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GRIESINGERS COINCIDENT MICROPHONE PRIMER

All microphone techniques have an aura of mystery about them, and coincident

techniques are no exception. Most engineers (including the author) have found

them both difficult to understand and difficult to use. However when by good

guess and good luck the right combination of distances, angles and microphone

patterns have been used the results have been fantastic -- going a long way

toward the goal of making a recording which satisfies everyone. Fortunately

for all of us, the performance of coincident techniques in practice turns out

to be well predicted by mathematical analysis, and this analysis is extremely

useful in recording.  The object of this paper is to present the results of

mathematical analysis graphically, in such a way that an engineer can remember

some simple pictures of what a microphone array is doing, and to know how to

match them to the recording situation.

In this primer I will discuss only coincident techniques where the various

microphone capsules in an array occupy nearly the same point, although some of

the analysis will apply at low frequencies to nearly coincident techniques

such as ORTF. I will be concerned primarily with the problem of recording

acoustic instruments with a minimum number of microphones, and will assume the

recordings will eventually be played back through two stereo loudspeakers.

The aspects of sound which will concern me most here are:

1. The ratio of direct sound to reflected sound in the recording --The

sensitivity of the microphone array to reflected sound will determine in part

how far it can be from the instruments for a recording with good clarity.

2. Localization --A good recording technique should be capable of creating

well defined images of the original instruments, and should place these images

in a reasonable approximation of their original positions when the sound is

played back through loudspeakers.

3. The ratio of out of phase components of the reflected sound (L-R) to the

in phase components of the reflected sound (L+R). -- This ratio, especially at

low frequencies, is a measure of spaciousness. Spaciousness is the property

which gives the impression that the hall sound extends beyond the

loudspeakers, surrounding the listener .

4. Depth- the realistic creation of relative distances from the listener to

the instruments.

The ratio of direct to reflected sound seems simpler than it is. Reflected

sound energy from surfaces close to the musicians frequently can be directed

directly into the front of a microphone array. Such early reflected sound is

frequently not desirable in a recording, since it tends to muddy the sound

without adding any sense of richness or reverberation. When the hall has

strong early reflections from the front wall, floor or ceiling the only

solution may be to bring the microphone as close as possible, even though the

desirable later reverberant sound will then be too weak.

Notice also that I am making a distinction between the direct to reflected

ratio and the ratio of L-R to L+R information in the reflected sound. The two

are related, in that both assume there is some reflected energy in the

recording. However many recordings can have considerable reverberation

without sounding particularly spacious, and vice versa. As is shown in

reference 1, spaciousness is associated with the L-R to L+R ratio,

especially at low frequencies. It is extremely important to the subjective

spatial impression of a recording, and many engineers would rather have good

spatial impression than good imaging. With proper coincident technique and

spatial equalization there is no reason they can't have both.

The primer is organized into several sections. The first part compares spaced

and coincident microphone techniques to show how they perform on the above 4

criteria. The second presents the differences between various x-y techniques

graphically, and makes some general recommendations for coincident recording.

The third shows how different coincident techniques relate to each other, and

the fourth is a mathematical appendix.

MICOROPHONE TECHNIQUES

Spaced omnis

This technique, frequently called A/B recording, has been used to make some

wonderful recordings. I usually place the two omnis 3 to 5 meters apart,

about an equal distance above the stage, and about the same distance from the

conductor.

How does this technique affect reverberation, localization, and spaciousness?

Direct/Reflected Ratio:

An omni microphone is equally sensitive in all directions. In a hall with

enough reverberation for a good recording an omni pair must be quite close to

the orchestra, much closer than the best seats for listening. However an

important advantage of the close position is that reflected energy from the

stage area is minimized, and this improves the clarity of the recording.

Localization:

Images produced by widely spaced microphones are vague and hard to localize at

all. It is not possible to calculate apparent positions mathematically.

However listening tests of localization have been performed by Dr Gunther

Theile. His results for several different microphone techniques are shown in

Figure I. Notice that with A/B technique images cluster around the two playback

loudspeakers, leaving the famous "hole in the middle".

Some engineers attempt to improve the spread by using a third loudspeaker in

the middle, or by using a third microphone. Unfortunately both these

modifications reduce spaciousness.

Localization can be improved by adding a lot of accent microphones with pan-

pots, at the risk of making the sound both too close and too far away at the

same time. (Observation courtesy of Jerry Bruck.)

L-R to L+R Ratio:

Spaced omnis have high spaciousness. Spaced microphones pick up the

reverberant sound with essentially random phase, even if the reverberant sound

comes from directions near the front of the microphone. Thus the ratio of L-R

to L+R information in the reflected sound will be nearly unity, even if the

reverberation is largely confined to the front of the microphone.

Under these conditions the recording can be expected to sound spacious in

almost any playback environment, and this is one of the major advantages of

spaced-microphone recording, with or without accent microphones.

Depth :

With spaced microphones sources far from the microphones sound more muddy

and more reverberant. This can be used as a depth cue, but the sense of depth

is not as realistic as a good coincident recording. If accent microphones are

used in a spaced recording all instruments will be close, and the depth

impression will be minimal.

Blumlein- Figure 2.

When properly used, coincident techniques provide clarity, localization,

spaciousness, and a realistic sense of depth. As a representative example of

all coincident techniques, lets look at- the one Blumlein used to make some of

the very first stereo recordings; two figure of eight microphones at 90

degrees. This array, which I will refer to as the Blumlein array, is capable

of excellent results. Figure 2 shows the calculated performance of this

array.

Direct/reflected Ratio :

If one assumes reverberant energy is equal in all directions around the

microphone a figure of eight picks up only 1/3 the reverberant signal power as

a omni microphone of equal on-axis sensitivity. This is shown by the

"sensitivity to reverberation of each mike" in Figure 2. Thus a Blumlein

array can be about a factor of the square root of 3 further away from the

sound source than a pair of spaced omnis if the direct to reverberant ratio is

to remain the same.

The actual sensitivity to reverberation will be always greater than the figure

given in the graphs. When the area around the group has a lot of reflections

much of the reflected energy will be from the front, and the microphone will

have to be closer to the group to get a clear enough sound .

Localization:

With the Blumlein technique the amplitude of the two stereo signals as a

function of the angle is simply a cosine, very similar to a good pan-pot.

Experiments with loudspeaker reproduction of pan-pot derived signals show that

they can be well localized, and that at least with some speaker positions the

apparent locations of low and high frequencies are the same. See reference I.

[This statement is off the mark.  I was misled by the hysterisis in sound 

localization.  High frequencies localize much further away from the center

of a stereo array than would be predicted by a pan-pot.  See the paper on

sound panning on my site.  The inaccuracy of the sine/cosine pan law is a

major problem in this paper.  However most if not all the conclusions reached

below are still valid.]

I will use the localization of the Blumlein array as a standard in calculating

the apparent positions of sources for other arrays.

The localization is shown graphically in figure 2. Notice I have plotted with

a Basic program the apparent and the actual positions of sound sources in the

front left quadrant of the microphone array. The microphone position is

marked with an M, and the null of the right microphone is marked with an N.

In Figure 2 the listener is assumed to be at the microphone position, with the

loudspeakers 4t +/- 45 degrees. The first apparent position - and in this

case the first source, is located at the loudspeaker position. Since Figure 2

is used as a standard for localization, the apparent and actual positions are

all the same.

In all the microphone plots which follow a11 sound sources located at greater

angles from the front of the array than the null of the right microphone will

be recorded out of phase, and will be difficult to localize. They will in

fact sound like they were recorded with spaced microphones, and will be

generally located in the vicinity of the left speaker. In these graphs no

such sources are plotted, but the recording engineer should be aware of what

happens to sources in these positions.

As further graphs will show, the fact that the peak of one microphone lies on

the null of the other accounts for the excellent localization of this array,

but to obtain this good localization the entire group of musicians must fit in the 90

degree angle between the nulls of the two microphones. In practice this means

the Blumlein array must often be rather far back in the hall, and may pick up

too much reflected sound for good clarity.

L-R to L+R Ratio :

Probably the most important piece of information in the graphs is the

spaciousness, which is the L-R to L+R ratio for reflected energy if the

reflected energy is equal all directions. The B1um1ein array produces

equal amounts of L-R and L+R information, and so the spaciousness is 1.0.

Once again, the given spaciousness is probably a best-case figure. In many

halls the majority of the reflected energy comes from the front, and even the

Blumlein array may need spatial equalization to sound as spacious as spaced

omnis.

Depth:

Depth appears to be well reproduced with this and other coincident techniques,

a fact which is best demonstrated by comparing simultaneous recordings.

GRAPHS OF DIFFERENT COINCIDENT TECHNIQUES

All coincident arrays can be analyzed as a combination of two microphones at

various angles. This technique is frequently known as x-y.

X-Y technique is not 1 imi ted to the actual physical patterns of the

microphones you happen to own. When a width control is added to the recording

setup the L-R to L+R ratio can be varied continuously, and the effective

patterns and angles can be altered.

The mixing box of the Soundfield microphone has been designed to resemble an

x-y recording set-up, allowing the engineer can choose from any combination of

patterns and angles. Given that many combinations are possible, which ones

should we use?

Lets look at some of results of a few choices of pattern and angle

graphically, and compare them for localization, reverberation, and

spaciousness. In all the graphs I have assumed that all sound sources are to

be reproduced with equal loudness, and are equally spaced between the playback

loudspeakers. These ideal playback positions are plotted as if they formed a

semicircle around the microphone, from the axis of one to the axis of the

other. The actual playback arrangement is that of the Blumlein array.

The computer then finds the actual locations of each musician which are needed

to produce equal loudness and spacing, and plots them with an 0. Thus the O's

define the locus that the musicians should occupy if the best spacing and

localization is to be obtained. Notice that the actual locations needed are

never on the semicircle, except for the Blumlein array. I want to thank

Eberhard Sengpiel of Teldec for suggesting the basic form of the graphs.

Lets start with some good patterns and angles:

120 degree hypercardioids at 120 degrees: Figure 3

The pattern in figure 3 has the peak of the left microphone on the null of the

right, and consequently has excellent localization. Notice that to make

equally spaced images, the actual sources in the front must be a little closer

together and a little closer to the microphone.

Notice especially that the array has less spaciousness even in the best case

than Blumlein or spaced omnis.

109 degree hypercardioids at 109 degrees: Figure 4

This pattern is a compromise between Blumlein and 120 degree hypercardioids.

It images very well, has the same spaciousness as spaced omnis, and is the

least sensitive array to reverberation. Its major defect is that it may have

to be far back in the hall to make the entire group fit in the 109 degree

front angle. In spite of the good rejection of reverberation from the rear,

When there is substantial reflected energy from the front the sound may be too

muddy with this array.

140 degree hypercardioids at 140 degrees: Figure 5

This pattern is wider than 120 degree hypercardioids, and is quite good when

it is necessary to be close to the group. Note that localization is good, but

now musicians must be even closer to each other and to the microphone when

they are in the center. This effect may be useful, since when you are

recording a group which is not in a semicircle the distortion produced by this

array may be just What you want.

The bad news with this array is the spaciousness, which is poor .

All the above arrays had the peak of the left microphone on the null of the

right. Lets see What happens if we try some arrays Which do not:

Cardioid microphones at 135 degrees: Figure 6;

The major problem here is the low spaciousness. Recordings made this way

sound too monaural. The localization is good near the front, but only sources

behind the microphone (Which don't print on the graph) will locate near the

left loudspeaker. Thus the separation is poor. Compare this graph to the X/Y

plot in Figure 1.

Separation at high frequencies can be improved by spacing the microphones

apart a little, as in ORTF (see Figure 1,) but low frequency spaciousness will

still be too low.

Cardioid microphones at 180 degrees Figure 7

Again the spaciousness is just too low. Localization might be not too bad in

some circumstances.

120 degree hypercardioids at 110 degrees Figure 8

Although there is less distance error with this array than with 120 degree

hypercardioids at 120 degrees, the spaciousness and the separation are not as

good. Arrays where the angle between the two microphones is less than the

angle from the front to the null of each mike are not recommended for this

reason.

120 degree hypercardioids at 130 degrees Figure 9

Arrays where the angle from the front to the null is less than the microphone

angle are much more interesting. Notice that the spaciousness is high, almost

that of Blumlein.

For best localization the musicians should be positioned nearly in a shallow

semi-circle between the two null points of the microphones, in this case at

+/- 55 degrees from the front.

Angle from front of array to Right Null = (mike null angle) - (mike angle)/2

All sources which lie at greater angles than the null of the right microphone

are reproduced out of phase, and will sound like they are coming from the

vague direction of the left loudspeaker. The effect is similar to recording

with spaced microphones, and can be desirable. Thus this array is in fact

quite useful whenever the musicians do not lie in an exact semicircle around a

central microphone.

120 degree hypercardioids at 140 degrees Figure 10

This graph is similar to Figure 9, except now the best localized musicians are

between +/- 50 degrees of the front, and can be even more in a line rather

than a semicircle. Notice that the spaciousness is high with this array.

SOME GENERAL COMMENTS ON THESE PATTERNS:

It should be obvious from these graphs that best localization results when the

peak of the left microphone lies on the null of the right. I call this the

localization rule for coincident recordings. A corollary to this rule is that

the entire group should fit between the two microphone axis.

This rule is frequently at variance with the desire to achieve high

spaciousness. These graphs show that wider angles and patterns closer to

figure of eight can be used to increase spaciousness, and that the resulting

localization errors may be actually helpful. If phasey edges are not desired,

the entire group should fit between the two front nulls.

Fortunately with spatial equalization you can make the microphone angle and

the null angle a function of frequency, letting the localization be accurate

for upper frequencies, and the spaciousness be high at low frequencies, where

it is most important.

In practical terms this all means:

I. Put the coincident array close enough to the instruments to get a good

ratio of direct to reflected energy. In a recording session in hall with a

great deal of reflected energy in the front it may be useful to turn the

musicians around, so the majority of the reflected energy comes from the rear.

2. Set the microphone angle wide enough to include the whole group between

the axis of the microphones.

3. Choose the microphone pattern to satisfy the localization rule above.

4. If the center is too loud , try wider microphone angles and patterns closer

to figure of eight than the localization rule requires. This may produce a

better balance, and will improve spaciousness.

5. Use spatial equalization to achieve adequate spaciousness.

COMPARISON OF A FEW COMMON COINCIDENT TECHNIQUES

X-Y Technique with fixed pattern microphones

Arrays with fixed pattern microphones are not limited to the actual patterns

of the microphones themselves. If we add a width control to the stereo signal

(or a spatial equalizer such as circuit 2 of reference I) we can make the

effective pattern and angle different. The actual analysis will be presented

later, but to sumlarize it:

1. Cardioid microphones can be made to look more like hypercardioids by

increasing the width (L-R) in the recording.

2. The actual microphone angle can be then adjusted to create a new effective

array. The actual angle used must be smaller than the desired effective

angle.

3. However, with cardioid microphones only patterns between cardioid and

approximately 130 degree hypercardioids are possible.

As an example, 140 degree hypercardioids at 140 degrees can be created with

cardioid microphones at 128 degrees, and a 2.6dB boost in the L-R response.

130 degree hypercardioids at 130 degrees are made by placing the cardioids at

a 98 degree angle and giving the L-R a 5.6dB boost.

4. 120 degree hypercardioids can be made to look like 109 degree

hypercardioids or 140 degree hypercardioids, but a figure of eight pattern, or

a cardioid pattern is not possible.

We can create a 130 degree hypercardioid array at 130 degrees using 120 degree

hypercardioids by putting them at a physical angle of 142 degrees, and

reducing the L-R by 2.6dB. 109 degree hypercardioids at 109 degrees can be

created with a physical angle of 60 degrees and a L-R boost of 4.3dB.

MID - SIDE (MS) TECHNIQUE

In MS technique the stereo signals are derived from mixing the outputs of a

sideways facing figure of eight microphone and a front facing microphone of

various patterns. The L+R signal is simply the output of the front facing microphone,

microphone. The two stereo channels are derived by a simple mix of M and S:

L=M+S

R=M-S

Notice with MS the width of the image can be directly controlled by varying

the gain in the M and S channels. Thus other microphone patterns can be

generated. However, we cannot vary the actual angle between the microphones

in MS as we can in X-Y, so our selection of patterns is more limited.

The effective patterns are determined by the pattern selected for the front

facing-microphone. If it is a figure of eight, the Blumlein array results

when the gain of the M and the S channels are equal. If we use a cardioid

front microphone, we get 120 degree hypercardioids at 120 degrees, but only

When the gain of the S channel is less than the M channel by 1.25dB. An omni

front facing microphone makes an effective pattern of cardioids at 180 degrees

when the gain of the two channels is equal. Other gains produce weird

results.  [Unfortunately some engineers insist on using this pattern...]

Lets assume the front microphone is a cardioid and vary the gain of the side

channel in the mlx. Again, when the gain is -1.25dB the patterns are

identical to Figure 3. For a front facing cardioid, as the gain is varied the

effective microphone angle is :

microphone angle = 2 * arctan(2*(Sgain/Mgain)

angle from mike front to null = 180 -(microphone angle)/2

Thus equal gains will give effective patterns of 117 degree hypercardioids at

126 degrees, and 1dB greater gain in S than M will give 114 degree

hypercardioids at 132 degrees. This is plotted in Figure 11.

You can see that with MS it is highly desirable to use the correct gain in the

mix to stereo. Small errors in gain can make large errors in localization, or

cause phasey side images.

With MS if the front microphone is a variable pattern microphone, and the

small error in gain can be compensated as the microphone varies from eight to

cardioid and to omni, the resulting array can vary smoothly through all the

patterns which obey the localization rule. The author's home-built Soundfield

is set-up in this way, and is easy to use in recording.

SOUNDFIELD 

The Soundfield microphone cons1sts of four cardio1d capsules mixed internally

to form three figure of eight microphones and one omni. All four signals can

be recorded for mixing later into stereo. The mixing box is set up as an x-y

microphone array, with additional controls over rotation, apparent closeness

(dominance,) ane tilt. Tilt and dom1nance are only moderately useful, since

the microphone sounds better if you physically Move it than if you use the

controls. Rotate is very useful in coincident recording , since this is the

only way to adjust the left-right balance without making the reverberation

lopsided. Another major advantage of the Soundfield is that all patterns and

angles are available while listening, which makes getting a good sound a lot

easier.

There is also an advantage of the Soundfield when spatial equal1zation is

used. The three major signals from the microphone are the W or omni response,

the X or front facing figure of e1ght response, and the Y or side facing

figure of eight response. As in MS the L-R signal is always the Y s1gnal, and

X and W are mixed to form the L+R. Since all three signals are available,

spatial equalization can be applied to them all. It seems in general best to

apply a bass cut to the W signal and not the X signal, rather than cutting

both the W and X signals equally as an ordinary spatial equalizer would do.

This causes the response of the microphone to signals from the top and the

bottom to be reduced at low frequencies, without changing the loudness of

bass instruments from the front. A bass cut to the W response in combination

with a bass boost to the Y response appears to be ideal.

SPATIAL EQUALIZATION

Spatial equalization is simply the process of making the localizat1on curves

for instruments frequency dependent. If a Soundfield microphone is available

it seems to be most useful to apply a bass cut to the W signal at the same

time as a bass boost to the Y s1gnal. The result of this is to make the

derived patterns closer to figure of e1ght as the frequency goes down. This

has a remarkable effect on the spaciousness of the recording, and appears to

affect the localization very little. Typical boosts and cuts are about 4dB,

with a mid point (2dB point) of 600Hz. Simple shelving filters can be used

with good results.

Applying spatial equalization to stereo signals by altering the L-R and L+R

ratio as shown in circuit 2 of reference 1 is less effective, but still

worthwhile. Spatial equalization is the key to achieving adequate

spaciousness in coincident recording. It gives you the extra control

necessary to balance the requirements of localization and spaciousness. It

causes the derived patterns to be more sensitive to the lateral hall sound at

low frequencies, which is just what you want for a spacious recording.

I have built a simple spatial equalizer into the mixing box of the Soundfield

microphone, and find it very useful. Be warned that you cannot hear this

effect very well on earphones, and the amount of spaciousness enhancement

needed depends on the locations of the monitor loudspeakers in the listening

roan. See reference 1.

CONCLUSIONS

With some care in the choice of microphones, and with the help of a little

electronics, coincident techniques can produce recordings with superior

clarity, localization, spaciousness, and depth than spaced microphone

techniques. Although many variables are involved, the rules for making

superior coincident recordings appear to be:

Select the microphone positions to keep the energy in early reflections low,

and to get the right balance of direct and reverberant sound.

Select the microphone angle to keep the entire group between the peak

sensitivity of the two microphones.

Select the microphone pattern to locate the peak sensitivity of one microphone

near the minimum sensitivity of the other. A pattern slightly closer to

figure of eight may give a more pleasing balance and sense of space,

especially if some phaseyness can be tolerated in the outermost musicians.

Use spatial equalization to create the right balance between the requirements

of good stereo localization and adequate spaciousness. Ideally with a

Soundfield the W response should have less bass and the y response should have

more, rather than the simply altering the L-R to L+R ratio.

With these suggestions excellent recordings can be created. Where balance

problems or severe reflections prohibit a single microphone array from being

used, do not hesitate to try mixing in accent microphones, with or without

delay. The results can be excellent, especially if the microphones mixed in

are also coincident arrays.

MATHEMATICAL ANALYSIS

X-Y, MS and Soundfield are all related mathematically. Any coincident

technique can be seen as a mix into two channels of three different signals.

(We will ignore the up/down axis in this discussion.) We will use Soundfield

terminology for these signals. They are:

1. The omni signal, or sound pressure at the array. We will call this the W

signal.

2. The front-back component of the sound velocity, or the output of a forward

facing figure of eight microphone. We will call this signal X.

3. The right-left component of the sound velocity, or the output of a

sideways facing figure of eight. We will call this signal Y.

We will normalize these signals so a plane wave arriving on the front of any

of the figure of eight microphones will produce the same level in that

microphone and in W. (In the Soundfield W is reduced in level 3dB to match

the other levels better in a recording.)

The Soundfield microphone gives you these three signals independently, and

allows you to record them separately for mixing later into any possible

combination of coincident angles and patterns.

As an example, a front-facing cardioid is simply an equal combination of the W

and X signals. In general, if we define a parameter P such that the amount of

figure of eight (velocity) signal in a mix is P and the amount of omni signal

is I-P, then we get the following relationships for a front facing microphone:

mike output = (l-P)W + PX

P=l
figure of eight

P=3/4
hypercardioid with 109.5 degree nulls

P=2/3
hypercardioid with 120 degree nulls

P=1/2
cardioid

P=O
omni

Note the amplitude response at the front of the microphone is constant as P is

varied, only the response to the sides and rear changes. By definition, for a

plane wave arriving from the front, W = X. for a plane wave arriving from the

rear, W = -X.

We derive microphones pointing other directions than the front by combining

the X and Y signals. These combine with a sine/cosine pan pot relation. To

see how, lets derive a figure of eight response for a microphone pointing at

an angle of Q from the front:

Lets call the new figure of eight signal L'. It is easy to show:

L' = cos(Q)X + sin(Q)Y

If we have two microphones each at an angle of +/- Q from the front, (lets

call them L' and R',) we see:

L' = cos(Q)X + sin(Q)Y

R' -cos(Q)X -sin(Q)Y

Now lets make these new figure of eight microphones into variable pattern

mikes, and derive the L and R signals of an equivalent stereo recording:

(1) L = (1-P)W + PL' = (1-P)W + Pcos(Q)X + Psin(Q)Y

(2) R (1-P)W + PR' = (1-P)W + Pcos(Q)X -Psin(Q)Y

****** note that the angle between the microphones is 2Q ******.

We can do a lot with these equations. As an example, lets see how to express

the criterion that the peak of one microphone of an array should be on the

null of the other. For this we define the angle N for the angle between the

rear of the microphone and the null. By inspection, the pattern/angle rule

simply states that:

(3) N = 180- 2Q

We can find P for a microphone with a null at angle N by simply plugging N

into the equation for L above, and asking that the output be zero for a plane

wave coming from the rear, where W = -X, and Y =0. Solving for P, we

see:

(4) P = 1/(1 + cos(N))

This equation gives the pattern constant P for the angle from the null to the

rear of the microphone, N. The angle of the null from the front of the

microphone is simply 180- N.

For the localization rule to be true,

(5) P = 1/(1+cos(180 -2Q))

Now given any angle Q we have the pattern constant P.

We can use (1), (2), and (4) to calculate the apparent positions of sources

around a microphone array, using the cosine law as a reference. To do this,

we find P and Q for the array we are studying. We then pick a directional

angle for a source and calculate the voltage produced by each microphone using

(1) and (2). The arc tangent of L/R gives the apparent angle, and the total

loudness is given by the square root of L^2 + R^2. The loudness is converted

to effective distance, and the results plotted. Doing this results in the

curves shown earlier.

We can also derive the L-R to L+R ratio of the array by summing (L-R)^2 and

(L+R)^2 for all six directions of incoming sound; up, down, front, back, left,

and right. For example, we see from (1) and (2) that:

(6) L+R = 2(1-P)W + Pcos(Q)X)

(7) L-R = 2(Psin(Q)Y)

Now lets sum (L+R)^2 for all six directions, remembering the relationship

between W, X, and Y for the different directions. Let the six direction

amplitudes be represented by F, B, U, D, L', R' and drop the factors of 2

above:


(L+R)^2 = F^2((1-P)+Pcos(Q))^2 + B^2((1-P)-Pcos(Q))^2



 + (1-P)^2( U^2 + D^2 + L'^2 + R'^2 )


(L-R)^2 = (P^2sin^2(Q))( L'^2 + R'^2 )

If we let all the amplitude constants be equal and unity, these reduce to:

(8) (L-R)^2/(L+R)^2 = sin^2(Q)/( 3(1/P-1)^2 + cos^2(Q) )

The square root of this ratio is the spaciousness shown in the graphs.

This equation is very useful, since it allows us to calculate the spaciousness

for any combination of patterns and angles, assuming equal reflected sound in

all directions.

We can combine (8) with (5) to get the spaciousness for any array which

satisfies the localization rule:

(9) (L-R)^2/(L+R)^2 = sin^2(Q)/( 3(cos^2(180-2Q)) + cos^2(Q) )

For one final example, we can calculate the sensitivity of a single microphone

to reverberant energy. Let Q be zero and find the total L^2

If all directions are equal and unity,

L^2 = 8P^2 -12P + 6

This is simply 6 for an omni. Both a figure of eight and a cardioid give 2.

The minimum is for P=3/4, were L^2 is 3/2. This is exactly four times less

sensitive to random incident sound power than an omni. The square root of

L^2/6 is the sensitivity to reverberation given in the graphs.

Equations (6) and (7) allow you to see what happens if you vary the L-R and

L+R ratio with a width control, or when you mix an MS recording. Notice that

the L-R signal is always only composed of the Y signal in a coincident

recording. If we alter the ratio of L-R and L+R with a width control we

cannot change the ratio of W and X in the final mix. This has been fixed by

our initial choice of angle and p3ttern. If we can change the actual

microphone angle we have more freedom in synthesizing desirable patterns and

angles, but even so some are unobtainable. As an example, say we want to

record with cardioid microphones, but effectively synthesize hypercardioids at

120 degrees. For hypercardioids at 120 degrees, we see from (6) that the

final mix will have a ratio of W and X of 1 to 1.

L+R = 2[ 1/3W + 1/3X ]

To achieve this with cardioids, the actual physical angle between them must be

0 degrees, which is not possible. We can synthesize wider hypercardioids at

greater angles though.

We can use (6) to calculate the angle needed between the actual microphones to

produce the same ratio of of X to W as in the derived pattern. Lets call P'

the direction constant of the actual microphone, and Q' the actual angle, with

P and 0 referring to the derived patterns.

(10) ratio of X to W = Pcos(Q)/(l-P) = P'cos(Q')/(l-P')

(11) cos(Q') = (Pcos(Q)/(1-P))((1-P')/P')

Now we find the L-R boost necessary by letting W = X = Y = 1 :

(12) L-R Boost = (sin(Q)/sin(O'))((1/P')-l+Pcos(Q'))/((1/P) + cos(Q))

As an example, try 140 degree hypercardioids (N=40) at 140 degrees. From (4)

we see P = 0.566 for the derived pattern. We achieve this with cardioid mikes

where P' = 1/2, we find Q' = 64 degrees. Thus the actual angle between the

two microphones should be 128 degrees. Checking the ratio of L-R and L+R in

the derived and the actual patterns we fine we also need a 2.6 dB boost in the

L-R response.

To create a derived pattern of 130 degree hypercardioids at 130 degrees with

cardioid microphones would require an actual physical angle of 97.6 degrees,

and a L-R boost of 5.6dB.

Thus we see we can synthesize different angles and patterns from microphones

we have at hand by varying the physical angle and adjusting the width

electronically. We can only do this to a certain extent however. We cannot

ever get the sound of 120 degree hypercardioids at 120 degrees, and we

shouldn't try. Boosting L-R and adjusting the physical angle narrower in a

cardioid array can increase spaciousness and increase the spread, and in some

locations this may be an interesting coincident array.

As a further example, if we were doing coincident recordings with 120 degree

hypercardioid microphones and we found we wanted a slightly greater angle than

120 degrees for best results, we could increase the angle between the

microphones, and then decrease the width to keep the derived null consistent

with the new peak. To synthesize a 130 degree array with 130 degree

hypercardioids using 120 degree hypercardioids we happened to own, we would

need a physical angle between the microphones of 142 degrees, and an L-R cut

of 2.6d8.

One final bit of math:

In MS technique we would like to relate the derived patterns to the actual

patterns and the ratio of Side gain to Mid gain. Assume both the mid and side

microphones have equal sensitivity to a plane wave on axis. Now let the

pattern constant for the front microphone be P1 and the ratio of side to mid

gain be R. Let the derived patterns have a pattern constant of P and a half

angle of Q, with the angle from the rear to the null of N.

The requirement that the ratio of W and X in the L+R signal be the same for

both arrays says:

(13) cos(Q)/(1/(P-l))=1/(1/(Pl-l))

by letting W = X = Y = 1 we find the ratio of S to M:

(14) R = sin(Q)/(1/(P -1)) + cos(Q))

after some algebra we get:

(15) tan (Q) = R/P1

(16) cos(N) = cos(Q)(1/(Pl-l))

remember the angle from the front to the null is just 180 = N.

These equations are discussed in the text above for the case where P1 = 1/2.

Some of this math is contained into the Basic program used to plot the graphs.

The Basic used was TDL Xitan basic, running under CP/M. It should be close

enough to other Basics to be translated without difficulty. The plotting

program uses a large data matrix, which is close to the limit for my machine.

This is why only the left quadrant was plotted. Note the widths used are

adjustable to accommodate different printers.

REFERENCES

1. Griesinger, D "Spaciousness and Localization in Listening Rooms --How to

Make Coincident recording Sound as Spacious as Spaced Microphone Arrays"

presented at the AES convention Oct. 85, AES Preprint 12294

2. Theile, G. "Hauptmikrofon und Stutzmikrofone -neue Gesichtspunkte fur

ein Bewahrtes Aufnahmeverfahren" Presented at the 13th Tonmeistertagung,

Munchen 1984 -Bildungswerk Des verbandes Deutscher Tonmeister ,

Gemeinnutzige Gesellschaft mbH, Masurenallee 8 -14, 1000 Berlin 19. page 170.

3. Smith J.H. "Ambisonics- The Calrec Soundfie1d Microphone" Studio Sound

(Oct. 79, pp 42-44.

5 REM Program to calculate actual and apparent source positions, TRS 80 100 Basic.

6 rem (C) David Griesinger october 10, 1985

11 rem option #2,"W",132

10 rem open"com:37ile"for output as 1

12 pi=3.14159

15 dim x(35)

16 dim y(35)

20 dim g$(35)

21 w=80

22 h=40

23 input "angle between microphone axis "; fq

24 input "angle from front to first null "; n

25 input "figure number ";f

74 rem print #1,"FIGURE "1

75 lprint "FIGURE ";

76 lprint using "##"; f;

77 lprint ". Actual and Apparent Source Positions in the Left Stereo

Field"

78 lprint " for a X-Y coincident pair at microphone

postion M"

79 lprint

80 lprint "angle between the two microphones .,

81 lprint USING "#####"; fq

90 lprint "angle from front of mike to first null ",

91 lprint USING "#####"; n

92 lprint

93 fq=fq/2

94 n=180-n

100 fq=pi*fq/180

110 n=pi*n/180

120 p-l/(l+cos(n))

130 sp=sin(fq)*sin(fq)/(cos(fq)*cos(fq)+3*(-1+1/p)*(-1+1/p))

140 sp=sqr(sp)

150 lprint "the spaciousness of the array is ",

151 lprint USING "#####.##"; ap

160 rv=sqr((6-12*p+8*p*p)/6)

1?0 lprint "the sensitivity to reverberation of each mike is ",

1?1 lprint USING "#####.##"; rv

1?2 lprint

1?3 lprint

174 lprint " Apparent Position = X"

175 lprint " Actual Position = 0"

176 lprint "Left Mike Axis, and First Apparent Position = L"

177 lprint " Right Microphone Null = N"

190 rem First put in the x's - but backwards, so the last can be changed to L

200 for i=0 to 8

210 th=fq-(8-i)*fq/8

220 xt=w + int(1.5-(w)*sin(th))

230 yt=int(1.5+h*cos(th))

232 x(i)=xt

234 y(i)=yt

240 g$(i)="X"

250 next i

252 g$(i)="L"

255 g$(30)="M"

256 x(30)=w+1

257 y(30)=1

290 rem Now find the null point, and put it in

292 rem using an N if the null is inside FQ, and a small n if it is outside,

293 rem in which case plot the null angle minus 90 degrees

300 th=pi-n-fq

301 u$="N"

302 if th<pi/2 then 320

303 th=th-pi/2

304 u$="n"

320 xt=int(1.5+w-.8*(w)*sin(th}}

330 yt=int(1.5+.8*h*cos(th))

340 g$(31)=u$

342 x(31)=xt

344 y(31)=yt

390 rem now find the original positions to fit the apparent positions

391 rem we do th1s by iteration, to accuracy or .5 degrees

392 rem th are the desired effective angles, tt is the trial actual

angle

393 re t1 is the actual angle we get each trial

400 for i=0 to 8

410 th=fq-i*fq/8

420 tt=th

430 t1=th

431 rem Now loop until we have a tt which gives a value close to th

440 tt=tt+th-t1

450 gosub 2000

460 if t1-th > pi/360 then 500

470 if th-t1 > pi/360 then 500

480 goto 530

500 goto 440

530 xt=int(1.5+w-(w*sin(tt))*ad)

540 yt=int(1.5+((h*cos(tt))*ad))

550 if x<0 then 600

560 if 1<0 then 600

570 if x>w+1 then 600

580 if y>h+1 then 600

590 g$(i+9)="0"

592 x(i+9)=xt

594 y(i+9)=yt

600 next i

1000 rem This section graphs the points x,y, and g

1010 rem sort arrays first by y in descending, then x in ascending order

1055 ds=O

1060 for 1=1 to 34

1070 if y(i) = y(i-1) then 1100

1080 if y(i) > y(i-1) then 1200

1090 goto 1300

1100 if x(i)<x(i-1) then 1200

1110 goto 1300

1200 w1*y(i)

1210 y(i)=y(i-1)

1230 y(i-1)=w1

1240 w1=x(i)

1250 x(i)=x(i-1)

1260 x(i-1)=w1

1270 w$=g$(i)

1280 g$(i)=g$(i-1)

1290 g$(i-1)=w$

1295 ds=1

1300 next i

1350 if ds=1 then 1055

1400 rem now graph the points, starting with y(0)

1410 z=O

1420 yz=h+1

14)0 for i=0 to 34

1440 if y(i)=yz then 1500

1440 if y(i)>yz then 1500

1450 yz=yz-1

1460 lprint

1465 z=O

1470 goto 1440

1500 if x(i)>z then 1550

1510 lprint g$(i);

1520 z=z+1

1530 goto 1600

1550 lprint string$(x(i)-z-1," ");

1551 rem print #1,spc(x(i)-z-1);

1560 lprint g$(i);

1570 z=x(i)

1580 goto 1600

1600 next i

1610 end

2000 rem This subroutine calculates the scaled apparent angle, given a real tt

2420 q1=fq-tt

2430 q2=fq+tt

2440 1=1-p+p*cos(q1)

2450 r=1-p+p*cos(q2)

2455 rem note a3 is scaled by fq to fit the original range

2460 b1=r/l

3010 rem program to calculate the arctan t2 of a number b1 to within 1%

3020 dz=b1/200

3025 if dz<.001 then dz=.001

3030 if b1<1 then 3070

3040 t2=pi/2-1/b1

3050 goto 3160

3070 t2=b1

3160 bt=tan(t2)

31?0 if abs(b1-bt)<dz then 3250

3180 if b1>1.2 then 3190

3182 if b1<.8 then 3200

3184 t2=t2+(b1-bt)/2

3186 goto 3160

3190 t2=t2+(b1-bt)/(bt*bt)

3192 if t2>pi/2 then t2=89.9*pi/180

3195 goto 3160

3200 t2=t2+(b1-bt)

3210 go to 3160

3250 rem we are done -the arctan of b1 is t2

3460 t1=(4*fq/pi)*(pi/4-t2)

3470 ad=(sqr(l*l+r*r))

3480 return
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