be discussed in Section 3.


2 PREDICTION MODELS


For the purposes of this paper, the modal response of the
room is defined as the frequency spectrum received by an
omnidirectional microphone when the room is excited by
a point source with a flat power spectrum. When consid-
ering room sizing, the source and the receiver are placed in
opposite corners of the room following normal practice.
Two possible models to predict the modal response are
considered, a frequency-based modal decomposition
model and a time-based image source model.


2.1 Modal Decomposition Model
The modal decomposition model used is applicable


when boundary impedances are large and real, which cor-
responds to walls that are nonabsorbing because they are
either massive or very stiff. The pressure at r(x, y, z) due
to a source at r0(x0, y0, z0), at an angular frequency �, is
given by [12]


p� r, �� = �
nx


�


�
ny


�


�
nz


� A�n
� r, r0�


��2 − �n
2 − j2�n�n��


(6)


where


A�n
� r, r0� = j��S0c


2pn� r �pn� r0� (7)


pn� r � = cos�knx
x�cos�kny


y�cos�knz
z� (8)


pn� r0� = cos�knx
x0�cos�kny


y0�cos�knz
z0� (9)


�n


c
= kn = �knx


2 + kny


2 + knz


2 (10)


�n =
c


�n
��nx


�x


Lx
+


�ny
�y


Ly
+


�nz
�z


Lz
� (11)


with �x , �y , and �z being the average admittance (the
reciprocal of the impedance) of the walls in the x, y, and z
directions and thereby accounting for energy loss and
phase change on reflection,


�nx
= 1 for nx = 0 (12)


= 2 for nx 	 0 (13)


knx
=


nx



Lx
. (14)


Similar expressions are used for �ny
, �nz


, kny
, and knz


. � is
the density of air, S0 is a constant, and c the speed of
sound.


2.2 Image Source Model
The image source model is a fast prediction model for a


cuboid room. The image solution of a cuboid enclosure
gives an exact solution of the wave equation if the walls of
the room are nonabsorbing. The energy impulse response
is given by


E�t, r, r0� = �
nx


�


�
ny


�


�
nz


�


�
i=1


2


Rn,i
2


1


dn,i
2 (15)


dn,i = �dnx,i
2 + dny,i


2 + dnz,i
2 (16)


dnx ,1 = �Lx − x0� + �−1�nxx + Lx�nx − 1�


+ Lx��−1�nx+1 + 1��2 (17)


dnx ,2 = x0 + �−1�nx+1x + Lx�nx − 1� + Lx��−1�nx + 1��2
(18)
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Similar expressions are used for the distances in the y and
z directions. The surface reflection factors are given as


Rn,i = Rx,iRy,iRz,i (19)


Rx,i = Rx,i
|nx|Rx,mod�i,2�+1


|nx −1| (20)


where Rx,1 and Rx,2 are the surface reflection factors for the
front and rear walls, respectively, and similar expressions
are used for the distances in the y and z directions. Re-
flection factors are approximated to be purely real. Once
the energy impulse response is obtained, it is Fourier trans-
formed to form the modal frequency response.


2.3 Transient Response
The modal response represents the steady-state reaction


of the room to sound. Music is a complex mix of both
steady-state and transient signals, and so the modal re-
sponse describes only part of the subjective listening ex-
perience. For example, Olive et al. [13] showed that the
first part of the decay of a high-Q mode is most noticeable,
as the later parts of the decay are often masked by a
following musical note. Consequently some measure of
the early arriving sound field should be considered in ad-
dition to the modal response. To do this the first part of the
impulse response is taken, a half-cosine window applied,
and the windowed impulse response Fourier transformed
to give a transient frequency response. The half-cosine
window is used to reduce truncation effects. For the results
presented in this paper, a time period of 64 ms was chosen
because it approximately relates to the integration time of
the ear for the detection of reflections [14]. It can be
argued, however, that for the perception of loudness at low
frequencies a longer time period might be more applicable.


2.4 Prediction Model Critique
The modal decomposition and the image source models


both offer a better representation of the sound field in the
space than the simple modal frequency equation, Eq. (1),
used for previous room-sizing methodologies. This is pri-
marily because the modal decomposition and image
source models allow for absorption, but also because it is


possible to calculate a quantity—the modal response—that
is easier to relate to the listener experience. Both models,
however, are not completely accurate. Fig. 1 compares
measurements in a listening room to the modal decompo-
sition and image source models. The listening room has
dimension 6.9 × 4.6 × 2.8 m. All the walls were smooth
plastered concrete, except for the back wall, front wall,
and ceiling, which contained areas of diffusers, and the
floor, which was covered with carpeting. Normalization of
the loudspeaker sound power was carried out by measur-
ing the cone acceleration using an accelerometer attached
near the center of the loudspeaker cone. If the cone radi-
ates as a piston at low frequencies, the free-field pressure
should be omnidirectional and proportional to the cone
acceleration.


Below 125 Hz good agreement is shown between mod-
els and measurement. The agreement diverges somewhat
above 125 Hz. There could be many sources of error, most
likely the improper modeling of frequency-dependent ab-
sorption and the influence of the large-scale diffusers
present in the room. A slightly better agreement can be
achieved [15] by taking more terms in Eqs. (6) and (15).
The models deliberately used a reduced number of terms
(15) in the infinite sums to enable calculations to be quick
enough for subsequent optimization. The accuracy of the
predictions is similar to that observed by others [16].


Although the method for choosing room dimensions is
based on a better prediction model than previous methods,
there is room for further refinement. There are some basic
problems with both the modal decomposition and the im-
age source models, and currently there are no established
solutions to deal with these difficulties. For example,
while absorption coefficients for surfaces are widely avail-
able, the surface impedances, which include both phase
and magnitude information, are not. Indeed, given that
room surfaces at low frequencies will often not behave as
isolated locally reacting surfaces, defining a surface im-
pedance can be problematic. Consequently, for this work
an assumption of no phase change on reflection has to be
made, which means that the models are more accurate for
walls that are nonabsorbing. It might be envisaged that a


Fig. 1. Comparison of image source model, modal decomposition model, and measurement in a listening room.
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finite-element model could overcome some of these diffi-
culties, but currently the calculation time would be too
long for efficient optimization. During an optimization
process, many hundreds or thousands of room configura-
tions have to be modeled, and consequently the prediction
time for a single calculation must be kept small.


For the results presented here, the image source model
was favored over the modal decomposition model. This is
because the image source model is faster. For the modal
decomposition model all modes within the frequency
range of interest must be considered, plus corrections for
the residual contributions of modes with peak frequencies
outside this range [17]. In the image source model all
images contribute to the impulse response in a cuboid
room. Consequently using the image source model reduces
the optimization time. Furthermore, the methodology of
room layout optimization uses a transient response in the
room that can best be obtained from a time-based calcu-
lation. The relationship between the modal decomposition
and the image solutions for a lossless room has been de-
rived and shown to be equivalent for nonabsorbing bound-
aries [18].


3 OPTIMIZATION PROCEDURE


Numerical optimization techniques are commonly used
to find the best designs for a wide variety of engineering
problems. In the context of this paper, a computer algo-
rithm is used to search for the best room dimensions and
locations for sources and receivers. To simplify the expla-
nation, first consider the case of finding the best room
dimensions by searching for the flattest modal response.
This is done with a source in one corner of the room and
a receiver in the opposite corner. The iterative procedure is
illustrated in Fig. 2. The user inputs the minimum and
maximum values for the width, length, and height, and the
algorithm finds the best dimensions within these limits.
The routine then predicts the modal response of the room
and rates the quality of the spectra using a single figure of
merit (cost parameter). A completely random search of all
possible room dimensions is too time consuming, and so
one of the many search algorithms that have been devel-
oped for general engineering problems was used—in this
case the simplex method [19]. This is not the fastest pro-
cedure, but it is robust and does not require knowledge of
the figure of merit’s derivative.


In developing a single figure of merit, it is necessary to
consider what would be the best modal response. It is
assumed that the flattest modal response corresponds to
the ideal. This is done even though a perfectly flat re-
sponse can never be achieved, as in the sparse modal
region there will always be minima and maxima in the
frequency response. The cost parameter used is the sum of
the squared deviation of the modal response from a least
squares straight line drawn through the spectra. If the
modal response level of the nth frequency is Lp,n, then the
cost parameter � is


� = �
n=1


N


�Lp,n − mfn + c�2 (21)


where m and c are the gradient and intercept of the best-fit
line and the sum is carried out over n frequencies fn. This
is illustrated in Fig. 3. Consequently this is a least squares
minimization criterion, which is commonly used in engi-
neering. The deviation from a best-fit line rather than the
mean is used because it is assumed that a slow variation in
the spectrum can be removed by simple equalization, and
what is important is to reduce large local variations. Be-
fore calculating Eq. (21), some smoothing over a few ad-
jacent frequency bins is used. This is done to reduce the
risk of the optimization routine finding a solution that is
overly sensitive to the exact room dimensions. Further-
more, in prediction models very exact minima can be


Fig. 2. Optimization procedure for room sizing.


Fig. 3. Use of best fit-line to obtain figure of merit (no spectral
smoothing).
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found which would never be replicated in real measure-
ments; the smoothing helps mitigate against this. The
peaks in a modal response are generally more of a problem
than the dips [13]. It is possible to give more weighting to
the peaks by altering the merit factor. The squared devia-
tions above and below the best-fit line can be calculated,
and these can be added with a weighting factor so that a
greater contribution comes from the deviations above the
best-fit line. In the present work, however, equal weight is
given to the peaks and dips.


When optimizing the room layout it is necessary to
consider both the steady-state modal and the transient re-
sponses. These are both calculated with the desired source
and receiver positions, that is, the modal response is not
calculated between the corners of the room. The figure of
merit must be a single cost parameter, and so it is neces-
sary to combine the cost parameters for both the modal
and the transient responses calculated using Eq. (21). For
this a simple average is taken. Complications in the room
layout optimization arise because the loudspeakers and the
listener positions are interdependent. Consequently, defin-
ing the search limits for loudspeakers and listeners can
result in highly nonlinear constraints being applied to the
optimization procedure. It is necessary to define the search
regions for the source and the receivers, and in our imple-
mentation these regions are defined as cubes. It would be
possible to allow all the sources and receivers to vary
independently, but in reality some constraints must be ap-
plied. For example, it is necessary to maintain the angles
subtended by the front loudspeakers to the listeners within
reasonable limits for correct stereo reproduction. These
constraints are applied by brute force. If the simplex rou-
tine attempts to place the front stereo loudspeakers at an
inappropriate angle, the sources are moved to the nearest
point satisfying the angular constraints for stereo within
the search cube defined by the user. Further complications
occur because in most listening situations certain loud-
speaker positions are determined by others. For example,
in a simple stereo pair, both loudspeakers are related by a
mirror symmetry about the plane passing through the lis-
tener. Consequently there is only one independent source
location that defines a stereo pair, since the other is de-


pendent on the independent loudspeaker and listener po-
sitions. For surround-sound formats, similar interrelations
exist, which can be exploited.


4 TEST BED


4.1 Room Sizing
The optimizer was run for a wide variety of room sizes:


7 m � Lx � 11 m, 4 m � Ly � 8 m, and 3 m � Lz � 5
m. A large number of solutions were gathered (200) to
enable the performance of the optimization to be tested
and to undertake a statistical analysis of the solutions
found. In most multidimensional optimization running the
procedure repeatedly from random starting positions will
give different “optimum” solutions. This happens because
the optimizing algorithm will get stuck in a local minimum
that is not the numerically best solution (the “global mini-
mum”) available. It has been found that in room sizing, the
difference in the modal response between the global mini-
mum and other good local minima is negligible, however.
Consequently, when used as a design tool, far fewer so-
lutions need be calculated than might be thought neces-
sary, and the best used with a good degree of confidence.


A frequency range of 20–200 Hz was chosen, as above
200 Hz the flatness of the modal response was not par-
ticularly sensitive to changes in dimension. As might be
expected, the gains to be made in avoiding degenerate
modes are at lower frequencies, where the modes are rela-
tively sparse. In addition, the accuracy of the prediction
models decreases with increasing frequency. The fre-
quency range for optimization may also be guided by the
Schroeder frequency. For the results shown here, the ab-
sorption coefficients were chosen to be 0.12 for all walls.


4.1.1 Results
To compare with previous work, an optimized solution


whose volume was roughly the same as that used by
Louden was chosen. This is to enable the fairest possible
comparison.


Fig. 4 shows the optimized modal response (1:1.55:
1.85) compared to one of the ratios suggested by Bolt
(2:3:5). In addition, the modal spectrum for the worst di-


Fig. 4. Modal response for three room dimensions, including Bolt’s 2:3:5 ratio.
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mensions found during the search is shown to give a sense
of the range of spectra that can be achieved (1:1.07:1.87).
As expected, a completely flat spectrum is not achieved
with optimization. A clear improvement on the Bolt 2:3:5
room is seen, however. The 2:3:5 room suffers from sig-
nificant dips, an example of which can be seen at 110 Hz.


The best ratio found by Louden (1:1.4:1.9) is compared
to the optimized response in Fig. 5. Improvement on the
Louden ratio is achieved, although the improvement is less
marked than with 2:3:5. Bolt also suggested the ratio 1:
1.25:1.6, which meets Bonello’s criteria as well. Fig. 6
shows the spectra compared to the optimized solution. The
modal response spectrum achieved by optimization is
clearly flatter.


The optimized solution was also compared to the regu-
lations and standards mentioned earlier. All of the ratios
by Bolt, Bonello, and Louden presented pass the EBU and
IEC regulations, as does the optimized solution. Only the
worst case fails to meet the regulations. The standards
appear to achieve their remit of not being overly proscrip-
tive while avoiding the worst cases. A comparison with the
preferred standard room sizes given in the standards and
regulations was also undertaken. Fig. 7 compares the op-


timized solution to the old and new IEC regulations. The
new standard room and the optimized solution are very
similar in performance. While the cost parameter is better
for the optimized solution (2.2) than for the new standard
room (2.5), this does not translate into an obvious im-
provement in the spectrum. (This gives a little evidence of
the sensitivity of the cost parameter; and the difference
limen appears to be greater than 0.3.) The old standard
room, however, is far from optimum, indicating a wise
revision of the standard.


Finally the optimized solution is compared to the
“golden ratio” (1:1.618:2.618) in Fig. 8. The golden ratio
is often quoted in the audio press, and so is of interest. It
was tested for this reason, despite the fact that the rationale
behind the golden ratio for room dimensions does not
appear particularly compelling from a scientific point of
view. It can be seen that the optimized solution has a more
even modal response and so is better.


4.2 Room Layout Optimization
Fig. 9 shows the best and worst spectra found for a


stereo loudspeaker position optimization. For both the
transient and the modal responses there is an improvement


Fig. 5. Modal response for three rooms, including best ratio found by Louden (1:1.4:1.9).


Fig. 6. Three modal spectra, including 1:1.26:1.59.
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in the flatness of the frequency response. These are typical
of the results found. Unfortunately a comparison with other
work is difficult because of the lack of previous literature.


5 DISCUSSION


The new method produces as good or better room di-
mensions than those based on previous work. The new


method has been shown to be an efficient way of finding
optimum dimensions and loudspeaker and listener posi-
tions. The modal response in a room is complex, and there
does not appear to be one set of magical dimensions or
positions that significantly surpass all others in perfor-
mance. There may be a numerically global minimum, but
many of the local minima are actually equivalent in terms
of the quality of the frequency response achieved.


Fig. 7. Comparison of optimized solution with standard rooms.


Fig. 8. Comparison of three room modal responses, including “golden ratio.”


Fig. 9. Results from optimizing for position. (a) Modal response. (b) Transient response.
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One significant advantage of this optimization tech-
nique is that it is possible to incorporate constraints that
may happen in real buildings. To take a room sizing ex-
ample, if the height of the ceiling is fixed in the building,
then it can be fixed in the optimizer, which can then look
for the best room width and length within the constraints
given by the user.


6 MAPS


It is possible to map out the complete error space being
searched by the optimizer, and therefore get further insight
into the processing of room sizing and optimizing source
and receiver positioning. This has been explored for the
problem of room sizing rather than layout optimization as
this enables a comparison with previous work. Such an
approach was carried out by Walker [5], and the findings
from his work have been fed into various regulations for
designing listening environments. The approach used in
this paper is similar, except that the error parameter is
more sophisticated as it is evaluated using a spectrum
rather than the modal spacing. Furthermore, it has been
investigated how robust a particular set of room ratios is to
mismatches between theory and reality.


For any particular room volume it is possible to plot the
variation of the figure of merit with the room ratios. Fig.
10 shows such a plot. Light areas have a large figure of
merit, and correspond to uneven frequency responses; dark
areas correspond to the best room sizes. A factor of merit
of 7 dB means that 95% of the levels in a spectrum were
within ±7 dB of the mean. This graph shows great simi-
larities with the contour plots produced by Walker. The
main light diagonal line running from the bottom left to
the top right corresponds to rooms where two of the di-
mensions are similar, having a square floor plan, and


therefore the distribution of the modes is uneven and the
figure of merit poor.


In interpreting these data it is important not only to look
at the value of the figure of merit at one point, but also to
look at whether nearby points are similarly good. For a set
of room dimensions to be useful, it is necessary for it to be
robust to changes in room size due to construction toler-
ances in terms of the size of the room and the properties of
the construction material. The theoretical model will not
exactly match reality, and it is important that the set of
room dimensions chosen be not overly sensitive to these
construction tolerances. Otherwise it is likely that the real
room may fail to perform as well as expected. Consequently
the best room dimensions are surrounded by other good
dimensions, and would be shown as broad dark areas in
Fig. 10. Using this principle, Fig. 10 can be further ana-
lyzed to clarify this point. The figure of merit for a room
dimension (Lx, Ly, Lz) is calculated as the largest value for
similar sized rooms whose dimensions are bounded by


Lx − �Lx � Lx � Lx + �Lx


Ly − �Ly � Ly � Ly + �Ly (22)


Lz − �Lz � Lz � Lz + �Lz


where √�Lx
2 + �Ly


2 + �Lz
2 < 5 cm.


Typically 20 rooms around a particular set of room
dimensions are considered in the process. The largest fig-
ure of merit value is taken rather than an average because
this assumes a worst-case scenario and reduces the risk of
a poor listening room being designed.


Fig. 11 shows the plot after this “averaging” process.
Now dark areas of the graph indicate room ratios that are
not only good, but are robust to construction tolerances.
The plot is, however, difficult to read and interpret, and
consequently an additional process is undertaken. While


Fig. 10. Variation of figure of merit (in dB) for 100-m3 room
with room ratio.


Fig. 11. Variation of figure of merit (in dB) for 100-m3 room
with room ratio after “averaging” to allow for parameter
sensitivity.
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the plot shows how the quality of a room varies with its
dimensions, what the designer is primarily concerned with
are which ratios give the best room response. For this
purpose the figures of merit are categorized into three
classes: best ratios, reasonable ratios, and others. Fig. 12
shows the categorized plot.


The problem is that it is difficult to know the sensitivity
of the listener to the merit factor values and so it is diffi-
cult to make the categorization. To put it more simply, is
a room with a 9 dB figure of merit as good as one of 7 dB?
What is the smallest perceivable difference—the differ-
ence limen? This is a problem common to all the methods
that look at the flatness of the frequency response since
rigorously derived subjective data describing the factors of
merit are not available. By inspecting some of the spectra


for different factors of merit it is suggested that 2 dB
would be a reasonable first guess at the difference limen.
Spectra of merit factors differing by 2 dB exhibit clearly
visible differences in response, which might be expected
to be audible. Further work is proposed in this area to
define a subjective sensitivity accurately.


Figs. 13–15 show the categorized plots for three room
volumes. Using these plots it is possible to design rooms
with good low-frequency responses. It is also possible to in-
vestigate a few key issues, as discussed in the next sections.


6.1 Room Ratios
How relevant are room ratios to room design? If a


simple room ratio could be used regardless of the room
volume, then it would be expected that the shaded maps


Fig. 12. Variation of room quality with room ratio after catego-
rization for 100-m3 room.


Fig. 13. Variation of room quality for 50-m3 room. Triangular
regions are mapped out by equations indicated. B1, B2—location
of two ratios attributed to Bolt; L–location of best ratio of Louden.


Fig. 14. Variation of room quality for 100-m3 room. S—standard
room size 7 × 5.3 × 2.7 m. Legend same as in Fig. 13.


Fig. 15. Variation of room quality for 200-m3 room. Legend
same as in Fig. 13.
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produced would be the same whatever the room volume.
Figs. 13–15 show the plots for rooms of 50, 100, and 200
m3. The smallest room has fewer good ratios compared to
the larger rooms, although the general pattern has some
similarities. If the strictest criterion for a room is taken,
using the darkest areas in the figures, then there are very
few room ratios (about 20 clustered around 1:2.19:3) that
can be applied to all three room volumes. These 20 ratios
are useful because they are robust to room volume. How-
ever, it is overly restrictive to work with these ratios alone,
because there are plenty of other solutions with different
aspect ratios that might be useful in a particular room
design. Using an optimizing procedure, as outlined previ-
ously, frees the designer from the need to work with only
a small number of ratios that apply across all volumes.


6.2 Comparison with Best Ratios
from Literature


The shaded plots also allow the results to be compared
with previous work. Bolt suggested a ratio of 2:3:5
(equivalent to 1:1.5:2.5), which is labeled B1 in Figs. 13–
15. Interestingly this is not a ratio with a high factor of
merit for any of the room volumes tested. The best ratio
found by Louden (1:1.4:1.9, labeled L) is also shown,
along with the ratio of 1:1.25:1.6 suggested by Bolt (la-
beled B2). Again these do not appear to represent a good
choice. It is suggested that this is because the ratios are not
robust to constructional variations. The best room (7 × 5.3
× 2.7 m) suggested in standards, which has a volume of
100 m3, faired well in comparison to the optimized room
as discussed previously. This is labeled S in Fig. 14 and is
shown to be a reasonable and robust solution, although
better ratios do exist.


Figs. 13–15 also show the regions suggested in various
standards. (They also have the stipulation that the ratios
should not be within ±5% of integer values, but these
exclusions are not marked.) The standards identify wedges
shaped sets of ratios which avoid the worst possible
rooms. In light of the analysis shown here, it might be
appropriate to alter the criterion to better identify regions
where the probability of building a good room is in-
creased. In particular, the upper bound in Eq. (2), relating
to rooms with large aspect ratios, allows rooms with rela-
tively poor quality. It is suggested that revising the crite-
rion would solve this problem:


1.1Ly


Lz
�


Lx


Lz
�


1.32Ly


Lz
+ 0.44. (23)


Alternatively, desirable room ratios can be read directly
from Figs. 13–15, which enable robust, good-quality
rooms to be achieved.


7 CONCLUSIONS


A method has been presented to enable determining the
size of small critical listening spaces as well as appropriate
positions for the loudspeakers and listeners. Criteria for
room size and layout have been adopted so as to minimize
the coloration effects of low-frequency modes, as pre-


dicted in steady-state modal and transient responses. This
method is an improvement over previous methods for de-
termining room sizes in that the theoretical basis relies on
a more accurate model of the room response, as opposed
to a simple examination of the modal frequency spacing
for a rigid box. The system is flexible in that it can search
for the best dimensions within constraints set by the de-
signer. Furthermore, the procedure has flexibility in that as
better prediction models of rooms become available, they
can be used within the general optimization design proce-
dure. Results demonstrate that the new search method pro-
duces room sizes that match or improve on the room ratios
published in the literature. When applied to room layout,
the optimization procedures are successful in finding po-
sitions with flatter modal and transient responses. Varia-
tions in room quality for different room sizes have been
examined and plots produced which enable the designer to
select appropriate room sizes. These plots have included
allowance for constructional variations, which had not been
considered in previous work. Future work will include
adding this concept of construction variation to the opti-
mization algorithm, in addition to investigations into the
subjective characterization of the chosen cost parameter.
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Sealed cabinet: other considerations

• To prevent box being too large compliance ratio α = CAS/CAB should be 3-10

- The compliance ratio should be more than 3, this ensures that the size of the box is

not too large

- The compliance ratio should be less than 10, this ensures that the mechanical

suspension is not too compliant (a very compliant/flexible suspension gives us a large

α). If the suspension is too compliant the system might become mechanically unstable.

• Driver resonance fs should be less than half system resonance fc

• EBP = fs/QTS

- EBP < 50 better for sealed cabinet

- EBP > 100 better for vented cabinet

- In-between, could be used for either

23
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SUITABILITY OF LOW-FREQUENCY DRIVERS


FOR HORN-LOADED LOUDSPEAKER SYSTEMS


Richard H. Small


School of Electrical Engineering
The University of Sydney
N.S.W. 2006 Australia


ABSTRACT


The efficiency, bandwidth and power capacity of low-frequency
horn-loaded loudspeaker systems are directly affected by the
parameters of the driver used. Three new composite driver
parameters, formed by simple combination of the basic parameters,
give a direct indication of driver suitability for horn-loaded
operation. These composite parameters also greatly simplify
the selection of optimum horn constants and the calculation
of system performance and ratings.


1. INTRODUCTION


Up until about 5 years ago, it was nearly impossible to


obtain complete parameter information for the low-frequency


moving-coil drivers available in the marketplace. As a result,


the design of loudspeaker systems using these drivers was


largely a matter of trial and error, often with disappointing


results. Now, most manufacturers of loudspeaker drivers can


supply a complete set of parameters so that performance of a


driver in any enclosure can be predicted with reasonable


accuracy. This approach is now routine in the design of


direct-radiator loudspeaker systems.


Knowledge of fundamental driver parameters also permits


prediction of the performance of the driver in a horn-loaded


-1-







loudspeaker system. Some of the important relationships are


presented in this paper. From these relationships it is shown


that a few composite parameters can serve as a good guide to


the performance possibilities of a driver.


2. HORNS AND DRIVERS


It is well known that the flare rate and mouth area of


a horn (and hence the horn size) determine the lower cutoff


frequency of a horn system. In practice this must always


be so; otherwise the horn would be needlessly large and


costly for the response achieved.


Almost all other performance factors of the horn loud-


speaker system are determined by the driver and by the chosen


ratio of driver diaphragm area to horn throat area.


We may isolate the influence of the driver on system


performance by analysing a simplified system in which the


horn is replaced bY a rigid tube of infinite length having


the same area as the horn throat. Such a system is illustrated


in Fig. l; it differs from the horn system only in that its


low-frequency response is not limited by the horn. An impedance-


type mechanical analogous circuit for this system is shown in


Fig. 2. The symbols used in Figs. 1 and 2 are defined below.


B Magnetic flux density in driver air gap.


o Propagation velocity of sound in air, 345 m/s .


CMB Mechanical compliance of air in box behind driver, = VB/Po c2


CMC Mechanical compliance of air between driver diaphragm
2


and horn throat, = Vt/Poe


CMS Mechanical compliance of driver suspension.
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eg Voltage applied to driver terminals.


fg Mechanical force generator for analogous circuit,


= egBZ/R E = egRMB/B_ ·


Length of voice-coil conductor in magnetic field.


LB Electrical inductance of driver voice coil.


MMB Mechanical air-load mass on rear of driver diaphragm.


MMD Mechanical mass of driver diaphragm and voice coil.


R E Dc resistance of driver voice coil.


RMB Mechanical resistance on rear of driver diaphragm.


RMD Mechanical resistance on front of driver diaphragm,


= (SD/ST) PoCS D ·


RME Mechanical resistance of driver motor, = B2_2/RE .


RMS Mechanical resistance of driver suspension losses.


SD Effective projected surface area of driver diaphragm.


S T Area of horn throat or tube, always _ S D .


uD Mechanical velocity of driver diaphragm.


VB Volume of air enclosed in box behind driver.


VC Volume of air between driver diaphragm and horn throat.


Po Density of air_ 1.18 kg/m 3


For simplicity, the voice-coil inductance and diaphragm-


throat coupling volume are ignored in this paper. The effects


of these elements on the system high-frequency response are


easily calculated in a practical case_ but our purpose here is


to establish the importance of the primary driver parameters


such as motor strength, mass, compliance, excursion limit,


and thermal power limit. The circuit of Fig. 2 thus simplifies


to that of Fig. 3, where series elements of like type have
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been combined to give RM2 = RMB+RMs , CS2 = CMBCMs/(CMB+CMs ) ,


3. HORN-SYSTEM EFF ICI _CY


The efficiency of a horn system is the ratio of the power


delivered to the throat to that taken from the driving source


at the middle of the operating band. For midband operation,


the circuit of Fig. 3 yields an efficiency _T given by


RMB RMD


_T= R_+RMD+RMa"_ ' (1)


This expression has a maximum for RMD 2 = RM2(RME+RM2) , but


for most practical systems RM2 is quite small and maximum


efficiency results from using the lowest realizable value


of RMD; this occurs for SD/S T = 1 . The maximum attainable


efficiency is than approximately


1


_T(max) = RM 0 RM 2 RM 2 , (2)


l+_-'_+F-_+ _


where RMO = PoCSD is the value of RMD for SD/S T = 1 . Note


that RMD , which depends only on physical constants and the


driver diaphragm area, is thus a fundamental parameter of the


dr iver.


If RM2 is negligible, the above equations reduce to


RME


and


RME


_T(max)= _+RMO (4)
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4. HIGH -FREQUBNCY LIMIT


For the curcuit of Fig. 3, the power delivered to the


throat falls by 3 dB at the frequency for which the reactance


of the mass Mb_ equals the total circuit resistance. The


upper half-power frequency fH is therefore given by


RME+R_)+RM2


eH = 2_ 2 (5)


Note that both this frequency and the system midband efficiency


_T are functions of the value of RMD and hence of the


diaphragm-throat coupling ratio SD/S T , because RMD = (SD/ST)RMo .


5. EFFICIENCY-BANDWIDTH PRODUCT


If we examine the hehaviour of the system more closely,


we find that the product of the system efficiency and the


upper cutoff frequency is almost constant as SD/S T is varied.
From Bqs. 1 and 5, this product is


RME RMD fs RMD


_where fS and QES are the common driver parameters given for


this application by


1


' fS - _ , (7)


gss = 2_/R_ (a)


Eq. 6 exhibits a slight dependence on RMD , but if RF$9
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is negligible, this dependence disappears. We can thus define


for the driver a horn-loaded efficiency-bandwidth product EBP


given by


EBP A RME f$
=2_ =_ (9)


This number, which depends only on parameters of the driver,


absolutely restricts the efficiency v_s bandwidth tradeoff


available from the driver in any horn system. Note that


maximum efficiency implies minimum bandwidth, and that extension


of bandwidth requires a proportional sacrifice in efficiency.


The tradeoff is controlled by the selection of SD/S T .


It is interesting to compare the above result with the


driver properties which determine the low-freguenc _ cutoff


when the driver is used in a direct-radiator system.


For closed-box systems, it is easily shown that, provided


the driver has low mechanical losses and a sufficiently low


QES' the minimum obtainable lower cutoff frequency f3(min) is


about 0.Tfs/QBs . Current design practice utilizing unity


system Q gives a practical cutoff frequency f3 of about


o.Sfs/OEs


For vented-box systems, provided the driver has suitably


low Q to begin with, it can also be demonstrated that the


cutoff frequency in a normal flat-response alignment is in the


range of 0.3fs/_S to 0.Sfs/QEs .


Thus, for extended bass in a direct-radiator system, the


value of EBP for the driver must be of the order of 50 Hz for


use in a closed-box system or lO0 Hz for use in a vented-box


sys%em. These requirements are clearly incompatible with the
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obvious nee_ for as high a value of EBP as practicable for


horn applications.


6. HORN-SYSTEM POWER CAPACITY


The maximum acoustic power output available from the


system of Big. 1 is limited by the air-volume displacement


capability of the driver. If the peak mechanical displacement


available from the driver diaphragm with good linearity is


Xma x and the diaphragm area is SD_ then the peak displacement


volume is VD = SDXma x . Then, at any frequency f, the


displacement-limited acoustic power output PAR is given by


2_2Po c f2 (lO)
PAR 4f) = _ (SD/S T ) VD 2


If we adopt a reference condition of SD/S T = 1 and f = 50 Hz ,


then we can define a displacement-limited reference power


output PAR(per) for the driver in horn applications:


PAR(per) = 2xlO ? VD2/S D 411)


This parameter permits us to calculate, for any hozn system


using the driver, the displacement-limited power output rating


for any frequency in the system passband. For example, allowing


SD/S T to vary but keeping f = 50 Hz ,


PAR(50) = PAR(Per) · SD/S T 412)


At any other frequency fl' such as the lowest frequency for


which the horn system is required to supply full power output,


VAR(fi) = PAR(50) ' (fl/50) _ · (.13)
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Note that the maximum displacement-limited output available


from a given system is directly influenced by the familiar


ratio SD/S T and is thus interrelated with the system efficiency.


Raising SD/S T to obtain increased displacement-limited power-


output capability results in a reduction of efficiency and


therefore a more than proportionate increase in the required


in_ut power.


iq. 10 demonstrates that the driver Large-signal parameter


_VD is just as important to horn loudspeaker performance as it


is to direct-radiator performance. The same thing may be said


for the driver large-signal parameter Pi(max) which represents


the ability of the drivervoice coil to dissipate heat; this


parameter must have a high value if system operation at high


power levels is desired. However, the usually high efficiency


of horn systems does provide some advantage in that less of


the input power is actually dissipated in the voice coil.


For an efficiency _T' the thermally-limited horn-system input-


power rating PiN(max) may be PE(max)/(1-_T) .


As with direct-radiator systems, overall horn-system


power capacity may be restricted either by displacement


limitations or by thermal power limitations, depending on the


system lower cutoff frequency. For a given horn-system design,


the thermal input-power limit PiN(max) and the corresponding


maximum output PA(max) = _TPiN(max) are not a function of


frequency within the system passband. However, PAR and hence


the corresponding displacement-limited input-power rating


PER = PAR/_T are strong functions of frequency. This implies


that if the designer wishes to use the full available thermal


power capacity of the driver without exceeding its displacement


limit, he must restrict the minimum operating frequency fmin


such that at fmin' PAR(fmin. ) = PA(max) , or equivalently
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PgR(fmin) = PiN(max) . For this condition, fmin is a function


not only of the driver parameters but also of SD/S T and therefore


interrelated with the other performance factors already


discussed.


7. JUDGING DRIVER SUITABILITY


The EBP is clearly an important small-signal indicator


of the usefulness of a driver in horn-loaded applications.


tA high value of EBP implies that for a specified level of


efficiency the driver-mass-limited upper cutoff frequency


can be high or that for a given upper cutoff frequency


requirement the efficiency can be high.


Knowledge of _T(ma×) is also important, because this
sets the limit to freedom of bandwidth-efficiency tradeoff.


And clearly, high system efficiency is not obtainable from


a driver with low _T(max), regardless of its EBP.


While VD and PE(max) are adequate indicators of relative


driver suitability in horn applications, some advantage can be


gained by examining PAR(ref) in place of V D . This new parameter


has the familiar dimension of watts and permits rapid calculation


of system displacement-limited performance for any values of


SD/S T and Iow-frequency cutoff.


The horn-application parameters for a selection of drivers


are listed in Table 1. Some of the drivers included were


specifically designed for direct-radiator use) none are


cheap skimped-magnet specials. There is about a 2:1 variation


in _T(max), and the potentially good direct-radiator woofers


and potentially good horn woofers are clearly distinguished


by their low and high values respectively of EBP. The larger
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drivers have a clear advantage in obtaining high values of


PE(max) and PAR(tel).


8. SYSTEM PERFORMANCE


The relationships developed in this paper may be used


not only to compare the performance potential of drivers but


also to assess the specific system capabilities of a particular


driver and to determine the required ratio of SD/S T in a


practical application.


As an example, let us examine the horn-loaded capabilities


of the type 365 12-inch driver. This d_iver was designed for


horn-loaded applications and has the given, measured or


calculated parameters expressed below in mechanical form.


MM2 52 g


RME 60 N-s/m


RMS 9 N.s/m (assumed value for RM2 )


RMO 21N.s/m


SD Sllcm2


VD 255 cm3


PE(max) lsow


From these were calculated the parameters for Table 1:


EBP 180Hz


_T(max) 48


PAR(fei) 26 W


The performance capabilities of the 365 in a horn system are


displayed in Fig. 4 as a function of the ratio SD/S T .


The curves of Fig. 4a show how _T' fH and fmin vary with


SD/S T . Those of Fig. 4b show the variations in the SO-Hz
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displacement-limited power ratings PAR(50) and PER(50), and


in the thermally-limited power ratings PiN(max) and PA(max),


as a function of SD/S T .


A choice of SD/S T may now be made on the basis of the


system design goals. Of the many possibilities, three examples


are explored below.


a) Maximum possible efficiency is desired.


The maximum possible efficiency is _T(max), and it is


obtained by setting SD/S T = 1 The upper frequency limit


is then fH = 275 Hz. Note that for this condition fmin is


107 Hz. Thus if the horn is designed to have its low-frequency


cutoff above this frequency, the system will be thermally


limited to ratings of 250 W input and 120 W output. If response


to below fmin is desired_ the system will be displacement


limited to lower ratings.


b) The required horn-system frequency coverage is 50-500 Hz.


To meet the requirement on fH (voice-coil inductance and


coupling volume willing), SD/ST must be 4.5 ; then _T is


34 _ and the large-signal operation is thermally limited to


ratings of 195 W input power and 65 W output power. Note


that low-frequency response could be extended to fmin or 39 Hz


(by proper horn design) before the driver displacement limit


is reached.


c) Maximum possible power ratings are required for a lower


cutoff frequency of 70 Hz.


In this case we select fmin = 70 Hz_ for which SD/S T


must be 2.1 . Then fH = 350 Hz, _T = 45 _ , and the power


ratings are 235 W input and 105 W output.
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g. CONCLUSIONS


i) The maximum efficiency attainable from a horn loudspeaker


system is fixed by the properties of the driver.


ii) The driver also limits the horn system performance


through the EBP.


iii) Adjustment of a horn system to achieve maximum efficiency


results in minimum high-frequency bandwidth and minimum


displacement-limited power capacity.


iv) Knowledge of the driver parameters allows the designer


to determine rapidly the performance possibilities as


a function of SD/S T .


v) Where high performance is required from a horn loudspeaker


system, the driver should provide high values of EBP,


_T(max), PAR(tel) and PE(max).


It is interesting to note that the desirability of a


high value of BBP for low-frequency horn applications is


incompatible with the general requirement of a low value of


EBP for direct-radiator use where extended bass response is


desired. Thus in general good horn drivers do not make good


direct-radiator drivers, and vice versa.


10. ACKNOWLBDGEMENT


The relationships presented in this paper are based on


an original analysis of horn loudspeaker systems by D. B. Keele,


Jr. which was communicated privately to the author in 1976.


-12-







VB


vc sT


!


Fiqure 1.


Simplified horn-driver system consisting of driver,


rear enclosure of volume VB, front coupling volume


VC and throat of area ST replaced by infinite tube.







fg _ _/_2 i


T m_ 'C'cT''
Fiqure 2.


Impedance-type mechanical analogous


circuit for the system of Fig. 1.


fl-C-1 I(_


Fiqure 3o


The circuit of Fig. 2 simplified by neglecting the effects of


voice-coil inductance and diaphragm-throat coupling volume.
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Figure 4.


The horn-loaded performance capabilities of the type 365


12-inch driver. (a) The primary small-signal performance


indicators _T and fH' and the frequency for simultaneous


thermal and displacement limit fmin' plotted as a function


of the diaphragm-throat area ratio SJST. (b) The 50-Hz


displacement-limited power ratings PAR(50) and PER(50)_ and


the thermally-limited power ratings PiN(max) and PA(max),


plotted aS a function of S_STo







DRIVER NOMINAL PE(max) EBP _T(max) PAR(ref)
MODEL DIAMETER


in W Hz % W


FE103 4 10 180 46 0.7


5060 5 10 110 46 0.3


BllO 5 30 110 58 1.7


6-25 6 25 180 50 1.1


7066 7 40 75 34 4


LE8T 8 25 70 42 6


$P1039 8 80 50 37 6


8066 8 40 55 BO 7


10100 lO 40 110 51 6


12100 12 40 80 48 16


365 12 130 180 48 26


D130 15 60 160 55 4


130A 15 60 210 62 4


2205A 15 150 140 61 11


LE15 15 150 100 39 40


475 15 200 80 45 43


189E$ 18 500 120 63 85


24INCH 24 500 170 65 114


Table 1.


The horn~performance driver parameters EBP_ _T(max) and


PAR(ref) for a selection of high-quality drivers.







Sealed cabinet: other considerations

• Cabinet panels exhibit resonances which can further colour the loudspeaker response

• To minimise panel resonance cabinets should be made as stiff as possible

- Use reasonably heavy weight materials (e.g. 1/2 inch plywood)

- Use internal bracing to stiffen cabinet

• Can you think of any other considerations?
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Sealed cabinet: other considerations

Figure 15: Click here to watch our KEF seminar!.
25

https://www.youtube.com/watch?v=qzcMLB-kEiY


Cabinet damping



Cabinet damping: why bother?

• When the wavelength is an integer multiple of a

cabinet dimension we get cavity modes=

• Cavity modes can cause unwanted fluctuations in

the frequency response

• Their influence can be reduced by adding

damping/absorption in the cabinet (just like in

room acoustics)

• Problem: added damping also effects the

frequency response of the loudspeaker - it

changes the Q-factor and resonance frequency

• So, how do we design a loss sealed cabinet?

CABR, VM

RAB

CABC , VA

MAD, CAD, RAD

2MAf1 , 2RAf1

UD

Figure 16: Sealed cabinet

loudspeaker with added damping.
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Sealed cabinet: apparent volume

• Adding absorbent material in the cavity increases the apparent volume

• Compliance of a volume is determined by its volume and the bulk modulus of air

CAB =
VB

ρ0c2
=

VB

γP0
(33)

• Gaseous compressions are usually adiabatic (no exchange of heat) - if you add
porous material compressions become isothermal

- Speed of sound decreases - e.g. in Cellufoam it decreases from 344.8 to 292 m/s.

- Compliance increases - volume appears larger than in adiabatic conditions

• Specific heat ratio γ reduces from 1.4 in adiabatic conditions to 1 in isothermal

conditions
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Cabinet damping: equivalent circuit loading

• Added cavity damping alters the load on the rear of the driver

• ZAB represents the impedance due to the cabinet (i.e. not including air loading)

• Assume impedance due to air loading same as un-baffled so: ZAf + ZAb = 2ZAf

ZAf

ZAb

ZAB

2ZAf MAB

CABC CABR

RAM

Figure 17: Equivalent circuit loading for lossless sealed cabinet.
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Cabinet damping: dual compliances

• Rear load on loudspeaker due to cabinet

ZAB = RAB +����jωMAB +
1

jωCAB
(34)

• We again assume that box adds no additional mass (MAT ≈MAS), and for a lossy

box RAB ̸= 0 and CAB = CABC + CABR (capacitors in parallel, can ignore RAM )

CABC =
VA

γP0
CABR =

VM

P0

1

jωCAB
≈ 1

jω(CABC + CABR)
(35)

• Damping in the cavity has resistance RAM = dRf/3SM where Rf is flow resistivity

and SM is material area, and d is the material depth - what about RAB?
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Cabinet damping: apparent volume

• Find cavity damping RAB by taking real part of ZAB

RAB = real (ZAB) =
RAM(

1 + CABC
CABR

)2
+ ω2R2

AMC2
ABC

(36)

• Net compliance CAB gives the ‘apparent’ volume VAB

CAB = CABC + CABR → VAB

γPo
=

VA

γPo
+

VM

Po
(37)

• The physical cabinet volume is smaller than the apparent and is given by,

VAB = VA + γVM > VB = VA + VM (38)
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Cabinet damping: so what’s changed?

• Total acoustic mass, compliance and damping

MAT = MAD +MAf +MAb +���MAB (39)

CAT =
CASCAB

CAS + CAB
CAB = CABC + CABR (40)

RAT =
(BL)2

S2
DRE

+RAD +RAf +RAb +RAB (41)

• As for lossless cabinet, the resonance frequency has the form

ωc =

√
1

MATCAT
(42)

• How does this compare to the infinite baffle driver?
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Cabinet damping: so what’s changed?

• Infinite baffle resonance

ωs =

√
1

MASCAS
(43)

• Sealed cabinet resonance

ωc =

√
1

MATCAT
=

√
CAS + CAB

MATCASCAB
(44)

• Their ratio (assuming MAS ≈MAT ) describes shift due to damping

ωc

ωs
=

√
CAS+CAB

MASCASCAB√
1

MASCAS

=

√
1 +

CAS

CAB
=

√
1 +

VAS

VAB
(45)

• What about the Q-factor(s)..?
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Cabinet damping: more Q-factors..?!

• Q-factor of speaker,

QTS =
1

RAS

√
MAS

CAS
, RAS =

(BL)2

S2
DRE

+RAD +RAf +RAb (46)

• Total Q-factor of speaker+cabinet (MAT ≈MAS),

QTC =
1

RAT

√
MAS

CAT
, RAT =

(BL)2

S2
DRE

+RAD +RAf +RAb +RAB (47)

• Lets look at the Q-factor ratio,

QTC

QTS
=

1
RAT

√
MAS
CAT

1
RAS

√
MAS
CAS

=
RAS

RAT

√
1 +

CAS

CAB
(48)
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Cabinet damping: find the volume

• Simplify by defining electrical, mechanical and box Q-factors (using MAS , CAS),

QES =
S2
DRE

(BL)2

√
MAS

CAS
, QMS =

1

RAD +RAf +RAb

√
MAS

CAS
, QMB =

1

RAB

√
MAS

CAS

(49)

• Now in terms of Q-factors and volumes

QTC

QTS
=

1
QES

+ 1
QMS

1
QES

+ 1
QMS

+ 1
QMB

√
1 +

VAS

VAB
(50)

• Now, recalling that VAB = VA + γVM , solve for VA, the free space volume!
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Cabinet damping: find the volume

• Free space volume given by,

VA = VAB − γVM =
VAS

Q2
TC

(
1

QTS
+ 1

QMB

)2
− 1
− γVM (51)

- VAS is the equivalent volume of the driver suspension (TS param), VM is the volume

of absorbent material and VA is the remaining free space.

• Problem: VA (or CABC) is required to calculate RAB (for QMB)...

• Solution: A first approximation obtained by letting QMB →∞

VA =
VAS(

QTC
QTS

)2
− 1
− γVM (52)

• VA is then used to obtain RAB and then QMB. After, we recalculate VA using the

top equation - this is the required free space volume. Then, VB = VA + VM .
35



Lossless vs. lossy

• For an infinite baffle we have MAS , RAS , ωs, and

QTS =
ωsMAS

RAS
(53)

• For a lossless cabinet we have MAT ≈MAS , RAT ≈ RAS , ωc, and

QTC =
ωcMAS

RAS
→ QTC

ωc
≈ QTS

ωs
(54)

• For a lossy cabinet we have MAT ≈MAS , RAT ≈ RAS +RAB, ωc, and

QTC =
ωcMAS

RAS +RAB
→ QTC

ωc
≈ 1

1 + RAB
RAS

QTS

ωs
(55)
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Lossy design process

1 Define ratio of free space volume VA to the material VM e.g. VM = VA/3

2 Get an initial estimate for the free space volume VA (assuming QMB =∞)

VA =
VAS(

QTC
QTS

)2
− 1
− γVA

3
→ VA =

VAS(
1 + γ

3

)((QTC
QTS

)2
− 1

) (56)

3 Use VA (or CABC) to estimate RAM and then RAB and QMB

RAM =
dRf

3SM
RAB =

RAM(
1 + CABC

CABR

)2
+ ω2R2

AMC2
ABC

QMB =
1

RAB

√
MAT

CAT

(57)
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Lossy design process

3 Use VA (or CABC) to estimate RAM and then RAB and QMB

RAM =
dRf

3SM
RAB =

RAM(
1 + CABC

CABR

)2
+ ω2R2

AMC2
ABC

QMB =
1

RAB

√
MAT

CAT

(58)

4 Update the volume estimate VA no longer assuming QMB =∞

VA =
VAS(

1 + γ
3

)(
Q2

TC

(
1

QTS
+ 1

QMB

)2
− 1

) (59)

5 Calculate resonant frequency using apparent box compliance CAB (or VAB)

ωc = ωs

√
1 +

CAS

CAB
= ωs

√
1 +

VAS

VAB
(60)
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Next week...

• Transmission line cabinet

• Vented cabinets

• Reading:

- Infinite baffle vs. sealed cabinet. Sec 8.2.1.2

- Transmission line. Lecture notes Sec. 8.2

- Vented cabinet. Lecture notes Sec. 8.3
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