
THE RICE INSTITUTE 

ON EXTENDING AUDIO FEEDBACK LOOPS TO INCLUDE 
* 

ELECTRODYNAMIC SPEAKERS 

By 

Earl R. Beck, Jr. 

A THESIS 

SUBMITTED TO THE FACULTY 

IN PARTIAL FULFILLMENT OF THE 

REQUIREMENTS FOR THE DEGREE CfF 

MASTER OF SCIENCE IN 

ELECTRICAL ENGINEERING 

Houston, Texas 
May, 1952 

rf+fi rs-y /9S2. 

'/Ljze. 



i 

ACKNOWLEDGEMENTS S17 

118 

It is a particular pleasure to acknowledge the assistance and en¬ 

couragement of Mr. P. E. Pfeiffer, who suggested the subject of the 

investigation. Mr. C. R. Wischmeyer also gave valuable suggestions 

and help, I wish to express to these men and Professor J. S. Waters 

my appreciation of their consideration and patience. 

Also I wish to thank my friend, Mr. Martin Brown, for his help in 

setting up equipment outdoors for certain tests. 

Earl Beck 



ii 

TABLE OF CONTENTS 

Acknowledgment i 

Table of Contents ii 

Summary 1 

1. Introduction 3 

2. Elementary Loudspeaker Analysis 5 

3. Elementary Theory of Operation 12 

4. Sources of Loudspeaker Distortion 14 

5. All-Electrical Equivalent Circuit 14 

6. Analysis of Low-Frequency Damping 16 

7. Effect of Frequency Compensation on Distortion Reduction 26 

8. Effect af Corrugations in the Cone 28 

9. Effect of Symmetrical Modes 32 

10. Amplifier Considerations 34 

11. Experimental Approach 36 

12. Attempted Bridge Measurements 40 

13. Methods of Obtaining a Voice-Coil Velocity Voltage 42 

14. Means of Obtaining Displacement Voltages 45 

15. Description of Velocity Pickups Used 47 

16. Description of Displacement Pickup Used 53 

17. Experimental Results With Pickups Used 58 

18. Conclusions Possible From Velocity Curves Taken 66 

19. Possible Effect of Feedback on High-Frequency Transients 69 

20. Method Used to Study Damping at High Frequencies 7*3 

21. Results of Transient Response Tests 77 

22. Conclusions and Suggestions for Further Work 90 



Appendix A. 

Appendix B. 

Appendix C. 

References 

TABLE OF CONTENTS iii 

(Cont*d.) 

Audio Amplifier Used for Transient 
Response Tests 93 

Tone Burst Generator Used for Transient 
Response Tests 96 

Analysis of Bridge Circuits for Obtaining 
Motional Voltage 99 

100 
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ON EXTENDING AUDIO FEEDBACK LOOPS TO INCLUDE ELECTRQDYNAMIC SPEAKERS 

Summary* The purpose of the investigation was to determine the applica¬ 

bility of extending inverse feedback techniques to electrodynamic loud¬ 

speakers by finding first, what the general limitations were, and second, 

how much improvement in speaker characteristics could be secured. 

A simple lumped-constant representation of low-frequency speaker 

behavior was used for analysis of various types of electrical damping. 

Constants were determined for a typical speaker and mounting, and also 

for a suitable output transformer. The resulting combined equivalent 

circuit could be used to calculate the characteristics of the low-fre¬ 

quency cutoff, but was of little help for the upper cutoff. No simple, 

adequate representation of high-frequency speaker behavior could be 

found. 

An attempt was made to measure the frequency characteristics of the 

voice coil motional voltage by bridge measurements, but this was abandon¬ 

ed because of difficulties inherent in the method and lack of proper 

sized bridge elements. Three methods applicable to practical feedback 

systems were next used to obtain a speaker motional voltage. It v/as 

impossible to get usable high frequency data with two of the types, 

at least with the versions used, and the third gave misleading results. 

It appeared that the more obvious ways of obtaining a motional voltage 

were not as simple to use as one might expect from references in the 

literature. More accurate data obtained with a frequency modulation 

type of displacement pickup (whose output is much less convenient to 

use in a practical feedback system than the output of a velocity pick¬ 

up) put the upper limit to the use of feedback from 4 to 9 kc in a 

few typical cases, on a velocity to voice coil voltage basis, and 
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with the latter held constant. Use of a high impedance amplifier would 

probably extend this limit at least one octave, but limitations in the 

measuring systems prevented finding the actual limit in this case. 

Transient response tests were made, and the results indicated 

qualitatively that electrical damping has noticeably less effect on 

speaker performance at the middle and high audio frequencies' than at the 

lower ones. This means that the beneficial effects of feedback would be 

less at the higher frequencies, than at the low. 

Velocity-type feedback is potentially a useful means of controll¬ 

ing speaker damping and providing some distortion reduction in the 

speaker itself, at least in the range of piston action. Velocity-type 

feedback is a considerably more effective means of speaker damping than 

the usual method of impedance reduction by feedback from the output of 

the amplifier. 

Further work is necessary to find the exact upper limit to the use 

of feedback with typical speakers, and to develop a velocity pickup 

which can cover all the usable feedback range. Frequency response and 

distortion tests on an actual speaker feedback system are needed to 

evaluate definitely the worth of such systems. 
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1* Introduction. The application of feedback technique in the improve¬ 

ment of the performance of electronic amplifiers is well known and widely 

usedf so much so, for instance, that almost all quality audio amplifiers 

made today use at least same inverse feedback. Recently, articles have 

appeared which discussed and in same cases described the application of 

inverse feedback to other elements of an audio system. Boer and Schenkel 

in 1948 reported the successful use of inverse feedback on the electro¬ 

dynamic and ribbon microphones, and gave performance curves [l]. Chavasae 

and Poincelot in 1950 also obtained good results with the electrodynamic 

microphone [2]. R. L. Tanner in the March, 1951 issue of Electronics 

[33, discussed the use of the feedback principle with loudspeakers, and 

described a method of obtaining the motional impedance voltage as the 

feedback signal. J* P. Wentworth in the December, 1951 issue of Audio 

Engineering [43, again discussed the possible application of inverse 

feedback to speakers, and gave another method for obtaining the motional 

voltage. However, there are earlier references to the subject. The 

first one seems to be in the Tokyo Electrotechnical Journal of May, 1938, 

under "Research Items" [53* Y. Otuka gave a brief general statement of 

the improvement in performance that could be obtained by using feedback 

on speakers, and a rather meager description of a system that he had 
s 

designed. No performance data' were given and it is difficult to tell 

from the text of the note whether Otuka actually had his system working. 

The next reference is in the book Elements of Acoustical Engineering, 

by Harry F. Olson [63. In Section 6.14, beginning on page 158 of the 

second edition, two speaker feedback systems are described. However, 
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the very same material appears on pages 135 and 136 of the first edition, 

published in 1940. System "Bn uses a microphone pickup, and is the same 

as 0tuka*s.. "A” uses a coil attached to the apex of the cone - the coil 

moving in the field of a small magnet. For this last system, sound pressure 

response curves for a particular amplifier and speaker combination are 

given for 0 and 15 db of negative feedback, and show very noticeable 

smoothing of response for the feedback case relative to that with no feed¬ 

back. This set of curves is the only published evidence found that shows 

that a speaker feedback system was ever actually put in operation. Even 

so, there are no details of the design or the factors influencing it, 

other than a statement .that is was "..not an easy proposition to employ 

feedback in this way...". 

In view of the current interest in the subject, its importance and 

the fact that there appeared to be very little definite information 

available.on the limitations of the feedback technique applied to speakers, 

and for designing a practical system, it was felt that some further inves¬ 

tigation would be of interest. Accordingly, the purpose of this investi¬ 

gation was to find out what benefits might be obtained from using inverse 

feedback with loudspeakers, what limitations there were on such use, what 

the important design considerations were, and finally, if it was feasible 

to construct such a system. 
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2. Elementary Loudspeaker Analysis, (£63* C73» Ch. VII [83) 

A simple picture of loudspeaker behavior is necessary for what follows, 

and will be presented next. Since the electrodynamic direct radiator speaker 

is by far the most common -type in use, attention will be centered on its 

basic form, the single-coil,, single-cone type* The simple lumped con¬ 

stant representation used will be valid for the range of frequencies whose 
i 

wave-lengths are large in comparison to the diameter of the radiator, 
. ' . / /■ i : ' f * • 

Referring [to Figure 2.1, and using MKS units throughout, the following 

• '-frl 
quantities will be defined* 

K3 
s Stiffness of cane suspension in newtons per meter 

)KC = Stiffness of centering suspension in newtons per meter 
7 

/ ^e “ Stiffness of enclosure in newtons per meter 
• jl . 

/ MQ = Mass of cone in kilograms 

/ MyC= Mass of voice coil in kilograms 

j' ; 

Ma = Mass of air load in kilograms 

Bs = Mechanical resistance of suspension in newtons-sec. per meter 

Bc = Resistance of centering spider in newtons-sec. per meter 

. • i' ■ • 
Bg = Resistance of enclosure 

Bft = Resistance of air load in front of the cone 

Representation of the enclosure by a simple stiffness and resistance 

is not quite correct, but is adequate for the present purpose [9]. Where 

all parts of the cone move in phase, all of the corresponding terms above 

may be added to give just three parameters for the mechanical system* 

t,' 

K, M, and B, where K = Ks + Kc + Ke, etc. These parameters are shovm in 

the^mechanical equivalent circuit of Figure 2.2, together with the 
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FIGURE 2J 

-*:Bs 

COIL., SINGLE- CONE, DIRECT PADIATORJ 

DYNAMIC SPEAKER MOUNTED JN AN EN¬ 

CLOSURE, WITH MAIN PARAMETERS SHOWN 
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electrical circuit* For the latter it is necessary to define four new 

quantities* 

Rye = Resistance of voice coil in ohms 

LyC as Inductance of voice coil in henries 

b = Air gap flux density in webers per square meter 

a - Length of voice coil conductor in meters 

U as. ba in webers per meter 

The positive direction of velocity is chosen so that positive velocity 

gives a generated voice coil voltage which opposes the impressed voltage. 

With this choice, positive current gives a force on the voice coil which 

is in the direction of positive velocity. Applying Kirchoff*s loop rule 

to the electrical circuit, and letting j§ represent the complex variable 

of the Laplace transform* 

- X(Rvc + sLy.c) 

Applying D’Alembert’s principle to the mechanical system, and letting V 

represent cone velocity in meters per second* 

UI - BV - M - sM\T = 0. Since EL = UV, 
s 

(2.1) KRVC + sLyC) + TO = E± 

(2.2) IU + v (-£ - B - sM) as 0 
s 

Solving for the ratio Ei/l, the input impedance Z(s), 

(2.3) Zf(s) * (I^c + *»W + V2/(K/S + B + sM). 

The input impedance is then seen to be made up of two parts* the first, 

the static impedance of the voice coil or the impedance of the speaker 

with the cone blocked} the second, the inverse of the mechanical series 

resonant circuit or an anti-resonant Impedance. Equation (2.3) des¬ 

cribes the input impedance of all dynamic speakers, which typically 
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shows a peak at the mechanical resonant frequency in the range from 40 

to 250 cycles per second, and a rapid rise starting about 3 or 4 kc due 

to the voice coil inductance. The second term of (2.3) is called the 

motional impedance and is the fictitious impedance which, when multiplied 
. . • v'' 

by the voice coil current, gives the "back" or "motional voltage" due to 

the motion of the voice coil in the magnetic field* 

The height of the resonant peak in the speaker impedance is an indi¬ 

cation of the mechanical damping of the speaker, being equal to 

Prom (2*1) and (2*2), the ratio of velocity to impressed voltage is* 

(2.4) V£sl = _ P 
%U) (Rye + SIVQKVS + B + sM) + U* 

Based on a simplified picture of low frequency behavior, the above ex¬ 

pression indicates that the cone velocity drops off at 6 db per octave, 

above and below resonance, and finally at 12 db per octave due to the 

effect of the voice coil winding inductance, indicating an ultimate phase 

shift of -l80°. At the upper end of the speaker's range, the statement is 

possibly true only for a restricted portion of the cone close to the driv¬ 

ing coil, or only for the voice coil itself. 

The role of the flux density and voice coil conductor length in damp¬ 

ing the resonant peak of velocity is evident from (2.4), since the velocity 

at resonance is 

V(s) '= 2M2l_ 
re3 BR + Pa. 

vc 

neglecting sL^ in the vicinity of resonance, which is almost always a 

good assumption. 

The parameters defined in connection with Figure 2.1 are all assumed 

to be constant with the exception of Ba and M^, which vary with frequency, 

A plot of the various parameters for a speaker of 16 inch effective 
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MECHANICAL IMPEDANCE COMPONENTS 

OF A THEORETICAL 16 INCH SPEAKER, 
(FROM OLSON) 

IMPEDANCE IN MECHANICAL OHMS (MKS) VS. REQUENCY 

XMC = IMPEDANCE OF VOICE COIL ANO CONE MASSES 

XMA =» IMPEDANCE OF EFFECTIVE AIR MASS 

XK = IMPEDANCE OF CONE SUSPENSION 

BA = EFFECTIVE RESISTANCE OF AIR LOAD 

BS = RESISTANCE OF CONE SUSPENSION 
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diameter is given in Graph 2.1. The curves are taken from Olson (p.126, 

C63), and are for assumed piston action in an infinite baffle. The 

effects of air loading for this condition are used for theoretical pur¬ 

poses for speakers in finite baffles and give general information of 

value, but this use of course is not rigorous. Returning to the curves, 

Ma is seen to behave as an ordinary mass to a frequency about equal to 

1.5c/4rd, where e is the velocity of sound, and d is the diameter of the 

radiator. Ba is proportional to the square of frequency until a frequency 

of about 2c/mit where it then becomes substantially constant. 

For general calculations involving the velocity it is desirable to 

use constant approximations for and Ba. In the range of frequencies 

considered, good approximations are the values of these parameters at the 

resonant frequency. The accuracy of the approximations is indicated by 

the curves of velocity magnitude and phase of! Graph 2.2, which were com¬ 

puted using the above assumed values of Ma and Ba. The circles and 

crosses show values computed point-by-point from the curves of Graph 2.1. 

The effective values of M, K, and B may be found experimentally for 

a given speaker and mounting by first attaching known masses to the cone 

and observing the resulting new resonant frequencies. If fr is the original 

resonant frequency and ML is the added mass* 
<r O 

A, = V(2rrV^5 and f .» 3/(2TTVV(M + It,) 
2 2 2 2° 

K = 4uMf_ = Air (JH-Mrt)f_ o'~rr 

(2.6) Mf ; 
M = ° ro 

mT 2 1 

r rQ 

and 

(2.7) K = 4vf^M 
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At resonance, 

Zi = Rye + U2/fe 

from which U2/fe may be found b can be measured with a fluxmeter, and a 

may be found by counting the number of turns in the voice coil and 

measuring the mean diameter of the coil. Ry.c can be taken as the d-c 

resistance of the coil. L^, can be measured satisfactorily only by 

fixing the voice coil in the magnet air gap with paraffin and then using 

any convenient bridge method. R^ can, of course, be measured at the 

same time. 

3. Elementary Theory of Operation (p. 176-177 [7])» 

Where all parts of the cone move in phase, the sound power output 

is given by 

(3.1) P = BaV
2 

where V is the rms velocity. In this range of frequencies, the directional 

characteristic,. or the polar distribution of sound from the radiator, does 

not change greatly, so that the sound pressure response may also be approxi¬ 

mated by (3.1). Below f = 2c/rrd, Ba °< f2, so that for constant response 

(v/f must be constant, or V °C l/f and rises 6 db per octave below the 

frequency just named. Neglecting I^/ju and B in comparison to juM above 

resonance, for a constant input current, from (2.2) 

V7 0/jwM, 0 a constant 

fulfilling the requirements stated. Belov/ resonance V = ©/(l(/jw) — jw©/K, 

or V « f, which implies that P f ^ and hence drops off at 12 db per 

octave = 401og].o**) • The low frequency response of a dynamic speaker 

is thus seen to be limited by the frequency of the principal resonance, 

which is accordingly made as low as possible. 



Above f = 2c/Srd, the “frequency of ultimate mechanical resistance", 

the velocity should be constant for constant output? since Ba is then 

constant* If piston action were maintained above the frequency of ulti¬ 

mate resistance,’ it is obvious that the sound power output would fall off 

at 6 db per octave* The ideal velocity characteristic is then one which 

rises 6 db per octave with decreasing frequency below the frequency of 

ultimate mechanical resistance,' and is flat above that point on the fre¬ 

quency axis. In this connection, it is apparent that a current source, 

rather than a voltage one, will tend to produce a more constant output 

from the speaker. The. power delivered from a constant voltage generator 

will fall off at both the low and high ends of the speaker range because 

of the rise in the speaker's input impedance at these points, due to the 

principal mechanical resonance and the voice coil winding inductance, 

respectively. However, with the majority of speakers, the mechanical re- 

j 

sistances are usually small enough that the use of a current source produces 

an excessively high peak of response at the resonant frequency. The result¬ 

ing poor transient response and "boomy" quality are usually objectionable, 

so that a low impedance source driving the loudspeaker has been over¬ 

whelmingly preferred for quality audio systems. The principal reason that 

the mechanical resistances are small in most speakers is the fact that the 

radiation resistance, which depends primarily on the -size of the cone and 

the type of mounting used, is relatively small for the direct radiator 

speaker* Increasing the other mechanical resistances present in the 

speaker would improve the damping, but only at the expense of the efficiency, 

which is usually of the order of only 5 to 15<V'°, anywayi Electrical 

damping, of course, is free from this objection. 



4. Sources of Loudspeaker Distortion. 

There are four main causes of distortion in dynamic loudspeakers 

(pp. 163-173 [6], [10])* 

1. Non-linear suspension system 

2. Varying electro-mechanical coupling coefficient (U, as de¬ 

fined previously) 

3. Frequency modulation 

4. Non-linear characteristics of the air 

The last two effects will be neglected, since for a given speaker 

nothing done at the voice poil terminals could be expected to have much 

tortion introduced by them is a function of the amplitude of movement of 

the cone. The effect of the non-linear suspension may be easily seen by 

observing the change in the frequency of the principal resonance as the 

input voltage to the voice coil is increased. Since the desired velocity 

characteristic is one which rises 6 db per octave in the low frequency 

region, the corresponding amplitude rise is 12 db per octave. The princi¬ 

pal distortions in a speaker will then occur in the range below 

f = 2c/(ird) - the distortion being nearly proportional to l/f^. 

5. All-Electrical Equivalent Circuit (n. 81-85C11]). 

In considering the combined performance of an amplifier and speaker, 

an all-electrical equivalent circuit is convenient. One may be easily 

derived from (2.1) and (2.2) rewritten as* 

effect on them. The first two «sources are the most important, and the dis¬ 

(5.1) I(V + alvc> + \ 

(5.2) I + 3n(-Vs -_B - sM) = 0 (V = jyfc) 



FIGURE 2.2 

SIMPLIFIED LOW FREQUENCY 

MECHANICAL. CIRCUIT OF 
DYNAMIC SPEAKER 

(A) 

ELECTRICAL CIRCUIT 
OF SPEAKER 

(B) 

FIGURE 5.1 
Rvc L vc 

EQUIVALENT ELECTRICAL 

jjjgEl CIRCUIT OF SPEAKER 

EQUIVALENT ELECTRICAL 
CIRCUIT OF SPEAKER 

ON NODE'PAIR BASIS 

(A) (B) 
FIGURE 6.1 

Rg 
-vNW- 

lg= A/sGgVi 

@ = tQ 
SIMPLIFIED 
CIRCUIT OF 

EQUIVALEN- 
AMPLIFIER 

LA) 

COMBINED ELECTRICAL EQUIV¬ 
ALENT CIRCUITS OF SPEAKER 

AND AMPLIFIER, NEGLECTING 
VOICE COIL WINDING INDUCTANCE 

(B) 
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(5-1)’ «V + i\a) 

dofino 

P « i^J2, G « B/J
2
, C « ^Ai2 

giving tho circuit shown In Figure (5»1A) which nay bo put entirely on a 

node pair basis as shown is Figure (5*1B)* 

6. Analysis <$! ^ Frequency Damping. 

For the region about the principal resonance, the inductive reactance 

of the voice coil winding is very small, compared to the other impedances 

present, and it may be neglected. It will also be assumed that the driv¬ 

ing amplifier has uniform frequency response in the range considered, 

which also means that it has an output impedance which is essentially 

resistive and equal to the plats resistance of the output stage. This 

last assumption greatly simplifies ths actions without dropping mush of 

value* If A* is tho voltage gain up to the grid of idle output stage, (J, 
/ 

the amplification factor of tho output btago, Rg its plate resistance 

referred to the secondary of the output transformer, and Vj- tho input 

voltage, then the amplifier may be represented as in Figure 6*1A. Chang- 

ing from a voltage to a current source, and combining with tho speaker 

equivalent circuit of Figure 5*1&* (with the voice coil inductance para¬ 

meter left out), the result is the circuit of Figure 6.1B. A*/z has been 

replaced by A. 

The equations describing the circuit are 8 

AOgVi - TitGg + 0^) + Vat-G,,.) 

0 = 7l(-°vo) + V2(cs + G+ G,c+r>/s) 
/ 
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frcauhich* 

(6.1) Vg — o 
Vl Og+Gpc Gs2 + (G■+ %o0f, )s * P 

0g+«*c 

For purposes of comparison, it Is convenient to define a damping ratio, 

c, as the ratio of the actual value of the coefficient of the first degree 

term to that value required for critical damping. The damping ratio for 

the speaker is then? 

(6.2) c * 3/(2/?^CT(G + 

Og+«vc 

The significance of the damping ratio may be seen by inspection of 

Graph(6.1),which consists of plots of relative magnitude of the frequency 

variant portion of (6*1) in nan-dimenaionalized form for various value3 of 

damping ratio £• Assuming that the radiation resistance varies inversely 

with frequency, Graph .2 shows the relative sound power output as given 

by Equation (3*1) for the same values of c. As previously mentioned, these 

curves may also be considered to approximate the sound pressure response 

in the frequency range under consideration. The pronounced peak in re* 

sponse at the resonant frequency obtained with law values of c corresponds 

to a highly oscillatory mode of oscillation, and results in so-called 

"hangover” effects. Tanner L3J gave data on some typical small speakers, 

and these data are reproduced in Taile$*l,in MKS units. Values-of output 

impedance for typical output tubes are given in Table 6.2, and these 

were used to calculate damping ratios for the speakers of Table 6.1 for 

two output tubes, a 2A3 and a 6V6. Even-for the triodo case the damping 

ratios teed to be too small for smooth response, and for the pentode they 

are definitely too low for good transient response. A value of £ of 

about 0.5 seems to be the best compromise between extended low frequency 
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TABLE 6.2 

IMPEDANCE DATA ON COMMON OUTPUT STAGES 

■ ;-Tiiba/ Poser Output 
for Single tuba 
in Class A^; 

Watts 1 

h -L 

Ohma 

*A 

2A3 or 
6B4G 

O
 

O
 

0
0

 2500 0.32 

3S4 , 6.27 look 8000 12.5 

3V4 0*27 look 10k 10 

616 . 6.5 35k 4500 7.8 

6K6 3.4 68k 7600 8.9 

6v6 4.5 52k 5000 10.4 

3516 14k 2500 5.6 

50B5 1.9 10k 2500 4 

5016 2.1 13k 2000 6.5 

5016 4.3 - 30k 3000 10 

117N7 ■ 1.2 16k 3000 5.3 
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response and good transient response. It will be noticed also, from what 

was said about amplitude distortion, that high resonant peaks of response 

l 
tend to give peaks of distortion also. ! 

To find the effect, of voice coil velocity voltage feedback, it is 

necessary only to let the input voltage bp equal to (V^ + & V2), where A 

represents the fraction of ' voltage Vj?!" fed back. Note that voltage V2 

is just a constant times the velocity. With this new input, the circuit 

equations ares 

AGgV-j. = Vj_(Gg + Q^) + V2(-GVC - AAGg) 

0 * Vi(-Cvc) + V2(CS+. G + G7Q+P/S) 

The output transfer function is thens 

(6-3) V2 asAGgGyc  s_  
V1 Gg + *Vc Cs2 GyC Gg (l » A A)7] a + p 

and, 

l_ Gg + ®vc 

(6.4) c a l/a/ncT (G + Gy.cGe(l - A A) 

[ Gg * ^c 

!] 

] 

For the usual case of feedback from the output terminals of the 

amplifier, of Figure 6.16 may be replaced by V£ - + A + °C Iv<j. 

o( is the magnitude, in ohms, of the current feedback resistor and is 

assumed to be small enough in comparison to the other impedances in the 

circuit that it may be neglecteds IyC = (V^ - V2)Gvc, so that 

t 

Vt=T, + l(H«S ) + V_(-=< G ) 
i i 1 vc' 2' vc' 

\ 
With this substitution the circuit equations becomes 

AQgTi ' V1CGTO + Gg(l - i A - « A0vo)3 + V2[-07C(1 - « A0g)] 

0 = + V2[0s + (G + Gto) +r/a] 



Solving for the ratio of output to input* 

* (6.5) V2 s 
AG- G 

■2S-& s 

Vi 
(W 4- Gg(l - S A - « AGye) Cs**fc 0 » GyeGgCl - SA) 

Gvc + Gg(l-A A-«AGVC) 

The corresponding damping ratio is* 

(6.6) 
2?PC L Gvo+ V1 •4 A ■" 

The above expressions were obtained for the general case of both 

current and voltage feedback, but by far the most common case in practice 

consists of the use of negative voltage feedback alone. Setting «< « 0 in 

equations (6'.5) and (6.6) gives for this important special case* 

(6.7) = AS™ °» •   _g  
vt ^p^r^q:+n 

and (6.8) c » 1_ [G + ^Vo^*g^ "* A &) 
2/rC ^ Gyc + Gg(l - A fi) 

Comparison of the above equations with those for the cases of no 

feedback and feedback of the voice coil velocity clearly illustrate the 

relative effectiveness of the two methods of controlling the low-frequency 

speaker resonance. Inspection of (6.1) and (6.2) shows that the conductive 

parts of these expressions consist of a conductance, G, due to the mechano- 

acoustical impedance of the speaker, and the series combination of the 

conductances of the voice coil winding and the amplifier output stage. 

The term G has been seen to be quite small in some typical cases, and 

the second term for these same examples was smaller than the value required 

for best response even for a triodo output stage. Referring to (6.7) and 

(6.8), and remembering that & will be a negative number, it is seen that 

the second term of the conductance part of the expressions is now the series 

combination of the voice coil winding conductance and the output conductance 

s +P 



multiplied by -£he amount of the feedback! factor* No matter what the value 

of the feedback factor, the maximum value of the conductance term is 

G + Gy.g, and this value is approached asymptotically. For very small values 

of Gg, as would be obtained with a substantially constant current power 

source, the damping ratio would depend almost entirely on the conductance 

due to the mechano-acoustical resistance, and this would give a second 

asymptotic value* An experimental curve of this type, but put Oh an 

impedance rather than an admittance basis, is given in Figure 4 of an 

article by J. Moir in Wireless World [12]. It is apparent from (6.8) that 

increasing the feedback factor beyond a certain point has little effect on 

the damping ratio because the voice coil winding conductance is in series 

with the amplifier output conductance. But in the case of velocity-type 

feedback, inspection of Equation (6.4) shows that the entire second part 

of the total conductance is multiplied by the feedback factor, so that 

any increase in the magnitude of the latter is almost fully effective in 

increasing the damping ratio. 

An idea of same of the relative magnitude involved in the case of a 

good quality speaker may be obtained by considering the combination of a 

Western Electric 728B speaker and an output stage of push-pull 6L6*s 

operating in class Aj. The necessary data are as follows* 

Nominal speaker impedance - 4 ohms 

Rg — 41 ohms or Gg = 0.025 mhos) Rye — 2.7 ohms, Gvc = 0.37 mhos 

G = 0.18 mhos) = 2.6 x 10^ henries’*^; C - 1.29 x 10“3 farads. 

The use of a damping factor as great as 10 is considered good-quality 

practice (damping factor - Zapeaker/Zamplifier)* and the value of feed¬ 

back factor required in the present case for a damping factor of 10 is 

Rg/(Zg/d. f.) « 41/(4/10) f 100, or 40 db of feedback. Substituting 
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in (6.2), the damping ratio without^ any feedback is found to be 0.18. 

With the 40 db of feedback from the amplifier output c becomes, from 

(6.8), equal to 0.52, a good value. Using 40 db of velocity-type feedback, 

and the same value of feedback factor in (6.4), a damping ratio of 2.2 is 

Obtained. With this type of feedback, the value of feedback factor needed 

to obtain the ratio of 0.52tis only about 14, which represents same 23 db 

of feedback. 

Returning to the case of the combination of current and voltage 

feedback [14, 15, 163, if is given the value of - S/Gin Equations 

(6*5) and (6.6), the latter expressions become identical with (6.3) and 

(6.4) for the velocity-type feedback case. Therefore, as far as damping 

is concerned, positive current feedback used in conjunction with negative 

voltage feedback can give the same results as velocity-type feedback, at 

least theoretically. If °C could be made even larger, enough to produce 

cancellation of the voice coil winding resistance, the velocity response 

would be perfect* The required value of °C is (1 - &A)Gg + Gyc» and with 

^*gGve 
this value, = A/(l - BA), 

Velocity-type feedback has one advantage over the method described 

above, that of more distortion reduction. This advantage comes partly 

through the fact that the use of the positive current feedback cancels 

part of the distortion reduction effected in the amplifier by the use of 

the negative voltage feedback, but mainly because the parameters repre¬ 

senting the speaker lie outside the feedback loop for ordinary methods* 

In order to secure maximum distortion reduction, the feedback factor 

should be made as large as possible, but this also causes the sound 

power output to fall off, as can be seen from the curves of Graph 6.2 

for the larger values of c. For c = 2, the response falls off at a 
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rate nearly 6 db per octave, since the corresponding velocity curve is 

nearly flat. (Section 3 and p. 384, [173. 

7* Effect of Frequency Compensation on Distortion Reduction 

For good sound pressure response, it is clear that any highly over¬ 

damped speaker system will have to be compensated in some way, either 

through the input or in the feedback path. The former way obviously is 

the better, and it can be shown that an advantage in distortion reduce 

tion is obtained over the ease in which a lesser amount of feedback is 

used. Assume first, that the speaker has been made highly overdamped, 

so that its velocity curve is almost flat, and second, that distortion 

Varies directly with amplitude of displacement. In the range considered^ 

velocity should vary inversely with frequency, or V = s/to. The first 

assumption means that V/V^ can be Witten equal to &/{ 1 + At), say, and 

the second that distortion., D, = kty'to* If & is to be decreased to pro¬ 

vide the proper compensation, 

Vtl + A&*(to)3 = s/w A'(«) = 

The distortion generated 1st k 7 ~ 
to 

giving the net distortion D* ass 

» ka?-i:- »• «^px *•* q^sjtU= s|| 

If the input to the system is to be compensated, it must bes 

Tj aUtii* & 
A u 

The net distortion is then t 

Dr* * ]ra/(i + Afi) a ka 

^ <7(1 + At) 
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In the first case, the distortion increases inversely as the cube of 

the frequency as the frequency decreases, but in the second cases; / 

inversely as the square. The constant £ might be of the order of 40 

or 50. 



28 

8. Effect of Corrugations In the Cone* 

The simple lumped constant representation used so far may be ex¬ 

tended to cover the case of the so-called ugradedMcone, that is, one 

which has circular compliant beads or crimps pressed into the inner sur¬ 

face of the cone, as shown in Figure 8.l[73. The mechanical circuit of 

this configuration is shown in Figure 8.2. Letting + Bg2 — B2, 

+ Bg^ = B^, and Bg3 = B^, choosing positive directions 30 that posi¬ 

tive velocity produces an induced voltage which opposes the impressed 

voltage %, and recalling that F ~ UI and = BV, the equations for the 

system may be written as* 

KV + sLvc) + V1U 

I(rU) 

1*0 
Vl(-B3~ + V2tK2 + h^3 + B

2 + B3 + SM23 

Rewriting, 

+ V20 — 

+ KjJ/s + + B3 + sltjl + V2(-B3 - Kj/s) * 0 

Ei r X(Rvc + <*w> t W 
I - ViUCCK! + K3)/(B

2S) + (Bx + B3)/B2 + sMj/1l23 + ^UC-B^2 - %/(U2s)3 

0 = VjUC-Byfo2 - K3/(B
2s)3 + V2U£(K2 + %)/(B2

S) + (B2 + B3)/tj2 + SM2/023 

An all-electrical equivalent circuit may be developed as before, by letting 

UV^ = % and OT2 = E2| and defining K^/U2 ssf^Bj/tJ2 = Mj/^2 = °1» and 

so on. The*equations for the new circuit are then 

(8.1) % + I(*vc+ *\c) - ^ 

(8.2) I - E1llq,>+.q )s + Gx + G3 + sCx3 + E2(-G3 * q/s) 

(8.3) 0 « %(-G3 -15/s) + E2[(Q + I3 )s + G2 + G3 + SC23 

The. network which corresponds to the above equations is shown in Figure 

8.3. The coupling conductance G is usually neglected in comparison to 
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FIGURE 8.2 
ELECTRICAL AND MECHANICAL 

CIRCUITS FOR SPEAKER OF 
FIGURE 8.1 

. Mvc K, Bs, Ba, Mc, 
vJJJJjLH ("AAA—AAA/~xJLQii 
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FIGURE 8.3 
ALL- FLC CTR ICAL EQUIVALENT CIRCUIT FOR SPEAKER OF 
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the inverse inductance Q i, which is proportioned so that at low frequencies 

its admittance is very large. Very closely then, E]_ = E2 at the low fre¬ 

quencies, and the action of the system is that of the simpler one already 

considered. As has been mentioned before, after the frequency of ultimate 

mechanical resistance has been reached, the sound power output from a mass- 

controlled system will fall off at a rate of 6 db per octave. To hold up 

the velocity in this range, Mile coupling inductance (which depends on the 

compliant link pressed into the cone) is given such a value that it3 ad¬ 

mittance is small, effectively decreasing the motional admittance by 

removing everything to the right of point 1 in Figure 8.3. In this figure, 

the action can be seen in the removal of part of the capacitance shunting 

E^, which stands for the velocity of the portion of the cone nearer the 

voice coil. It is easily seen that the addition of more compliant corru¬ 

gations to the cone would merely repeat the structure to the right of 

point 1. However, the ultimate cutoff and corresponding phase shift are 

the same as for the simpler case discussed before. Graph 8.1, a rough plot 

of input impedance for a W.E. 728B speaker, shows peaks of impedance be¬ 

ginning at the neighborhood of 400 cps. These peaks probably cannot be 

attributed to the action described above, but more likely are due to the 

symmetrical modes of the cone and such effects as vibration of the annular 

suspension at the rim of the cone. 
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9* Effect of Symmetrical Modes (pp. 63-65* pp. 271-278 C83) 

In general, when the wave-length of the radiated sound begins to 

be of the same order of magnitude as the radial dimension of the cone, no 

simple analytic representation of the behavior is possible. The cone is 

considered usually on the basis of its "effective mass", this mass being 

that apparently presented.to the driving coil* The effective mass may be 

positive* negative, or zero* When the time required for energy to be 

propagated radially through the cone* from the center to the edge, is 

small compared to a quarter wavelength of the sound wave being produced* 

the cone acts substantially as a rigid structure and a very simple repre¬ 

sentation is possible. However, above this range, the combination of 

direct and reflected waves produce two types of symmetrical modes* 
<v;r- '■ : ’ . j 

center-stationary and center-moving. In the first type, the wave 

reflected from the edge arrives at the center in opposition to the 

direct wave. If there were no losses, the waves would exactly cancel 

and the cone would vibrate with its center stationary. The effective mass 

is then infinite, and the situation is analogous to that obtained for the 

impedance of a lossless and anti-resonant circuit. The effective mass 

below the modal frequency would approach the natural mass of the system, 

but would rise sharply to +oo t approaching the modal frequency from 

below, and recede from -ooon the upper side. The presence of loss in 

any physical system means that the effective mass will merely attain 

very large positive and negative values in rapid succession, and that 

the amplitude of vibration of the center of the cone will be greatly 

reduced, but will not go to zero. When the direct and reflected waves 

cancel on some circle other than the center, the portions of the cone 

on either side of the nodal circle vibrate in opposite phase, the integral 

of momentum over the cone is zero, and the effective mass is zero. 
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The resistive components of the mechanical impedance in any practical 

system insure that the amplitude is finite, of course* 

The foregoing qualitative picture gives a fair idea of the modal 

behavior in actual speaker cones. The presence of radial modes is con¬ 

sidered to have very little effect on the effective mass. The two types 

of symmetrical modes interlace each other, and it appears that a ladder 

network representation of- the cone could be made which would represent 

its effect seen from the driving coil* The center-stationary type of 

modes would be represented by shunt resonant circuits, and the center- 

moving type by anti-resonant series arms, using an electrical equivalent 

circuit on an admittance basis. Such a circuit is shown in Figure 9*1. 

The generator and voice coil winding conductance have been combined, 

the voice coil winding inductance has been put back in, and the shunt 

capacitance and conductance stand for the mass of the voice coil and the 

mechanical resistance of the centering suspension, respectively. In¬ 

spection of this circuit reveals that the ultimate cutoff depends princi¬ 

pally on the mass and electrical inductance of the voice coil, and is 12 

db per octave with the corresponding phase shift of -180°. This last 

statement is true for a velocity to voice coil voltage transfer function. 

The effect of the network to the right of point 2 would be to superimpose 

on the main trend of the amplitude and*phase response a series of peaks 

and dips. The superimposed phase shift would have absolute limits of + 

and - 90°, but actually would vary between smaller limits which would 

depend on the spacing of the modes and the losses in the cone. It is 

then possible that the phase shift due to the speaker itself might ex¬ 

ceed 180° at some high frequency. It is apparent that the use of a high 

rather than a low impedance amplifier would be helpful, since the effect 
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of the 6 db per octave cutoff due to the voice coil winding inductance 

would be minimized* 

10. Amplifier Consideration 

Since at present all dynamic speakers have, too low an input impe¬ 

dance to be driven directly by vacuum tubes, any speaker feedback system 

would have to include an output matching transformer inside the feedback 

loop. Such - a transformer would contribute a 6 db per octave slope to 

the lower cut off j and, if a beam tetrode or a pentode were used, as is 

usually the case, it would give a peak in response followed by a 12 db 

per octave cutoff at the upper end of its pass-band. The equivalent 

circuits for the transformer coupled amplifier are well knovm 

Cpp. 291-303* 183* and could be added on ahead of’those of Figures 

6.1 and 9»1 
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ELECTRICAL EQUIVALENT CIRCUIT FOR SHOW¬ 
ING EFFECT OF SYMMETRICAL Mooes ON Voice 
COIL VCLOCITY.      

FIGURE IU 
CABINET USED FOR MOUNTING 

W. £. 728B SPCAKCR. 
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11* Experimental Approach 

At first, effort was directed towards obtaining values for the para¬ 

meters shown in Figure 6*1 for a particular system. The speaker used 

was the Western Electric 728-B, whose voice coil and cone assembly could 

be separated from its magnet assembly by removing six nuts. The type of 

housing used for a speaker has considerable effect on its performance,. 

and it was decided to use a completely enclosed box since this was the 

simplest type housing to use, and the speaker would be less affected by 

its surroundings. The dimensions of the box were selected so as to give 

approximately a l'V0 change in the resonant frequency of the speak®? 

[93* A drawing of the cabinet is given in Figure 11.1. The inside of 

the box was lined with a 1-3/2 to 2 inch layer of Kellsmanite, and the 

tie rod3 wore added to minimize the effect of a troublesome low frequency 

mechanical resonance which caused a hole in the impedance curve. The 

damping of the box was checked at the low frequencies by observing the 

voltage across the voice coil as the speaker was driven with a nearly 

constant-current source. Reference to Equation (6.2) shows that the 

speaker damping ratio then depends only on its mechanical damping. 

Once mounted, the speaker constants to go with Figure 6.1 were found by 

the methods mentioned in Section 2. Mas3 was added to the cone in the 

form of brass washers which were glued to the cone near its center. Added 

mass is most convenient to attach in the form of thin disks of rectangles. 

In the frequency range used, the cone behaves substantially as a rigid 

body so that the exact position of any added mass is not important; 

however it should be kept away from the corrugated rim and the voice 

coil former. The masses, which are preferably of non-magnetlc material, 

may be removed by soaking the portion of the cone to which they are 
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attached with acetone.j The acetone evaporates rapidly and no harm will 

be done to the speaker* provided that not much of it is allowed near the 

center of the cone, where it could weaken the bond between the cone and 

the voice coil former. Sometimes the rims are coated with a material 

soluble in acetone, and this is another reason for keeping the acetone 

away from this part of the cone. Equation (2.6) shows that the value 

obtained for the mass of the speaker is dependent upon the difference 

of the squires of two numbers which will be of the same order of magnitude, 

so that' the audio oscillator must be carefully calibrated in the range 

needed. This disadvantage applies also to another method of finding the 

constants described by Preisman [183. The impedance at resonance can be 

taken at the same time as the determination of the original resonant fre¬ 

quency. In taking data of this kind, it must be remembered that above 

a certain range of input voltages the resonant frequency will rise with 

increase in driving voltage due to the non-linearity of the suspension. 

The data should be taken at the appropriate level. The measurements on 

the W.E. 728-B were made in the linear range. The flux density was calcu¬ 

lated- from the length of the air gap,'3 the diameter of a search coil? and 

the total flux cut by the search coil traveling the gap length. The 

total flux reading, obtained on a Grassot fluxmeter, was divided by 

the number of turns on the coil to give the gap flux. The length of 

voice coil conductor was calculated from the mean diameter of the coil 

and the number of turns, counted by eye. The d-c resistance of the 

coil was measured with a Wheatstone bridge, and a value for its induc¬ 

tance was found eventually by measuring that of an exactly similar 

coil fixed securely in the magnet air gap with paraffin. 

Measurements were also made on the output transformer selected, a 
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Peerless S-240-Q, which is designed to match Class A^ push-pull 6L6*S 

to standard voice coil impedance. The resistances were measured with a 

Wheatstone bridge^ the leakage inductance, with an ordinary equal-ratio 

inductance bridge on the primary with the secondary short-circuited| and 

the primary open circuit inductance with a Hey bridge at 60 cps for 

various degrees of d-c magnetization. An effective value of the distri¬ 

buted capacitance was found from the leakage inductance by observing the 

frequency of parallel resonance for the secondary short-circuited. 

These data proved to be of little value because no simple, adequate 

equivalent circuit for the speaker voice coil velocity at the high fre¬ 

quencies could be found. Also, the combined amplifier and speaker 

circuits,'although simplified as much as possible, still were very clumsy 

to work with. Only the low frequency equivalent circuit' of the combina¬ 

tion is of any value; the low frequency cutoff can be calculated but a' 

cubic equation is involved. Even here, the correct value for the trans¬ 

former shunt inductance is a little uncertain, as shown in Graph 11.1. 

On this graph, the voltage scale should be multiplied byf/60 for fre¬ 

quencies other than 60 cps. It seemed that setting up equivalent circuits 

gave only qualitative information, about the shape of the cutoffs, and 

even this was somewhat doubtful for the upper one. A purely experimental 

approach seemed to be best, and necessary to find what the upper cutoff 

was actually like. Since most speakers of the type considered have many 

design similarities, data on a few can be considered representative. 
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Attempted Bridge Measurements (pp. 266-271, C8I) 

Equation 2.3 shows that the cutoff characteristics of the mechani¬ 

cal part of the speaker could be found from bridge measurements of the 

impedance of the speaker under two conditions * first, with the speaker 

operating normally^ and second, with the cone blocked and prevented 

from moving. Subtracting the impedance obtained from the blocked 

measurements frcm the normal impedance gives the motional impedance. 

The variation of the motional impedance with frequency would give the 

shape of the voice coil velocity frequency characteristic. The most 

suitable bridge for such measurements is an equal-ratio Heaviside mutual 

impedance bridge. Since speakers have such low input impedance, when 

the sign, of the reactance changes it means that the effective reactive 

element may change from, say an inductance of the order of several 

millihenries to a capacitance of several hundred microfarads. Defining 

the irregular curves typical of loudspeakers could be done much better 

by changing the setting of one element, the mutual inductometer (whose 

reading can be either positive or negative), than by changing ratios 

and the entire bridge. 

The W. E. 728-B speaker is similar in appearance to the one of 

Figure 2.1, except that the center pole of the magnet has a cylindrical 

opening running from front to back, so that the part of the "cone" 

which is spherical in shape is also accessible from the back with the 

removal of a dust cover. An attempt was made to block the cone by 

clamping this center part of it. A plastic form was made in two pieces 

which fitted the inside and outside of the central part of the cone. 

The speaker was broken down* the convex part, whose flat side had been 

tapped, was put in place on the inside of the spherical part of the 
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cone, and the speaker put together again. A micarta cylinder with a 

threaded boss on one end and a 5 inch diameter plywood disk on the other, 

was inserted in the hole through the magnet and screwed into the plastic 

form. The concave form was then placed on a table top and the speaker 

put face downward on top of it so that the central part of the cone was 

in its normal position and making contact with both parts of the form. 

Weights were then placed on the plywood platform to hold the cone sta¬ 

tionary, but to no avail. A loud tone was produced in spite of the 

clamping action. Even at the law frequencies the mechanical vibration 

was considerable although as much weight as could safely be put on was 

applied. It was then impossible to obtain measurements of the static 

inductance of the voice coil. Measurement of the normal impedance fared 

no better with the available mutual inductometers, which turned out to 

have full scale readings which were too large. Experience showed that 

inductometers with scales of +| millihenry or less were needed. This 

type of measurement also has two inherent disadvantages which arise at 

the higher audio frequencies, (data would have to be taken probably up 

to 10 kc)j first, that above 3 or 4 kc the normal and blocked impedances 

would be relatively large and nearly equal, and second, the resulting 

requirements' on the bridge elements for any accuracy in the measurements. 

Since no data could readily be taken with the bridge measurements, it 

was decided to drop this approach in favor of more direct ones which 

would have to be developed for any practical feedback system anyway. 
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13» Methods of Obtaining a Voice Coil Velocity Voltage 

There are three main ways of obtaining a voltage proportional to 

the velocity of the voice coil or the central part of the cone. Only 

the two particular voltages just named are considered, because, due to 

the progressive phase shift along a radius of the cone at the higher 

frequencies, they will have the most favorable characteristics for feed¬ 

back purposes, and best results would be obtained by operating on the 

"driving" part of the cone. The three methods are* 

1. Coupling a coil to the cone by means of a small paper 

tube and arranging the coil to move in an externally 

provided magnetic field, (p. 159 [6}. 

2. Putting a pickup winding on top of the voice coil winding 

and using the magnetic field of the speaker itself C3l» 

3. Balancing out the drop across the static impedance of 

the voice coil by means of a bridge circuit, as shown 

in Figure 13.1 

In using the first type of pickup, care must be taken that longitudinal 

resonance of the tube does not affect the output. Also, the placing of 

a suitable magnet in front of the cone will tend to make the sound 

pressure response of the speaker ragged, depending on the relative 

sizes of the cone and magnet. 

Difficulty arises with the second type due to the Unwanted presence 

of a voltage coupled into the pickup coil from the mutual inductance 

between it and the voice coil. This unwanted voltage could be balanced 

out by injecting in series with the pickup coil a similar voltage of 

equal value and opposite sign. The natural way of doing this would be 
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BRIDGE CIRCUIT FOR OBTAINING Voice COIL 

MOTIONAL OR VELOCITY VOLTAGE. 

FIGURE 13.2 

DIAGRAM OF CIRCUIT USED FOR OBTAINING 
Voice COIL VELOCITY VOLTAGE FROM COIL 

WOUND OVER VOICE COIL. 
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to use a loosely coupled air core transformer whose primary is in 

series with the voice coil and whose secondary is in series with the 

pickup coil. (See Figure 13.2). It should be possible to do this with¬ 

out putting any appreciable impedance in series with the speaker and 

power amplifier. 

The third type of pickup is essentially an automatic and instan¬ 

taneous way of carrying out the process described in Section 12. An 

outstanding disadvantage of this method is the wasting of half of the 

output of the power amplifier. Any difference in capacity to ground 

of the two ends of the output transformer winding would probably have 

negligible effect across such low impedance as are typical of speakers. 
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14. Means of Obtaining Displacement Voltages 

To the above list of pickups couM be added two main ways of getting 

a voltage proportional to the displacement of the cone. A displacement 

voltage is much less convenient to work with than a velocity one, since 

a feedback system using a displacement signal would tend to give con¬ 

stant amplitude of displacement of the cone and the resulting system 

would require much greater compensation than a velocity one, and over 

its whole range. For instance, the ideal displacement characteristics, 

on the basis of the velocity one given earlier, would rise 12 db per 

octave below the frequency of ultimate mechanical resistance and fall 

off at 6 db per octave above it* 

Two ways of obtaining a displacement voltage are* 

1. Variable capacitance type* 

2. Modulation of light beam. 

There are two principal variations on the first type* the ordinary con- 

denser microphone arrangement, and, frequency modulation of a high 

frequency oscillator by the variation of part of its tank capacitance. 

In each case, a portion of the speaker cone must be given a thin coat¬ 

ing of conducting paint and made one plate of a variable condenser. 

The movement of the cone relative to the fixed plate or plates of the 

condenser varies the capaoitance* 

The second type requires the attaching of some kind of -projection 

or shutter to the cone, and arranging so that a light beam is' partially 

intercepted by the shutter and then strikes the cathode of a vacuum 

phototube. This pickup is not widely applicable} for ordinary light 

sources, the setup would have to be inside the speaker enclosure and 



then could be used only with a speaker made like the W. E. 728-B, in 

which the central part of the cone is accessible from the back of the 

speaker. In any case, the phototube, and probably a preamplifier, 

would have to be located close to the speaker, and microphonic pickup 

might give serious trouble. 
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15. Description of Velocity Pickups Used 

The pickup listed as type 1 in Section 13 was used first. The 

first version used a voice coil, winding taken from a small speaker. 

The coil's former was joined on to a paper tube so that the overall 

length was 4—3/8 inches. The diameter was inches, and the length 

of the winding, which began at one end, was 7/32 inches. The coil itself 

was a double-layer winding of 95 turns of No. 39 enameled wire. The tube 

was made of paper 0.006 inches thick, and was stiffened with banana oil. 

The total length of conductor in the coil was calculated to be 4.62 

meters. 

This particular tube was to be attached to the back part of the 

cone of the W. E. 728-B speaker, and it was found by viewing the cone 

motion stroboscopically that the coil described would have a maximum 

travel of 1.4 cm. The axial length of the associated magnet air gap was 

made 2 cm. long on the assumption that a constant field would be obtained 

over about 70°*/° of the gap length. A drawing of the electromagnet is 

shown in Figure 15.1. With a field current of 0.5 amperes, the iron 

was saturated and a flux density of O.33 webers/meter2 was obtained. 

The electromechanical coupling coefficient (U) for the combination is 

1*53 webers/meter. 

A second coil used with the same magnet had 200 turns of No. 42 

wire with Formvar insulation, Its axial length was also 7/32 inch, and 

wound on a cylinder 17/32 inch long glued to a conical section which 

widened to a particular diameter as needed. The conical section had 

three evenly spaced 3/2 x 3/4 inch slots cut out. U for this setup 

is 2.96 webers/meter. This assembly was also coated with banana oil, 

and was attached to the front of four different speakers approximately 
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at the point where the voice coil formers joined the cone. The conical 

reducing section was changed as required for different speakers* 

The long tube was glued to the back side of the spherical portion 

of the 728-B*S cone, and alignment of the other end in the magnet air gap 

was maintained by means of a centering suspension of the type used on 

small speakers. Radial sectors were cut out of the suspension to reduce 

the resistance to the air column through the center of the speaker magnet, 

and the outer edge of the suspension was glued to a brass ring held by 

the pressure of six screws in the end of the opening through the magnet. 

The pickup magnet was held in position facing the opening by other screws 

running through the brass ring from outside to inside. 

No centering suspension was used with the 200 turn pickup. The 

magnet was held in position as before, and centering was done by ad¬ 

justment of the screws running through the ring and pressing against 

the magnet. In this case, three radial metal straps were screwed to the 

outside of the ring, and their other ends fastened to the front of the 

baffle in which the speaker was mounted. 

.. The second type of pickup listed in Section 13 was also tried on 

the 728-B speaker. 35 turns of No. 42 Formvar wire were wound on top 

of the speaker*s voice coil* It was impossible to measure the mutual 

inductance between the two coils directly because of inability to 

block the cone, but an attempt was made to calculate an approximate 

value from indirect measurements. A second voice coil and magnet from 

another speaker of the same type and model were available, and the 

inductance of this coil was measured tinder two conditions:in air, 

and fixed in the mean position of the magnet air gap with paraffin. 

The two values were 103 and 119 microhenries, respectively. The 
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mutual inductance between the voice coil and the auxiliary coil wound 

on top of it was 226 microhenries, in air. This value was obtained by 

taking two inductance measurements on the series combination of the two 

coils, connected in turn for aiding and opposing mutual voltages. Assum¬ 

ing that the addition of the iron of the magnet to part of the flux path 

did not change the division of the leakage and mutual fluxes, a rough 

value of the mutual inductance common to the coils when placed in the 

magnet could be found by multiplying the corresponding value in air by 

the ratio of the normal self inductance of the extra voice coil to its 

inductance in place in the magnet. The value thus obtained was 26l 

microhenries. 

The air core transformer used had a primary of about fifty turns of 

No. 12 enameled wire on a form 2-3/8 by 3-3/4 inches. The resistance of 

this winding was negligible, and the inductance was 38 microhenries. 

About 200 turns of No. 26 Formvar wire were wound on top of the primary, 

and the resulting mutual inductance was 335 microhenries. All of the 

inductance measurements were made with a General Radio Type 650-A 

Impedance Bridge. 

The output of a sweeping oscillator was fed into a McIntosh 5Q watt 

amplifier which drove the speaker. The output of the pickup coil in 

series with the secondary of the air core transformer was displayed on 

an oscilloscope, whose sweep was synchronized from that of the oscilla¬ 

tor. The oscillator swept from 50 cps to 15 kcs. Tracings of some of 

the patterns obtained are shown in Figure 15.2. Pattern A was that 

obtained with no compensation. The proper polarity of the compensating 

voltage was determined by noting the effect of injecting it with 

opposite sign. Patterns B and C show progressive stages of compensation 
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obtained by taking off turns. It was not possible, at least with the 

setup used, to achieve satisfactory cancellation of the mutual induc¬ 

tance voltage in the output of the pickup. Taking off more turns caused 

the. envelope to increase in height at the higher frequencies. A possible 

source of trouble is the non-linearity of part of the magnetic circuit} 

the Alnico magnets are usually always worked on a curved portion of 

their magnetization curve for maximum efficiency. The 35 turn coil was 

removed and a coil of 5 turns of No. 39 wire was put on. Data taken 

with this coil also showed need for compensation at the same frequencies 

correction was needed for the first coil. No attempt was made to com¬ 

pensate the output of this coil. 

A bridge-circuit pickup also was set up for the 728B speaker using 

a duplicate voice coil and magnet for the dummy voice coil. The coil was 

fixed in its mean position in the magnet air gap with paraffin. Unfor¬ 

tunately, the first setup used was not that shown in Figure 13, but the 

one obtained from this diagram by interchanging the position of source 

and detector. This arrangement required the use of low-resistance arms 

and the resistors were consequently made 7*3 ohms each. It was noticed 

during the writing of this report that the circuit originally used had 

an inherent error (Appendix C). The correct circuit, shown in Figure 13, 

was then set up using 1000 ohm resistors. 
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16. Description of Displacement Pickup Used j 
i 

*' \ 

Some time after data had been taken by the methods described in 
' ' ' ( 

the preceding section, it became necessary to make a check by another 

method; The method selected had been used to take measurements on loud¬ 

speaker cones by Corrington and Kidd [20]j and was the frequency modula¬ 

tion type listed in Section 13• The oscillator used was the electron- 

coupled type, and had been used before in an FM phonograph pickup 

system C21]. No circuit constants or operating information were given, 

however. A combination of circuit elements which proved fairly satis¬ 

factory is shown in Figure 16.1. The tank condenser is the capacitance 

of about two feet of RG62-U coaxial cable* On the end of the cable, 

two small copper plates were soldered to the inside conductor and the 

shield, respectively, and their relative position fixed by a coating 

of polystyrene dope; The two plates together covered an area about 

7/32 of an inch square. The variable capacitance is the series combi¬ 

nation of the capacities from each of the plates to the conducting coat¬ 

ing oh the cone. It is desirable to use a high frequency of oscillation 

so that the frequency deviation in cycles per second will be as large 

as possible. For this reason.also, the coaxial probe was used as the 

whole tank capacitance in order to reduce the ratio of fixed to vari¬ 

able capacity to a minimum. The other main factor determining the fre- 
j 

quency was the desire to use standard broadcast receivers to recover 

the modulation-, hence the use of approximately 46 megacycles as the 

operating frequency. The stray lead inductance was used to tune the 

output capacity roughly to the second harmonic of the 46 me oscilla¬ 

tions. However, the deviation proved to be too small to give a usable 

signal with broadcase receivers, and a more elaborate system was used, 
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as shown in Figure 16.2. The amplitude and phase response of the 

measuring system are shown by Graph 16.1, for a constant deviation of 

1 ke. The principal reason for the falling off at the high frequencies 

is the narrowness of the selectivity curve of the Hammarlund receiver. 

The high frequency response varies with deviation, but the deviations 

obtained in practice were such that the response curve shown is correct 

for the data taken* The response of the system used, although it did 

not allow data to be taken over as wide a range as desired, was better 

than that obtained by detuning the HFS receiver and recovering the 

modulation from its audio output. The anti-resonant circuit discrimi¬ 

nator used by Beers and Sinnett would probably have been best, but would 

also have been harder to set up and tune. It would have been necessary 

to go to a lower frequency, say 30 me, to be able to obtain physically 

a sufficiently high Q coil for such a discriminator. Using the lower 

frequency would have resulted in a lower deviation in cycles. 

Since the oscillator could not be placed more than two feet (the 

length of the probe) from the speaker under test, microphonic pickup 

gave trouble at some frequencies. The oscillator was placed in a 

13 by 16 by 15 inch cardboard box lined with sound absorbing material, 

and the microphonic effects we re made negligible. The end of the probe 

was held in position by a clamp attached to the speaker baffle, but 

the system was still very sensitive to mechanical vibration of the floor 

and surroundings. 

The speakers tested by this method were given a thin coat, of 

silver conducting paint on the part of the cones nearest the voice coil 

former. The capacity probe was put in position opposite the coated 

surface, and as close to the apex of the cone as possible. The spacing 
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between the plates of the probe and the cone was adjusted by trial and 

error. For greater output at the high frequencies, it is best to reduce 

the spacing to a minimum j however, at the lower frequencies where the 

displacement becomes much larger, it then becomes necessary to greatly 

reduce the input to the speaker or increase the spacing or both. If the 

latter precautions are observed, the output of the pickup will be closely 

proportional to the cone displacement. Departures from linearity can be 

noticed by distortion of the output voltage. 

The two receivers were tuned in sequence: the HFS to the carrier 

by tuning for a null in its audio output, and the Hammarlund to 10*7 

me by adjusting for maximum "S meter" reading after switching the HFS 

to converter operation. The input to the narrow band FM discriminator 

was taken from the AVC channel of the Hammarlund. 
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17• Experimental Results With Pickups Used 

Graphs 17*1 and 17•2 show curves of velocity magnitude and phase, 

respectively, for the W. E. 728-B speaker. The data were obtained for 

constant voltage input to the voice coil by the methods outlined in the 

preceding two sections* Since only the relative transmission with fre¬ 

quency is of interest, the decibel ordinates of ratio of velocity to 

voice coil voltage have not been modified by the value in decibels of 

the appropriate electromechanical coupling coefficient (U). The velocity 

magnitude curves have also been brought arbitrarily into coincidence at 

100 cps. (If the correct values of U were used, two of the curves would 

be within 1 db, and a third within 3 or 4 db of the other two. However, 

no absolute calibration of the data taken with the variable-capacitance 

pickup could be made*) The displacement curve taken from capacity pick¬ 

up data was converted into a velocity one by differentiating the dis¬ 

placement curve with respect to frequency. The differentiation was 

carried out simply by adding a positive 6 db per octave slope to the 

magnitude, and 90° to the phase, since Velocity = s(Displacement). All 

of the magnitude measurements were taken by reading the voltage output 

of the particular pickup on a vacuum tube voltmeter, and the phase angles 

were taken from the elliptical pattern on an oscilloscope screen in the 

usual way. The curves drawn are much smoother than the actual frequency 

characteristics which they represent} however, all the main variations 

in these characteristics are shown. 

The curves agree fairly well in the region of the principal 

resonance, but show considerable divergence above 300 cps, where the 

simple representation of the behavior breaks down. The curve taken 
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with the coil wound on top of the voice coil rises above 1200 cps due 

to unbalanced mutual inductance voltage, as explained previously. The 

curve taken with the incorrect bridge circuit also rises above 8 or 9 kc 

due to unbalance, and the corresponding phase angle goes back to zero 

and becomes positive. This result is to be expected from the nature of 

the connection used (Appendix C)* The curve taken with the correct bridge 

circuit is nearly flat above 2 or 3 kc, but this is believed due to un¬ 

balance. The phase angle for the curve taken with the tube-mounted coil 

reaches -l80° at 1350 cps, while the one from the capacity pickup does 

not reach this point until 3900 cps. Although the tube coil mounting 

used on the 728B turned out to be poorly designed and located, this type 

of pickup gave similar results on all five of the speakers tested with it. 

Typically, the -l80° point came between 1 and 6 kc with the phase angle 

increasing rapidly and reaching very large values. The other two types 

of velocity pickups could not be made to give usable data at the higher 

frequencies. Graph 17• 3 shows the same type of curves as before for a 

different speaker. The two pickups used were the tube-mounted coil and 

the FM one. Generally, the remarks made for the previous curves apply to 

these also. The tube used was the second one described in Section 15, 

and was a better design than the first one. Graph 17.4 shows relative 

velocity magnitude and phase curves for a third speaker, taken with 

the FM pickup. 

Apparently, the tube-mounted coil type of pickup can give results 

which are greatly in error at the higher frequencies. The error 

probably is caused by a transmission line effect in the paper tube. 

* The phase curves taken with the FM pickup show no rapid increase 

in phase angle, and go to -l80° in the region of 4 to 10 kc - this 
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frequency being determined principally by the voice coil winding in¬ 

ductance, whose effect begins to be important in this range of 

frequencies. 
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18. Conclusions Possible From Velocity Curves Taken 

Apparently, the most accurate data were taken with the FM pickup, 

and these showed the velocity phase reaching -180° at a frequency well 

within the range of audible output from the speaker. However, this 

effect is due to the rising impedance or reduced admittance of the voice 

coil winding inductance (See Graph 8.1 for the W. E. 728-B). TO obtain 

maximum information about the behavior of the cone, it would have been 

better to use a constant current source to drive the speaker, rather 

than the essentially constant voltage one actually used. However, the 

limitations of the measuring system used would have prevented taking 

full advantage of such a substitution. Corrington and Kidd gave a curve 

of displacement magnitude and phase for the apex of the cone of an 8 

inch speaker, and the phase angle, which was measured relative to voice 

coil current, varied about 90°. However, the phase angle was not shown 

above 2500 cps. The amplitude curve, which was taken for constant voltage 

on the voice coil, varied about a slope of -6 db per octave, and the 

explanation given for this was* 

Because the voice coil voltage is proportional to the velocity 
of motion in the magnetic field, it is evident that constant 
voltage tends to give a cpnstant velocity to the cone,- and the 
amplitude will, therefore, fall off at 6 decibels per octave 
with increasing frequency (p. 1022, [20])• 

It seems to the writer that the statement above neglects the effect 

of the voice coil winding impedance (See Figure 5.1A.), which would, 

regardless of what the motional impedance happened to be at the higher 

frequencies, absorb progressively a greater part of any constant 

voltage applied at the terminals of the voice coil. The motional volt¬ 

age, as given in the graphs of Section 17 by the FM pickup, is seen 

generally to decrease with increasing frequency. 
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If the amplitude curve given by Corrington and Kidd is correct, 

it would indicate that feedback could be applied over practically the 

entire range of the speaker. The writer was not able to set up any 

system to take usable data on the high frequency response, and so can- 

not make any statement on the high frequency limit to the use of feed¬ 

back. It can be said, though, that a relatively high internal impedance 

amplifier would be more favorable for feedback purposes. It can also 

be said that the more obvious methods for obtaining a velocity feedback 

signal, which have been suggested in articles referred to earlier, are 

certainly not as simple to use as one"would expect, at least not from 

the writer's experience* 

The error introduced by the tube mounted coil pickup is believed 

due to a transmission line effect, which occurs also for voice coil 

formers. The latter case is treated by McLachlan (pp. 75-77[8]), and 

an approximately analogous circuit is given which predicts a longitudinal 

resonance of the coil on its former* The fundamental resonant frequency 

of the coil and former alone is given by to = A/ (s/mc), where s is the stiff¬ 

ness of the former, and mQ the mass of the coil plus one-third the mass 

of the free length of the former. The stiffness is given by qA/ti, where 

q is Young's modulus for Idle material of the former, and A and L are 

i . 

its section and length, respectively. It would be desirable to have 

the resonance well above the operating range, and this would indicate 

the use of small mass and high stiffness, or a very short, light tube 

with large cross section, and a material with a high value for Young's 

modulus. It is seen that the first pickup of this kind described, used 

on the 728-B speaker, was particularly poorly made with respect to the 

o 
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above requirements. It was also poorly located, because a check with 

the FM pickup revealed that there was considerably greater phase shift 

at the center of the dome-shaped part of the cone than at a point close 

to the voice coil. The other pickups of this type used were better, 

but still gave the same type of error. 

This same effect, which occurs in the voice coil formers them¬ 

selves, could also cause the motional voltage as found from the voice 

coil winding by the bridge or secondary coil methods to differ from that 

obtained from the FM or tube mounted coil methods at the apex of the 

cone or on the other end of the voice coil former. 



3.9. Possible Effect of Feedback on High Frequency Transients 

The general effect of the symmetrical modes of vibration of the 

cone and its annular suspension has been mentioned, and can be observed 

on the Graphs of Section 17, as causing alternate peaks and dips in the 

voice coil velocity. There will be corresponding irregularities in the 

pressure response curve of the speaker. Graph 19.1 shows such a curve 

taken outdoors 10 feet away on the axis of the W. E. 728-B, for con¬ 

stant voltage applied to the voice coil. The speaker and ribbon 

microphone used were 8 feet above the ground, and the ribbon was 

oriented to discriminate against the principal ground reflection* Only 

the main peaks and dips are shown, but some correspondence can be noted 

between this curve and those of Graph 17.1, particularly the peak and 

dip at 400 cps, which are probably due to vibration of the cone rim. 

Some of the irregularities are probably due to diffraction from the 

edge of the case, although the opening for the speaker was placed off- 

center to minimize this effect (p, 106 [22]. 

Since there is progressive phase shift along the radial dimension 

of the cone away from the apex, it is reasonable to suppose that opera¬ 

ting on the voice coil velocity would have less effect on speaker per¬ 

formance at the high frequencies than at the low. Such a statement was 

made by J. Moir [133 in commenting on the results of a new method of 

measuring transient response developed by D. E. L. Shorter and reported 

in the October, 1946 issue of the B. D. C. Quarterly, which the writer 

was unable to obtain. Moir's statement was: 

His [Shorter*s3 results indicate the presence of many high-Q 
modes of vibration, but in general these "resonant sub-assemblies" 
are not tightly coupled to the voice coil, the results being 
that damping applied to the voice coil movement has little 
effect upon the amplitude of their transient oscillations 
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following an exciting pulse* The looseness of the coupling 
between voice coil and the resonant elements is shown by the 
absence of any indication of change in voice-coil impedance 

> ; at the frequency of resonance* 

*' V 

The evidence given for looseness of coupling in the last sentence quoted 

is not very strong, because reference to Graphs 8*1 and 17*1, shows that 

peaks in the motional voltage from 400 to 1000 cps appear plainly in 

the impedance curve while higher frequency peaks and dips of much 

greater amplitude are barely evident, if present at all, in the total 

voice coil impedance. The reason for this apparent anomaly is the com¬ 

bination of the decrease in motional voltage and rise of static voice 

coil impedance with increasing frequency* Moir later concludes (with 

the degree of support from Shorter*s data not evident)* 

On account of the relatively loose mechanical coupling be¬ 
tween voice coil and the resonant regions of the cone, elec¬ 
trical damping.of the h.f. resonance is extremely difficult 
(probably impossible), and it is therefore necessary to consider 
some alternative method. 

However, one indication that voice coil velocity feedback does give high 

frequency damping is given in the comparative performance curves of an 

amplifier-speaker system with and without such feedback, which were 

given by Olson in the reference already cited. These curves definitely 

show some smoothing of pressure response in the region of 1000 to 5000 
i 

cps. However, no comment is made other than* "It will be seen that the 

response at the high frequencies is improved"* 

The best and most direct way of finding the effect of velocity-type 

feedback on speaker performance, of course, would be to set up such a 

system and test it. This was not done because the misleading data from 

the tube-mounted coil pickup was interpreted to mean that the use of 
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this type of feedback was restricted to the low frequencies only.. An 

experiment was set up to give information on the effect of electrical 

damping at the high frequencies, since if electrical damping at the 

high frequencies was of little value, the velocity-type feedback at the 

lower frequencies might have been considered the most that could be done 

with a given speaker for frequency and distortion correction* When the 

data from the coil pickup was found to be wrong, preparations were al¬ 

most complete for the tests on high frequency damping, and it was 

decided to go ahead with those tests. Too, a satisfactory velocity 

pickup was not available, and it would have taken some time to develop 

one* The high frequency limit on the use of feedback was not known, 

either. 
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20.- Method Used to Study Damping at High Frequencies 

The method selected to observe the effect of electrical damping 

on the high frequency transients of speakers was the method developed 

by Shorter (pp. 694-696 [22]). A periodically interrupted sine wave of 

variable frequency is applied to the speaker under test, and the acoustic 

output is picked up with a microphone and displayed on the screen of a 

cathode ray oscilloscope. The height of the decaying pulse a given 

mmber of milliseconds after the end of the pulse is plotted as a function 

of the sine way frequency. The resulting graph gives a measure of the 

transient response of the speaker, since the decay height will tend to 

be greater around frequencies of resonance. 

To study the effect of electrical damping on the high frequency 

transients, it was necessary only to observe the change in the decay 

envelope, expressed as a per cent of the steady state response, with 

change in the electrical damping. At least at the low frequencies, an 

amplifier with a negative output resistance can give the same damping as 

/' 
velocity-type feedback |(see next-to-last paragraph of Section 6), and for 

this reason, a negative resistance generator was selected to provide one 

extreme of electrical damping. The other extreme was given by an ampli¬ 

fier with negative current feedback. To serve as the test generator, an 

audio amplifier was designed and built to use both current and voltage 

feedback. Its circuit diagram is given in Appendix A. The test signal 

source provided a continuously variable audio frequency pulse of equal 

11 on" and "off" times. The pulse length was variable, but was set at 

approximately 50 milliseconds for all tests. The circuit of the test 

signal generator is shown in Appendix B. In this generator, the test 

signal was obtained by modulating the audio frequency sine wave with a 
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rectangular wave of appropriate frequency. Since in general, the ratio 

of the two frequencies was an irrational number, the response obtained 

was an average of those obtained with all the possible initial conditions* 

It was intended to measure the relative heights of the decay envel¬ 

opes by reading the change in vertical positioning voltage of the cathode 

ray tube necessary to move the top of the envelope at the reference time 

to tiie height of the steady state value of the pulse. The sweep of the 

oscilloscope was synchronized to the sine wave interruption frequency, 

and knowing this frequency, the horizontal axis on the screen could be 

calibrated in milliseconds. 

Finding the proper location for the microphone and speaker gave 

considerable trouble, since the decay envelopes at the high frequencies 

were small, and any reflections arriving after the end of the pulse con¬ 

fused the interpretation of the decay envelope. After trying several 

positions, including two on the roof of Abercrombie Laboratory, and one 

in which the speaker was raised about eight feet from the ground on a 

platform, the most satisfactory one seemed to be with the speaker on 

the ground and the microphone above it. A speaker-microphone spacing 

of 30 inches was used. 

Graph 20.1 shows the output impedance of the amplifier for the out¬ 

put settings used. The data for these curves were taken by essentially 

a voltmeter-ammeter method, with the input of the amplifier shorted, 

and a signal applied across its output terminals, through a low impedance 

power amplifier. The amplifier under test was, of course, alive and 

working with normal supply voltages applied. 

\ 
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21. Results of Transient Response Tests 

A Utah 8 inch speaker in a closed baffle was used first. The values 

of scope positioning voltage read for the two extremes of amplifier out¬ 

put impedance tended to be the same above 500 or 600 cps, but the accuracy 

of the measurements on the envelope was not great enough to give reliable 

quantitative data. Accordingly, the results are presented in the form 

of photographs of some of the patterns observed on the screen of the 

oscilloscope. 

Pictures 1 through 8 are for the Utah speaker, and inspection of 

them shows that the change in the decay envelopes with change in elec¬ 

trical damping at the voice coil, is noticeable at the higher frequen¬ 

cies, but is certainly not as great percentagewise as in the neighborhood 

of the principal resonance, or in the range where the cone acts substan¬ 

tially as a rigid body. 

Pictures 9 through 12 are for a II. E. 755-A speaker, and the remain¬ 

der are for the W. E. 728-B speaker used previously. Photographs 22-25 

are of the output of the amplifier, and were not taken under exactly 

the same conditions as the corresponding pictures of the speaker output. 

The speaker was inside the building with the rest of the equipment, but 

this should not have made much difference in the amplifier output. No. 

23 has a large amount of 60 cps hum, believed due to inadvertent rever¬ 

sal of the oscilloscope connections. 

The same general remarks made for the first set of pictures are 

applicable to the rest of them also. The exact values of amplifier 

impedance corresponding to each picture may be taken from the curves of 

the previous section. It probably would have been better to use for 

the high impedance generator a low impedance source with external series 

resistance, 
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Acoustic output of Utah 8 inch speaker for a 70 cps ton© burst of 50 milli¬ 
seconds duration. Picture 3* high amplifier output impedance (setting No. 1). 
Picture 4» lou (negative real part) output impedance (setting No. 2). 
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Acoustic output of Utah 8 inch speaker for %0 cpa tone burst of 50 milli¬ 
seconds duration* Picture 2* high amplifier output impedance (setting Ho* 1)* 

Picture 1* output impedance with negative reel part (setting Ho* 2)* 



^ 8 inch speaker for a 2540 cps ton© burst of 50 railli- 

PiS« l /i0fre U high arnPlifi«** output impedance (setting No. 1). Picture 8. output impedance with negative real part (setting Ho. 2). 
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Acoustic output of Utah 8 inch speaker for a 4200 cps tons burst of $0 milli¬ 
seconds duration# Picture 6* high amplifier output impedance (sotting No. 1)# 

Picture 5* output impedance with negative real part (setting No. 2). 
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Acoustic output of W. E. 755A 8 inch speaker for a 100 eps tone burst of 50 

milliseconds duration. Picture 10* high amplifier output impedance (sotting 

Ho, 3). Picture 9* output impedance with negative real part (setting No. 4). 
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Acoustic output of W. E. 755A 8 lack speaker for & 1640 cps tone burst of 50 
milliseconds duration. Picture Hi high amplifier output Impedance (setting 

3)* Picture 121 output impedance with negative real part (setting No. 4), 
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Acoustic output of W. 5. 728B 12 inch speaker fear & ^2 cps tone burst of $0 
milliseconds duration. Picture 13* high amplifier output impedance (setting 
No. 3). Picture 14* output impedance with negative real part (setting Ho. 5)* 
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Electrical output of amplifier with W. E. 728B loud for a 72 cps tone jurat 
of 50 milliseconds duration* Picture 22* high output impedance (setting No. 

3). Picture 23* output impedance with negative real part (setting Ho* 5). 
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Acoustic output of W. E. 728B 12 inch speaker for a 720 cps tone burst of 50 
raillisocancis duration. Picture l6t high amplifier output impedance (setting 
No. 3). Picture 15* output impedance with negative real part (sotting No. 5)» 
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ml 1^1^° °f. "'* 72813 12 inch speaker for an 850 cps tone burst of 50 milliseconds duration. Picture 17* high amplifier output impedance (setting 
3). Picture 18: output impedance with negative real part (setting No. 5). 
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Electrical output of amplifier with W« E* 728B load for an 850 cps tone burst 
of 50 milliseconds duration. Picture 25* high output impedance (setting Mo. 

3)» Picture 24* output impedance with negative part (setting No* 5). 
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Acoustic output of V. E. 728B 12 inch speaker for a 1700 cps tone burst of 50 
milliseconds duration. Picture 20* high amplifier output impedance (setting 
No* Picture 19* output impedance with negative real part (setting No. 5). 
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22., Conclusions and Suggestions for Further VJork 

Potentially, velocity-type feedback is a much more efficient means 

for controlling the low-frequency damping of dynamic speaker than the 

usual method of output impedance reduction by inverse voltage feedback 

from the output of the amplifier, A combination of negative voltage and 

positive current feedback from the output of the amplifier is on a par 

with velocity-type feedback as far as low frequency damping is concerned, 

but velocity-type feedback has the advantage of reduction of distortion 

in the speaker itself. The low frequency limit depends primarily on the 

frequency of the speaker's principal resonance and the effective shunt 

inductance of the output transformer. 

Any speaker with considerable electrical damping applied, by any 

of the methods mentioned, will suffer a loss in low frequency output, and 

the system will have to be compensated in some way. In the case of a 

velocity-type feedback system, compensation outside the feedback loop 

is convenient, and permits maximum distortion reduction. 

A velocity feedback signal is far preferable to a displacement one 

for feedback purposes, because compensation would be required over the 

entire range of operation for a displacement system and would have to 

be set for a 12 db per octave rise at the low frequencies, compared to 

a 6 db per octave slope for a velocity system. Because of increasing 

phase shift through the cone at the higher frequencies, the apex is the 

best spot for obtaining a velocity feedback signal. 

The more obvious ways of obtaining a velocity feedback signal, which 

have been suggested in the literature, have been found to present serious 

difficulties in use, at the higher audio frequencies. These difficulties 

made it impossible to determine the upper limit to the use of feedback, 
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and in one case resulted in misleading information. From data taken 

with a displacement type pickup, a phase shift in apex velocity relative 

to voice coil voltage of -180° was obtained at about 4 kc in two cases, 

and at 9 kc in a third. These figures were for constant voltage applied 

to the voice coil, so that use of a high impedance amplifier is definitely 

indicated, since this would gain at least another octave of band width 

for feedback. 

At the middle and higher audio frequencies, where the cone behavior 

becomes complex, there is good reason for supposing that electrical damp¬ 

ing would have less effect on speaker performance than at the low fre¬ 

quencies where the cone behavior is relatively simple. Qualitative 

results of some transient response tests confirmed this supposition. 

The next logical step is to set up a feedback system and test it to 

determine just how much improvement in speaker characteristics velocity- 

type feedback gives in actual practice. In order to do this, it will be 

necessary to develop a pickup which gives the desired feedback voltage 

throughout the speaker range, or that portion of the range over which 

it is possible to apply feedback. This latter range can probably be 

determined in advance by use of the FM type, of displacement pickup, 

providing no misleading effects are introduced by transmission line 

effects in the voice coil former. The frequency modulated oscillator 

and the associated discriminator will have to be designed with some care 

to obtain usable data over the audio band. It is probable that some 

of the velocity pickups used, with more careful design, will be satis¬ 

factory for practical feedback systems. In this connection, it may not 

be necessary or even desirable to get a true motional voltage over the 

whole audio range. Letting, say, the secondary winding type of 
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velocity pickup go out of balance above the useful band would make the 

upper cutoff design much easier. 

In view of the current interest shorn in the subject in the litera¬ 

ture, and the fact that there is still no published information giving 

details on the general limitations,: design methods, and performance 

characteristics of a practical feedback speaker system, it is felt that 

further work on the lines suggested above would be of value* 
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Appendix A 

In Figure A-l is shown the circuit diagram of the amplifier used 

for the transient response tests. The amplifier was designed around an 

output stage of push-pull 6L6*s in Class feeding the W. E. 728-B 

speaker through a Peerless S-240Q output transformer. A check, showed 

that other nominal 4 and 8 ohm speakers^ with the appropriate trans¬ 

former secondary connections, gave high and low cutoffs of very similar 

shape. The design objective for the upper cutoff was the theoretical 

shape developed by Bode [233* As finally achieved, the cutoff began 

at 20 kc and merged into a 10 db per octave slope which in turn inter¬ 

sected a horizontal step from 300 kc to about 1500 kc. 

The combination of the high impedance beam tetrode output stage and 

the speaker load gave a high frequency response for the output stage (con¬ 

sidered fixed) which rose with the voice coil impedance to a rather high 

peak fixed by the shunt capacity and the leakage and voice coil induc¬ 

tance* The subtraction of the ideal cutoff curve from the given response 

curve for the power amplifier gave the response required of the forward 

amplifier stage or stages, which was broadly that of a series resonant 

"trap" interstage [243. It was found impossible to achieve the desired 

response with one stage and still have enough gain, so that two 6AU6 

voltage amplifier stages had to be used. This tube and the 6SJ7 had 

been triedj other tubes should have been considered, since the 6AU6*s 

gave trouble at the low frequencies by drawing too much grid current. 

The resonant circuit shunting the plate of the second 6AII6 and the one 

in the interstage of the first 6AU6 having the 1000 ohm resistor pro¬ 

vide the wide "valley" and slight peak at the neighborhood of 300 kc 

required for the production of the ideal cutoff characteristic. 
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These two resonances are centered at 60 and 200 kc, respectively, with 

the latter having a considerably greater Q* Above resonance, the series 

resonant circuits are inductive, and can resonate with the distributed 

capacity* The resonant peaks obtained were too high, and the other 

series resonant circuits added were for the purpose of canceling the un¬ 

wanted peak* They are centered at 530 and 1000 kc* 

The low frequency cutoff has a 9 db octave slope extending from a 

gradual roll-off at 20 cps down to 0.4 cps. This slope was obtained by 

properly interlacing the various characteristic frequencies as given 

in [23]. The cathode follower was added to enable the values of the 

feedback divider to be fixed independently of any equipment connected to 

the amplifier input. The rise of the impedance of the cathode follower 

coupling condenser at the loner frequencies made necessary the elaborate 

voltage feedback divider network shown. At the higher frequencies, the 

feedback divider consists essentially of the relatively low resistances 

in series with the capacitorsj at lower frequencies, the divider value 

is fixed by the high resistances shunting the RC series combinations. 

The capacitors are so proportioned that the divider value is constant 

with frequency until the neighborhood of 0*5 cps, where the high re¬ 

sistances are chosen to give a rise centered at 0*3 cps. 

The amplifier was designed for a maximum loop gain of 40 db, which 

includes a gain margin of 10 db. 

The two principal faults of the amplifier are insufficient open 

loop gain, and the inconvenient way in which the current feedback 

voltage is introduced. 
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Appendix B 

Figure B-l shows the circuit of the signal generator used to 

obtain the pulsed sine wave signal. The device is built around the 

balanced modulator, suggested for this use by Mr. C. R. Wischmeyer, 

consisting of two 6AS6-G tubes in normal push-pull with respect to 

the audio sine wave. A negative-going rectangular wave is applied to 

the suppressor grids, cutting off the tubes for half of the rectangular 

wave cycle. The desired periodically interrupted sine wave appears 

between the plates of the 6AS6*S, and this output, which is necessarily 

balanced with respect to ground, is applied to the 6SN7 difference 

amplifier to obtain a single-ended output. The output cathode follower 

is merely for the purpose of obtaining a low-impedance output at low 

d-c potential. The input 6J5 is the usual split-load phase inverter 

for providing a double-ended input to the modulator. 

If the cathode resistor of the difference amplifier is infinite¬ 

ly large, no rectangular \jave will appear in the output of the differ¬ 

ence amplifier, for perfect balance in it and the modulator. To get 

rid of the rectangular wave component which actually does appear in 

the output, the two potentiometers,in the modulator circuit are ad¬ 

justed to balance out this undesired component. Unfortunately, this 

"balancing" procedure accentuated differences in the rise times of the 

rectangular waves appearing from each of the 6AS6 plates to ground, 

so that a thin "spike" was present in the output of the difference 

amplifier. This made necessary the placing of the variable air con¬ 

denser across the plate of one of the 6AS6 tubes. Proper adjustment 

of this condenser greatly reduced the amplitude of the spike. Some 
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improvement was also secured by putting both 6J5*s and the plates of 

the 6SN7 on a separate VR tube filter identical with that shown. 

The sine and rectangular wave inputs, of course, must be supplied 

by external oscillators. 
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Appendix C 

In Figure C-l are shown the two bridge circuits used to obtain 

the voice-coil motional voltage 5^. ZQ is the static impedance of 

the voice coil. It is easiiy seen from the accompanying equations 

that only the circuit of (A) gives the desired voltage. While the 

circuit of (B) gives the same results as that of (A) at the lower fre¬ 

quencies, it introduces a negative 6 db per octave slope at the higher 

frequencies where the voice-coil winding inductance becomes important. 

The curve of Graph 17.1 taken with the circuit of (B) then behaves as 

would be expected until 8 or 9 he, where the bridge evidently goes out 

of balance. The curve of Graph 17.1B, although taken with the correct 

circuit, shows more unbalance than the previous one, since none of the 

higher frequency modes are evident. The mistake originally made, of 

using the wrong circuit, thus did not change any of the general results 

stated earlier. 

It would be interesting to use a variable inductance for the 

dummy voice coil and adjust the bridge for minimum output at individual 

high frequencies. This procedure would indicate the nature of the 

difficulties encountered with this circuit. 
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