A Small Unidirectional Dynamic Probe Microphone®
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This paper describes a unidirectional dynamic microphone of small size utilizing the “uniphase”

system.l

shown to be functions of the independent variables:
resistance and (c) the distance of the two sound-entries.

Under idealized conditions the elements of thé phase shift network employed can be

(a) the inertance of the back entry, (b) its
Under real conditions certain modifications

of the phase shift network are necessary; these are described, as is a partially laminated Mylar

diaphragm used.

THE requirements for a pressure-gradient unidirectional
microphone for use in public address systems can be sum-
marized as being: small size, in order to be unobtrusive; a
suitable frequency response and output level available from
low and high impedance output connectors; a random energy
response equal or less than 1/3, therefore indicating a cardi-
oid, super-cardioid? or hyper-cardioid® polar pattern as de-
sirable; a uniform discrimination over the audio spectrum
transmitted, to avoid feedback at frequencies otherwise
favored by the microphone; a polar pattern of rotational
symmetry having the major axis of the microphone as axis
of rotation, so that positioning of the microphone or of the
loudspeakers becomes less critical; a stable acoustic phase
shift network within the microphone to insure proper acous-
tic performance during its life time—an objective not easily
attained with network components (particularly mechani-
cal) required to be in delicate balance for a long period of
time; and, finally, low mechanical noise sensitivity as well
as high blast or “pop” resistivity.

The requirements of both small size and uniform dis-
crimination over the audio-frequency range are somewhat
contradictory, because the polar pattern of a pressure-
gradient microphone as well as the characteristics of its
phase shift network collapse at certain frequencies. In order
to maintain proper performance at these frequencies, use is
made of the phenomenon of diffraction of sound by the mi-
crophone case. Generally, the smaller the case dimensions,
the higher the frequencies of incident sound must be to cause
desirable diffraction effects, demanding, therefore, an in-
creased frequency range of the phase shift network.

A solution of these problems has been attempted with the
design of a first order pressure-gradient microphone based
on a refined version of the “uniphase” system.* This sys-
tem utilizes a single transducer together with an acoustic
phase shift network so arranged as to react to the phase
shift 2xf (d/c) cos 6 which occurs between two points in
space immersed in a sound field of plane progressive waves,

* Presented October 12, 1960 at the Twelfth Annual Convention of
the Audio Engineering Society, New York.
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1 B. B. Bauer, J. Acoust. Soc. Am., 017 cit.

where d is the distance between the two points, ¢ the velocity
and f the frequency of sound, and 6 the angle between the
direction of incident sound and the line connecting both
sound entries (Fig. 1).
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Fic. 1. Two point array.

The application of this system to a moving coil micro-
phone is depicted in Fig. 2, which shows a simplified sec-
tional view of the acoustically interesting part of the micro-
phone as well as its acoustical network. Ls, Rz and Cj
represent the inertance, acoustical resistance and acoustical
compliance of the diaphragm and voice coil assembly; C,
represents the acoustical capacitance of the cavity between
diaphragm and poles of the magnetic structure; L, and R,
represent the inertance and resistance of the slits formed by
voice coil and poles and of the screen A placed adjacent to.
the air gap; C, represents the acoustical capacitance of the
cavity within the magnetic structure; L; and R; represent
the inertance and the acoustical resistance of the annular
slit which surrounds the magnetic structure and which con-
tains the screen B; P, is the pressure at the diaphragm while
P, is the pressure at the back opening of the annular slit;
d is the “effective” acoustical distance between the center
of the diaphragm and the back opening (d is usually taken
as the shortest unobstructed distance between these two
points and is assumed to be independent of frequency in
the following derivations); # — Av is the volume current in
the branch Z,, where v is the velocity of the diaphragm and
A is its effective area (4 is also assumed to be independent
of frequency).

With the help of the acoustical network shown in Fig. 2,
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F1c. 2. Cross-sectional view and acoustical network.

the volume current through impedance Z; (diaphragm) can
be expressed as

u=[(1 4 Z1/Zs) Pr—Ps]/ (1)
[Zs (1 + Z1/Z2) + Z4]
where Zs = pLs + Ry + 1/pCs, Zo = (pLy + Ry +
l/pCb) li I/Pca and Z1 paman PLI —|— Rl, with P = j(u = ]27rf
Assuming a field of plane progressive waves, then P; —
P exp jot, Py = Pexp jo (t— K cos §), with K = d/c, and
the amplitude of the volume current is
U="P[(1+ Z,/Zy) — ePKcos8]/

[Zs (1 + Z1/Z5) + Z4]
and, since U = O for § — 180° is desired—in order to obtain
a cardioid pattern—, the condition

14~ 21/Zy—= ePK (3)
must be fulfilled. It is to be noted that condition (3) does
not include requirements for Zs, i.e., for the diaphragm
parameters.

The network of Fig. 2 does not permit an analytical solu-
tion of (3); the approximate values of the network parame-
ters have been ascertained by substitution, trying to obtain
in the relation

(2)

1 4 Z1/Zy = aebfrX (4)

the values ¢ = a(w) =~ 1 and 8 = B(w) ~ 1 for as wide a

frequency range as possible, where a and # are real functions
of o,

For low frequencies, however, it is possible to obtain
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F1c. 3. Auxiliary variable s as function of ¢.

values for Ly, Ry, Cp and C,, as functions of two independent
variables, Ry, L; and of one design parameter d, best chosen
in the form: ¢ = L;/KR;. These three are particularly
useful for estimating the frequency response (1.e., response
for = 0°) and level of the system at low frequencies.

If R, > 0, the expression on the left of Eq. (3) can be
developed by means of McLaurin’s expansion and the co-
efficients of pnmw =1, 2, 3, 4 . . . compared with those of
the series expansion of exp pK, terminating the series after
n — 4. The following group of equations can then be ob-
tained:

F1c. 4. Photograph of diaphragm.

K =R, (Co+ Cy) (5)
K2/2 =L, (C,+ Cy) — R Ry C3?
K3/6 jr— Cb2 {Rl Cb [Rb 2 (Lb/Cb)] —Ll Rb}
K4/24 — Cb3 {Ll [Rb2 = (Lb/cb)] +
CyR1 Ry [2 (Ly/Cp)] — Ry}
With
¢g=Li/KR, (g> %)
the equations can be rearranged to yield
Cy= (K/Ry) s = (L1/R+?) (s/q) (6)
Co= (K/R1) (1-5) = (Li/R* [(1-5)/q]  (7)
Ry=Ri[(2¢-1)/(25%)] (8)
L, = (KR1/125%) {3 (1-2¢)2— (9)
25 [1-3¢ (1-2gq)]} =
(L1/gs*12) {3 (1-2¢)* -
25 [1-3q (1-2¢)]}.
The auxiliary variable s = s(g¢) is determined by a quad-

ratic equation, the parameters of which are themselves
functions of ¢:

s {l1-4q[1-3¢(1-2q)]} -
45 (1-2q) [1-3q (1 -

(10)

2¢9)] +
3(1-2¢)3=0.

Of the two roots, only the larger one will yield positive
circuit parameters, as will ¢ > %. The function s = s(g)
is shown in Fig. 3. Egs. (5) to (9) show the rather simple
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relationship between the network parameters and L; and R,
while the dependency on ¢ is more complicated. (The term
1 + Z,/Zs can be shown to depend only on K and ¢). In
ortler to ascertain the frequency at which a given deviation
from the desired values « = 1, 8 = 1 occurs, o and A could
be calculated using Egs. (4) to (10). However, it is sim-
pler and sufficiently accurate to use an electrical analogue of
Z, and Z, and measure the transfer characteristic of the L
section, as shown in Fig. 2, with Z3 removed.
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F1c. 5. Frequency response for § —0°, 90° and 180°.

The influence of « and B can be best seen by substituting
Eq. (4) into Eq. (2), thereby obtaining for the amplitude
of the volume current

U=P{[l 4 a?—2acos (B + cos ) Ku]*/
| Zs [1 4 (Z1/Z2)] + Z1 |}
which will yield, fora =1, =1

(11)
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F1c. 6. Polar response for several frequencies.
U—=2P {[sin (Kw/2)] (1 + cos 8)/ (12)

| Zs [1 + (21/22)] 4 Z41 |}
Assuming small Ko, such that sin (K«/2) ~ Kw/2, then
U=P {Ko (1+ cosb)/ (13)
| Zs [1 4 (Z1/22)] + Z1 ]}
U = U(8) describes a cardioid. With increasing Ko, the
cardioid pattern will deteriorate, and finally for Ko > =/2
or d > A/4 the cardioid pattern collapses.

For values of « and 8 other than 1, numerous polar pat-
terns may be obtained. « = 0, for instance, represents an

omnidirectional pattern; « = 1,8 = 0 a cosine; « = 1, 8 =
1/3 a hyper-cardioid;® o = 1, 8 — 37/63 a super-cardioid
polar pattern.S 8 < 1 establishes a minimum at cos § — -8
of the value
U=P{(1-a)/| Zs [L + (Z1/Z2)] + Zs[}.

Therefore, the interpretation of the polar pattern of the mi-
crophone immersed in a field of plane progressive waves
provides a very useful tool for the evaluation of the phase
shift network employed.

F16. 7. Photograph of microphone.

The choice of ¢, L, and R, is dictated by both the desired
front response performance and the desired output level of
the microphone. Assuming front response (6 = 0), low fre-
quencies (where a« =~ 1, 8 =~ 1, cos oK = 1, sin oK =~ oK),
and Ry << Ry and L3 =~ L; Eq. (11) may be simplified to

U= 2PKw/ (14)
(R + o {L1® 4 [2 (g 1)/q] Ly Lg
[1=(f/)] + La® [L = (f*/F) ]}
where f, = 147 (L3 C3)? is the resonance frequency of the
diaphragm in vacuo. For ¢ large, so that (¢-1)/q ~ 1,
Eq. (14) may be simplified to
U~ 2PKo/
{BP - w” (Ly + La)® [1— (EAR) | 207
with f; == 1 /2% [ (L1 + Ls) Cz]" representing the resonance

frequency of the back entry inertance L; plus diaphragm
(Continued on Page 308)

(15)

5 R. P. Glover, 0p. cit.
6 B.

B. Bauer, Electronics, op. cit.
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inertance Ly in conjunction with the diaphragm compliance
Cs. Equation (15) can be represented by a circuit in which
the pressure 2PK« acts upon a series-impedance consisting
of Ry, Ly, Ly and Cy. At frequencies well below f; the sys-
tem is stiffness-controlled and U =~ 2PKCs0® shows a 12 db
per octave rise, while for frequencies well above f; the system
is mass controlled and U ~ 2PK/(L, -+ L3) is independent
of frequency. The inlermediate region can be controlled,
i.e., the diaphragm can be suitably damped, by the acoustic
resistance Ry. The resonance frequency f; can be decreased
by increasing the acoustic inertance L; of the back-entry
path without altering the mechanical resonance frequency
fo of the diaphragm. This is a useful method for decreasing
the mechanical shock sensitivity of the microphone without
changing its frequency response at the lower frequencies.
However, the increase in L; also decreases the level of the
microphone U ~ 2PK/(L; -+ L), since Ly is mainly a
voltage-generating mass represented by the voice coil.

It must be observed that the equations derived above are
based on a number of assumptions: neither d, the effective
acoustical distance between the diaphragm and the back
opening, nor the effective area of the diaphragm, which is
used to transform the mechanical impedance of the dia-
phragm into its acoustical analogue Z3, are independent of
frequency; in addition, the calculations are based on a sound
field consisting of plane progressive waves (in the case of
spherical waves, for instance, d is dependent on the distance
to the sound source); only at low frequencies, furthermore,
is it permissible to represent the network parameters by
lumped circuit elements; finally, the effects of the diffraction
of sound around the microphone have been neglected, al-
though diffraction contributes significantly to the unidirec-
tional characteristics at high frequencies.

The physical forms of the circuit elements, therefore, have
to be given a suitable geometry in order to present dis-
tributed impedances which—in combination with the effects
of diffraction—will perform properly at high frequencies.
Also, in order to balance some of these effects, it may not
always be most favorable to aim at the condition a =1,
B =1 over the entire frequency range of the phase shift
network.

Based on the foregoing, a microphone has been designed
meeting the requirements previously outlined. Particular
attention has been given to the development of a suitable
diaphragm, which is shown in Fig. 4. It is molded of Mylar
polyester film, a material admirably suited for this purpose
because of its excellent physical and chemical characteristics,
which are retained over a long period of time. The dia-
phragm is partially laminated and is contoured to obtain the
greatest possible ratio of the fundamental to the frequency
of the first overtone, in order to insure a smooth frequency
response. The contour, by means of suitably molded pas-
sages, also permits relatively unimpeded vibrations of air
underneath the surface of the diaphragm, especially in the
area where the voice coil connects the diaphragm, thereby
reducing an acoustical resistance component otherwise in-
cluded in R;. Another advantage of this contour is the ease
with which the diaphragm compliance can be controlled by

only one dimension of the contour, without changing the
thickness of the diaphragm material. Of course, larger
changes of compliance can be obtained by changing the
thickness of this material—production techniques have been
developed which easily permit the forming of Mylar as thin
as ¥4 mil.

The frequency response of this system for § = 0°, 90°,
and 180° is shown in Fig. 5, while the polar response for
various frequencies at a distance of 24 in. from the sound
source is shown in Fig. 6. As can be seen, a very slightly
distorted cardioid at 70~ with a 180°-discrimination of 13
db develops into a true cardioid at 125~ with a 6 db 90°-
discrimination, therefore indicating a random energy re-
sponse of 1/3. The 90° discrimination increases with fre-
quency and reaches a value of 20 db at 10 ke, while at 3.2
kc a back lobe appears, which increases in magnitude to a
180°-discrimination of 12 db at 10 kc, tending towards a
hyper-cardioid performance with a random energy response
of 1/4. 1In order to insure rotational symmetry of the polar
pattern, all microphone parts contributing to acoustical per-
formance have rotational symmetry with the major axis of
the microphone as the axis of rotation.

Figure 7 is a photograph of the completed microphone
showing a microphone cartridge with its magnetic structure,
diaphragm and a part of the phase shift network. The mi-
crophone case provides room for the acoustic capacitance Cy,
a microphone transformer, and a shock mount designed to
isolate the cartridge from mechanical vibrations transmitted
through the microphone case. A grille in front of the dia-
phragm provides suitable blast protection. The case end
has a conical configuration and can be inserted into a swivel
mount, if desired.

The performance of this microphone in talk tests under
severe conditions is excellent, proving the validity of the
design principles outlined above.
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