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ABSTRACT 

With the aim to recreate the original concert-hall sound-field as faithfully as possible in the control- or 
living-room recordings were made simultaneously with an artificial head and several surround-
microphone techniques (among them the new BPT method). The surround recordings were re-recorded 
using the same dummy-head as in the concert-hall. The results of subjective listening tests (loudspeaker 
as well as binaural) were assessed using ANOVA and correlation analysis.  
Acoustical analysis of the dummy-head recordings was performed by measuring the ëFrequency-
dependent Inter Aural Cross-correlation Coefficientí (FIACC): the ëlow-correlationí AB-PC microphone 
system was capable of reproducing the original sound-field better than any of the other systems under 
test (DECCA, KFM, OCT).  
A microphone-systems ëCritical Frequencyí, below which correlation raises towards 1, is defined. 

1. INTRODUCTION 

     ìWhen I sit in an acoustically perfect hall (full of 
people), in the best seat for hearing, and listen to an 
orchestra, I hear such and such sounds. I want to hear 
precisely this effect from a recording, if that be 
possible.î ñ An anonymous music critic (ìK. K.î) 
writing in the 1928 issue of The Gramophone. [1 ]  
 

 
 
        At this moment audio history seems to be at a 
point where one part of the audio community is trying to 
push the borders of achievable quality in sound 
reproduction by using a rather high number of 
loudspeakers (wave field synthesis ñ WFS), or with the 
highest resolution possible (192kHz/24bit or SA-CD), 
while another ñ much larger - part of the industry is 
compromising said quality by intentionally diminishing 
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signal dynamic range (multiband compression as used 
on radio and tv), and/or applying data reduction based 
on psychoacoustic principles (MP3, etc.) for the sake of 
higher storage efficiency or gain in data transmission 
capacity. While the first author finds at least the last two 
practices highly debatable, it also seems clear to him 
that ñ at least for the recording and reproduction of 
acoustic instruments, especially in a multichannel or 
ësurround-soundí context (if a certain ëminimal-qualityí 
is guaranteed) the choice of microphone technique 
(directional characteristics, as well as placement) is the 
most influential factor on the ëqualityí which can be 
achieved upon playback.  
 
While a recent publication [2] points out the deficits of 
WFS in terms of localization and sound coloration, a 
double-blind study in the field of high-resolution audio 
seemed to indicate that there is no evidence that 
perceived quality has to do with additional resolution or 
bandwidth [3]. Therefore the authors thinks it is 
worthwhile to concentrate on problems related to 
surround- and stereo-reproduction which employs a 
much smaller number of loudspeakers than WFS, for 
example the well established 5.1 Surround loudspeaker-
setup as proposed in ITU-R BS. 775-1.  
 
 

1. PROBLEMS RELATED TO LOCALIZATION IN 
ëSMALL ABí  MICROPHONE SYSTEMS  
 
A few years ago a study by Wittek and Theile [4] 
pointed out that there are large discrepancies between 
results derived from listening-tests concerning 
localization. As can be seen in Tab.1 these differences 
are - at times ñ larger than 100% (compare Wittek and 
Sengpiel for small AB with 50cm capsule-spacing).  
 

Setup Hugonnet Sengpiel Williams Wittek 
ab  
omnis  
50cm 130U 180U 100U 74U 
AB 
omnis 
100cm - 62U - 36U 
ORTF 
cardioids 
110`, 
17cm 

90U 96U 100U 102U 

Table 1: Recording-angles as found in literature [5], 
[6], [7], [8], [9] 

 

In [10] various studies are listed which indicate that the 
frequency dependence of sound-source localisation 
between loudspeakers has been know at least since 
1934. A more recent study on this topic can be found ñ 
among many others - in [11]  
Whether the ambiguity of the results found in study [4] 
are caused by differences in the nature of the test signals 
or varying physical characteristics of the loudspeakers 
involved [12], or if it may be based on strong inter-
individual differences along with some anomalous 
localisation effects which occur in the mid-frequency 
range (see [13] for details),  or an a combination of 
these factors may be an interesting subject to further 
research in the future. 

Looking at the differences in the results of study [4] of 
more than 100%, it seems clear that Çsmall ABë based 
recording techniques apparently cannot provide 
localisation that is Çsolidë enough so that inter-
individual differences (including loudspeaker quality 
differences, etc.) can be neglected.  
 
 
2. SMALL AB vs. LARGE AB 

As is commonly know a time-of-arrival difference 
between the ears of a human in the range of  1.1 ñ 1.5ms 
[4] will result in localizing the sound event entirely in 
one of the two loudspeakers of a standard 2-channel 
stereo-setup. Therefore the majority of researchers 
accepts the Çsmall ABë based microphone configuration 
of two omni-directional transducers with small capsule 
spacing as the system of choice, as it is able to provide 
inter-aural time-differences in the requested range. On 
the other hand Çlarge ABë based microphone-techniques 
with capsule-spacings of several meters (as are 
commonly used with orchestra recordings) are often all 
too easily discarded by pointing out their inherent Ñhole 
in the middleì effect, while in practice this acoustic 
Ñholeì can very easily be filled with the help of an 
appropriate center-fill microphone or microphone-
system.    
 
Also ñ as will be shown further down - the presumed 
localisation accuracy (which is not that accurate at all, 
as evidenced by study [4]) of the small AB arrangement 
comes at the expense of the Çspaciousnessë contained in 
the recording.  
 
The preference of many academics for the small AB 
(and also various coincident XY) microphone systems 
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may also have to do with the fact that these are 
relatively easy to grasp mathematically while already a 
combination of just two (main-) microphone systems 
(e.g. Large AB with a Blumlein-Pair of crossed figure-
of eights) may not be as easy to calculate in all 
necessary (psychoacoustic) accuracy.   
     And ñ in fact ñ if we take a look at the microphone 
setups that are being used by practicing sound-
engineers, it can be noticed that there is quite a number 
who utilise not just one main-microphone technique, but 
rather a combination of two appropriate ones. Many 
times this includes also a Çlarge ABë-pair of spaced 
capsules (see the famous ÇDECCA-Treeë from the 1950-
ies with omni-directional outriggers, as well as the 
ÇFukada-Treeë for surround-recording  [15].    
      Other famous examples can be found in the highly 
acclaimed ÑLiving Stereoì recordings done by the RCA 
in the 1950-ies and 60-ies, of which the original 3-
channel recordings have been re-issued in a (front 
signals only) multi-channel SA-CD format during the 
last few years. Fig. 1 shows an example of the RCA's 
"A/B - Centerfill" microphone scheme, which was 
applied for the 1959 recording of the ìPines of Romeî 
which used a ëlarge ABí pair of Neumann U-47 
microphones in conjunction with a Neumann SM-2 
(early stereo microphone) as centerfill system. 
 

Fig.1: RCA's "A/B - Centerfill" microphone scheme 
(1959) [16]  
 
Simply put, in order to achieve de-correlation of a 2-
channel stereophonic sound signal we need to have 
either sufficient spacing between two omni-directional 
transducers or employ coincident or near coincident 
techniques with directional microphones.  
 

Apparently there is a disagreement in respect to the 
amount of capsule spacing needed for ìcorrect spatial 
reproductionî of a sound event: On the one hand side 
authorities of the audio community  ([17], [18], [19]) 
seem convinced that only small microphone spacings 
(ìsmall ABî), based on psychoacoustic principles, are 
able to provide correct localization. On the other hand a 
large percentage of practicing sound engineers favor 
largely spaced AB techniques (ìlarge ABî) [20], or at 
least use supplementary ìoutriggersî (largely spaced 
omni-directional microphones in front of the orchestra), 
due to the more ìopen soundî they provide.  
 
 
3. PROBLEMS RELATED TO PERCEPTION OF 
LOW  FREQUENCIES    
 
3.1. Playback Considerations  
As is common knowledge of practicing sound 
engineers, some microphone techniques are better suited 
for headphone reproduction, while others work better 
with replay via loudspeakers.   
Listening to the signal of a ìsmall ABî microphone 
recording via headphones, one gets a rather realistic 
impression of the sound event, as long as the capsule 
spacing is in the order of the diameter of the human 
head. (This effect is also true for some other near 
coincident techniques).    
However, when listening to the same stereo signal via 
loudspeakers, the experienced listener hears that while 
there is a convincing stereo-panoramic impression of 
localization and depth of the sound-field at high 
frequencies, this impression gets lost more and more 
towards lower frequencies. 

Alan D. Blumlein mentioned this effect already in his 
1931 patent:  
"With two microphones correctly spaced and the two 
channels entirely separate it is known that this 
directional effect can also be obtained for example in a 
studio, but if the channels are not kept separate (for 
example by replacing the headphones by two loud 
speakers) the effect is largely lost.î [21]    
He then proceeds in proposing an electronic 
compensation circuit (ìBlumlein Shufflerî), as well as 
head-related recording techniques with obstacles 
between two pressure transducers and  his famous 
ìBlumlein Pairî composed of crossed figure-of-eight 
microphones, among a plethora of other inventions 
relating to stereophonic sound.  
 



PFANZAGL-CARDONE AND H÷LDRICH 
 

FCC in Surround- and Stereo-Mic Systems (BPT)

 

AES 124th Convention, Amsterdam, The Netherlands, 2008 May  17ñ20 

Page 4 of 40 

The above mentioned effect -being quite obvious 
acousticallyñ needs some empirical as well as 
theoretical explanation. The change in spatial 
representation towards lower frequencies can be 
checked by listening selectively to isolated frequency 
bands to detect which room impression is provided by a 
main-microphone signal in various frequency ranges. In 
this respect the frequency range below approx. 700-800 
Hz is of primary interest, since the human head is not jet 
effective as a baffle in this frequency band and due to 
signal-diffraction sounds "bend" around it. Above about 
800Hz the shadowing capacity of the head becomes 
more and more important and the human hearing 
mechanism is therefore mainly based on the interaural 
differences in terms of signal loudness and frequency 
response, while - simply put - in the low frequency 
region it is mainly based on detecting interaural phase- 
and timing-differences.  (see also Fig. 2 in the 
appendix, from [22])  
 
Research by Yost [23] in 1971 has shown that the low 
frequency components of  transient sounds in a binaural 
signal are of greatest importance for localization: High-
pass filtering of clicks, so as to include only energy 
above 1500 Hz resulted in a deterioration of localization 
ability, but the same clicks low-pass filtered to include 
only energy up to 1500 Hz resulted in little change. 
 
Research by Hirata [24] deals with the phenomenon of 
localization deterioration for low frequency components 
of a stereo signal that is replayed via loudspeaker. He 
proposes a ìperceptual inter-aural cross-correlation 
coefficientî (PICC) as follows: 
 
PICC = DR0+ (1-D)RE             (1) 
 
with 

D Ö  definition (directness) of sound  
R0Ö the interaural cross-correlation coefficient of the 
direct sound (unity for normal incidence) 
REÖ the interaural cross-correlation coefficient of 
reverberant (incoherent) sound, expressed by:  
          RE = [sinkr(f)]/kr(f)                            (2) 
where 
k =2πf/c ... the wave number                                    (3) 
c Ö speed of sound, and   
r(f) Ö the effective acoustic distance between the ears, 
which is approximately 30cm. [25, 26]  
 
He also defines an index of acoustic spatial impression 
ASI, expressed by:  

ASI=(1-D)*100   [%]               (4)  
 
Full spatial impression is indicated by ASI=100% and 
no spatial impression by ASI=0%.  
 

Fig. 2: PICC curves for stereo sound reproduction in a 
listening room of reverberation time TL (0 to 1s) shows 
small ASI in low frequency band compared with an 
ASI=60% for the middle seat of a concert hall. Broken 
line shows TL =0.3s.  (from [24])  
 
Fig. 2 shows that in a standard listening room 
(RT60=0.3s) the ASI in the stereophonic soundfield is 
small at frequencies less than 800Hz and large at 
frequencies greater than 800Hz in comparison with that 
in the concert hall, where ASI=60%.  
 
Research by Griesinger on envelopment [27] has shown 
that while for higher frequencies the ideal loudspeaker 
placement moves towards the median plane, for 
frequencies below 700Hz the ideal placement is the one 
which provides the most separation between the 
radiators, i.e. at the sides of the listener at +/- 90 deg.  
 
The research by Hirata and Griesinger indicates that the 
standard loudspeaker placement for stereo (as well as 
for 5.1, see the International Telecommunications ITU-
R guidelines [BS.775-1]) with speakers at +/- 30 deg. 
provides less than perfect conditions in respect to 
fidelity for low frequency spatial reproduction.  
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3.2 Recording Considerations  
 
Research in relation to concert hall acoustics by 
Morimoto and Meakawa [28] has shown that 
spaciousness is strongly related to signal content in the 
frequency range below 500Hz. It is lower frequency 
components and the IACC (Inter-Aural Cross-
Correlation Coefficient) of a stimulus that affect 
spaciousness independently; the 100ñ200Hz frequency 
range proved to be of particular importance.  
 
Additionally, research by Hidaka, Beranek and Okano 
[29] on acoustical quality in concert halls found that 
changes in low frequency levels made greater changes 
in respect to Apparent Source Width (ASW, 
traditionally linked to ìspaciousnessî), than changes in 
the high frequency levels.  

This shows that for reproduction, as well as recording, 
fidelity (amplitude- and phase-wise) in respect to low 
frequency signal-components is of paramount 
importance in order to achieve a sonic impression as 
natural as possible.   
The author is convinced that only microphone 
techniques, which  provide sufficient decorrelation (not 
only for mid- an high-frequencies, but also for low 
frequencies) are well suited for this purpose. 
This essentially rules out quite a number of well-
established microphone techniques, among them "small 
AB", as will be explained below.  
  
3.2.1. "Small AB" vs. "Large AB" in Orchestral 
Recording  
While it may be possible to achieve a good sounding 
recording of a small to medium size instrumental 
ensemble with a small AB system, this technique is not 
adequate for capturing the full range sound and spatial 
width of a large symphony orchestra.  
 
The narrow spacing of two omni-directional 
microphones has one major disadvantage: the stereo 
microphone signal is not sufficiently decorrelated for 
low frequencies - in other words: the stereo signal gets 
more and more monophonic as frequency decreases.  
The correlation of the stereo signal is of course 
determined by the amount of microphone spacing: a 
spacing of 40 cm for example leads to negative 
correlation at around 600 Hz and below this frequency 
the correlation increases steeply. (see Fig. 3)   
 
  

 

Fig. 3:  Correlation coefficient vs. frequency for a pair 
of omnidirectional microphones with a separation of 
40cm in a diffuse field    (from [30])  
 
Once the microphone spacing is in the order of half the 
acoustic wavelength at a given frequency, sound (from 
the side) can still be picked up 180u out of phase. Below 
that frequency sound will necessarily be picked up with 
less than 180u phase offset, which means essentially that 
the correlation coefficient can only get more positive. In 
other words: as frequency drops below this "critical 
frequency" (fcrit)  the signal becomes more and more 
monophonic. 
 
As also proposed by Hecker [31], the ìcritical 
frequencyî below which the correlation increases 
towards 1 can be calculated approximately as:  
 
f=c/(2r)                                                  (5)    
 
with:   
f ... frequency in [Hz]  
c ... speed of sound in [m] (approx. 340m/sec at 20uC)  
r ... microphone spacing in [m] 

As an example, a "small AB" microphone spacing of 
40cm will deliver accurate spatial reproduction (for 
replay via loudspeakers) only down to approx. 430 Hz.   
 
Therefore, in order to achieve spatial fidelity down to 
40Hz, two omni-directional capsules need to be spaced 
by at least 4.3 meters:  

r =c/(2f)  343/2*40=4,29m 
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This spacing is still narrow enough to work well with 
small to medium size orchestras.   
 
The already very high degree of correlation of a small 
AB microphone arrangement will be made even higher 
by the low frequency "spatial deterioration" effect of a 
standard stereo loudspeaker setup (see Hirata).   
 
With an AB-pair of omni-directional microphones the 
maximum negative correlation of the 2-channel signal is 
reached at a frequency f , where the capsule spacing d = 
0.66 λ.(see Fig. 4, 5 below)  
 

Fig. 4: Measured FCC (ëFrequency-dependent 
Correlation Coefficientí) for a ësmall ABí pair of omni-
directional microphones with 20cm capsule spacing.  
(f crit = approx. 900Hz)  
 

Fig. 5: Measured FCC (ëFrequency-dependent 
Correlation Coefficientí) for a ësmall ABí pair of omni-
directional microphones with 80cm capsule spacing.  
(f crit = approx. 220Hz)  

λ =  c / f           λ Ö wavelength          (6) 
 
Calculation of frequency of the most negative 
correlation: 
 
Fig.4: 
λ = 34000cm / 1100Hz*sec = 30.90cm , therefore      
r = 0.66 λ ~ 20.4cm  
 
Fig.  5:  
λ = 34000cm / 290Hz = 117cm , therefore      
r = 0.66 λ ~ 78cm  
 
The relationship between capsule-spacing (r) and the 
resulting correlation-coefficient R (in a reverberant 
sound field) in respect to  frequency (f)  was for the first 
time calculated and measured in the mid-fifties [32] 
(This is about around the same time when the recording 
teams of various record companies experimented with 
the challenges of stereo-signals and their correlation on 
a more practical level):  

R = (sin k r) / k r                    (7) 
       with                    k = 2 π / λ   (see equation 3) 

k r = 2π r/λ                            (8) 
 
A complete derivation of the results can also be found in 
[33]. 

Fig. 6: Correlation-Coefficient R vs. distance  
solid line = calculation; o = measurements (from [32]) 
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4. CORRELATION vs. COHERENCE 

A detailed analysis concerning the differences between 
signal correlation and signal coherence can be found ñ 
among others ñ in [34]., a brief synthax in [35 Martin]
  
Mathematically the correlation between two signals can 
be defined as:  

 
where p1(t) and p2(t) are the respective instantaneous 
sound pressures at time t at the two points of 
measurement. By definition R can assume values 
between ñ1 and 1: a correlation of 1 means that the two 
signals are identical, -1 that they are identical but of 
opposite polarity (180u out-of-phase), 0 means that they 
are not correlated.  
 

Signal-coherence on the other hand is defined as: 
 

 
The coherence is a function of the power spectral 
density (Pxx and Pyy) of x and y and the cross power 
spectral density (Pxy) of x and y.  
For the measurements carried out in this research the 
ëmscohereí-function in MATLAB was used, which 
finds the magnitude squared coherence estimate Cxy of 
the input signals x and y using Welchís averaged, 
modified periodogram method. The magnitude squared 
coherence estimate is a function of frequency, with 
values between 0 and 1 that indicate how well x 
corresponds to y at each frequency.   
 
 
4.1 Optimal Signal Coherence in Surround-
Microphone Systems in Relation to Capsule 
Spacing 

 
In various of his papers [36], [37] G¸nther Theile 
promotes the idea that a minimal coherence of k>=0.35 
is desirable for the signals of a (quadraphonic) surround 
microphone system, in order to achieve ìÖnatural 
imaging of space and envelopmentÖî (see [36], pg.33).  
 

He draws this conclusion mainly on the grounds of his 
interpretation of research carried out by Damaske 
during the late 1960-ies [38]. For most of his 
experiments Damaske had used bandlimited noise and 
music signals (250Hz ñ 2000Hz) with varying degrees 
of coherence in order to study the resulting impression 
of Ñsubjective diffusenessì dependent on the spatial 
distribution of the loudspeakers and on the degree of 
coherence of the signals.   
 

Fig.7: Perceived directions in a diffuse field generated 
by four loudspeakers radiating noise (0.25-2.0kHz) with 
inter-channel coherence factors k. The noise was 
recorded in a reverberation room by omni microphones, 
spaced by distance d. (from [36], after [38]) 
 
In his paper Damaske writes (translated): ÑÖ to quote a 
degree of coherence for music is problematic, as it 
certainly varies with the momentary bandwidth of the 
music signal.ì He assumes that ñ according to his 
experiments - coherence of the music signals should not 
deviate much from the values which have been 
measured for the bandlimited signals (but always given 
a bandlimited nature of the signals - for noise, as well as 
music)(see [38], pg. 203)  
In another part of the paper he writes that  - according to 
the test listeners ñ with incoherent sound-fields the 
phantom sound-sources seem to come from Çvarious 
directionsë, not necessarily limited to the baselines 
connecting the loudspeakers. It was also noted that the 
resulting Ñspatial impressionì was rather independent of 
head movement and judged to be more pleasant than 
listening to a Çcoherentë sound field (see [38], pg. 204)  
 
Given these conclusions of Damaske the first author 
finds it surprising that Theile simply applies the values 
found for Çoptimalë coherence when using bandlimited 
noise as test signals also to (normally broadband) music 
signals, especially since the original author is reluctant 
to do so. (Rem.: One has to bear in mind that a signal 
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with a bandwidth limited to 250Hz ñ2000Hz has a 
quality that is even inferior to the (old) telephone 
frequency bandwidth specificationÖ) 
 
And in fact ñ as will be shown in one of the following 
sections ñ according to the experiments carried out by 
the authors, it was possible to be prove that Theileës 
proposed minimal coherence of  k>=0.35 is not suited to 
ensure Çnatural spatial impressionë; evidence actually 
points towards decorrelation (or incoherence) for all 
frequency bands to be preferable for good spatial 
reproduction.  
 
The first author is afraid that with this questionable 
interpretation of Damaskeës research, Theile ñ along 
with other important opinion leaders and authorities in 
the field of audio [18], [19] ñ may have pointed a whole 
generation of sound-engineers as well as researchers in 
a wrong direction: to look for sufficient correlation in 
(surround) microphone signals instead of being 
concerned that they should be sufficiently de-correlated 
(incoherent) in all frequency bands Ö  

Many practising sound-engineers know the 
Çphenomenonë that they may use a (stereo- or) surround-
microphone setup for music recording which provides 
seamless envelopment and a pleasant spatial impression, 
as long as the recorded signals are music, but ñ when 
the audience starts to applaud, suddenly the 
loudspeakers Ñcome to lifeì and the listener is made 
aware again that he is only listening to a representation 
of a music performance through speakers. The main 
reason for this lies ñ most likely ñ in the very different 
nature (spectral distribution and bandwidth) of music 
and noise (applause) signals. While (acoustic) music 
signals are usually characterised by reduced power in 
the higher frequency bands, the coloured noise signal 
(applause) is more similar to pink noise, which has 
equal power in any of the (e.g. 1/3-rd octave) frequency 
bands.   
Loudspeakers however usually have a strongly 
frequency-dependent radiation characteristic with the 
low frequencies being radiated more or less omni-
directionally, while the mid- and high-frequencies are 
display a directional radiation pattern. This fact is also 
responsible for the loudspeaker being more easily 
discernible (ëdetectableí) if the signal contains a lot of 
high frequencies. It could be argued that with 
loudspeakers that were characterised by a Ñconstant 
directivityì radiation pattern (as is approximately the 
case e.g. with B&O speakers using Sausalito Audioës 

ÑAcoustic Lensì technology for a more omni-directional 
dispersion of mid/high-frequencies) the results obtained 
through the tests with Damaskeës group of listeners may 
have had a different outcome.   
With traditional n-way (with n>=2) dynamic 
loudspeakers (direct radiator principle) sound radiation 
is split in various frequency bands, which also means 
that even with signals with equal power distributions in 
equivalent bands, the electro-acoustic transducers  
assigned to the various frequency ranges have to radiate 
different amounts of acoustic energy. More concretely 
speaking the usually physically relative small high 
frequency driver has to radiate much more acoustic 
energy per square-centimeter than mid- or low-
frequency drivers. This ñ in addition to the (by law of 
physics) higher directional Q for high-frequency 
dynamic drivers (if used without horns or waveguides) ñ 
enhances the effect that the listeners notices the HF-
driver as sharp point-source much earlier than the 
lower-frequency drivers (given the appropriate nature of 
the signal).   
This acoustic effect would probably be less pronounced 
with loudspeakers of different radiation principles, 
which use larger membranes sizes (or reflective 
surfaces) to radiate high frequency signals (e.g. electro-
static speakers, or the above-mentioned ëacoustic lensí 
system). (see also [39]) 

 
5. MEASURES RELATED TO SPACIOUSNESS 
  
Researchers have proposed various measures for 
acoustic parameters related to spatial impression and 
envelopment: 
 
Traditionally spaciousness is regarded to be linked to 
"apparent source width" (ASW) and "listener 
envelopment" (LEV). The research of Marshall [40] and 
Barron [41] has proved the importance of lateral 
reflections for spatial impression in concert halls.  
Lateral Energy Fraction (LF) has been used as a 
measure of apparent source width (ASW) by Barron and 
Marshall [42], and Kleiner [43] has developed the 
following measurement method: 

 
                     (11) 
 



PFANZAGL-CARDONE AND H÷LDRICH 
 

FCC in Surround- and Stereo-Mic Systems (BPT)

 

AES 124th Convention, Amsterdam, The Netherlands, 2008 May  17ñ20 

Page 9 of 40 

where P8(t) is the sound pressure measured at a location 
in the hall by a figure-8 microphone with the null axis 
pointed to the source, and, p(t) is the sound pressure 
measured at the same point with an omnidirectional 
microphone. Usually the integration for LF is performed 
over the first 80ms after arrival of the direct sound.  
 
The "Interaural Cross-Correlation Function" IACF (τ) is 
a binaural measure of the difference in sound at the two 
ears and, hence, of lateralness:      

                  (12) 
 
where PL and PR designate the sound pressure level at 
the entrances to the left and right ear, respectively. 
 
If we select the maximum value of this equation we get 
the "Interaural Cross-Correlation Coefficient" (IACC): 
 

 IACC= |IACF(τ)| max       for  -1<τ <+1               (13) 
 
In 1996 Griesinger [44] proposed the "Lateral Early 
Decay Time" (LEDT) as a measure for spaciousness: 

               (14) 
 
where S(t) is the Schroeder integral of the impulse 
response, and  
SD(t) is the Schroeder integral of the Interaural 
Difference, the IAD.  
 
A lot of factors contribute to spatial impression: more 
recent research by Griesinger [45] has shown that 
fluctuations in the Interaural Time Delay (ITD) and the 
Interaural Intensity Difference (IID) contribute 
significantly to the spatial properties of a sound event.  
 
While ASW and IACC are useful in concert hall 
measurement, they do not work equally well in smaller 
rooms. Therefore Griesinger has proposed two new 
measures [46]:    
The "Diffusefield Transfer Function" (DFT) as a 
measure of envelopment, which is useful both in small 
and large rooms, and  
the "Average Interaural Time Delay" (AITD) as a 
measure of "externalization", a sonic property unique to 
small rooms.  

6. RECORDING OF PROGRAM MATERIAL:  
 
6.1. Surround microphones systems under 
test: 
Taking up the proposal from a previous publication of 
the first author [47] recordings were undertaken using 
the following 5 surround microphone techniques:  
  
- OCTñSurround (ìOptimal Cardioid Triangleî, as 

proposed by Guenther Theile of IRT, Munich with 
two parallel spaced cardioids pointing backwards 
for rear signal pickup (as described in [36]) 

 
- a DECCA-triangle style arrangement with three 

omnidirectional capsules, spaced according to 
psychoacoustic principles, utilizing interaural-time 
differences for localization [14]; rear: two cardioid 
microphones at a distance to the front and separated 
by approx. 10m (see AB-PC system below) 

 
- the KFM 360 (Kugelflaechenmikrofon ñ ìsphere 

microphoneî, invented by Guenther Theile [48] and 
built by company Schoeps) with two figure-of-eight 
microphones at the sides to enable dematrixing of 
the sound to 5.1 surround with an appropriate 
processor (DSP-4) [49] 

 
- the SOUNDFIELD microphone with the 

appropriate processor SP451, based on the 
invention by M. Gerzon [50] 

 
- the AB-PC (ìAB-Polycardioid Centerfillî) System 

as proposed by the first author [47]: with a spacing 
of the ëlarge ABí omni-directional capsules of 12m, 
and the use of a so-called ìORTF-Tripleî (abbr.: 
ORTF-T) as centerfill system. For the rear channels 
the signals of the above described rear microphones 
for the ëDECCAí-system were used. (see Fig.43)  

Fig.8:  Surround-Microphone systems under test 
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As the KFM 360 with its 18cm diameter provides a 
recording angle of 120u for stereo (according to the 
manufacturerís specifications), the recording angles of 
the other systems were set accordingly, where possible 
(i.e. via capsule spacing for the OCT and DECCA 
Systems, and by means of the SP451 processor for the 
Soundfield microphone) 
 
All microphones were suspended from the ceiling of the 
concert hall, between the 2nd and 3rd row of seats at a 
height of approx. 3.5m (12 feet) above stage level 
[except for the Soundfield microphone, which was 
moved approx. 2m (7feet) further out in the hall, due to 
its tendency  to suppress diffuse-field components and ñ 
therefore -sound much drier.] 
In order to enable an objective comparison of the 
microphone systems under test and not get influenced 
by manufacturer-specific sonic differences only 
microphones of one manufacturer were used. (Rem.: 
this was possible, as the recordings of the Soundfield-
microphone were excluded from the listening tests; 
which was due to time constraints and as this system 
had already scored rather poorly with previous listening 
tests [14], [51] this decision was taken].  
 
Along with the surround-microphone systems the 
signals of a Neumann KU81 artificial head were 
recorded. This dummy head was placed at an 
appropriate position (in respect to the direct/diffuse-
sound ratio) in the hall (6th row), at which at least the 
instruments of the first rows of musicians were still 
inside the critical distance (or ëreverberation radiusí, 
which equals approx. 5.5m or 16.5 feet at mid-
frequencies at the ìGrosses Festspielhausî, Salzburg).   

6.2. Program material and venue acoustics 

6.2.1 ORCHestral recording: 

The program material recorded was a symphonic 
orchestra piece by Lutoslavsky.   
The ÇGrosse Festspielhaus Salzburgë hall holds approx. 
2250 seats, a volume of 14.000 cubic meters and is 
characterized by an RT60=1.5 sec  (at 1kHz) 
,corresponding to a reverberation radius of  5.5m.  
  
 

 

Fig. 8: Salzburg Festival Hall (Çhall 1ë) with suspended 
surround-microphone systems 

The acoustic quality of this concert hall has been 
classified ÇB+ë (i.e. good to excellent) in an 
international study carried out by Hidaka, Beranek and 
Okano [29].  
  

6.2.2. DUO recording:    
 
The recording of the DUO piano-cello (neo-romantic 
literature) took place in a rehearsal stage with the 
following dimensions:  
20.5m x 11.35m x 7.8m, with an approximate volume of 
1815 cubic meters.  
  

Fig. 9: Duo-Recording at the rehearsal stage (detail 
view)  
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6.3. Recording media:  
  
The microphone signals were recorded to digital 
multitrack tape (24 tracks) in linear PCM resolution at 
48kHz/16bit. Later the relevant sections for the listening 
test were selected and digitally transferred to a PC-
based hard-disk recording system for ease of playback. 

 
7. SUBJECTIVE LISTENING TESTS  
 
7.1. Test design and goals  
 
The double-blind listening test was set up as a 
randomized sequence of  A/B-comparisons of  the four 
surround-microphone systems under test. According to 
the number of microphones systems to be rated and 
including a few ëspecial casesí of A/B comparisons 
which enabled to evaluate the reliability of the 
respective test listener (redundant pair, identical 
stimulus pair, etc.) this resulted in 10 A/B pairings of  
surround-samples to be judged, with15 attributes (+ one 
similarity rating) to be rated each time. 
 
7.2. Test-listener selection 
The group of test listeners consisted mainly of sound-
engineering students of the IEM, as well as practicing 
sound-engineers and one loudspeaker-designer. The 
disadvantage with such a non-trained, non-expert panel 
of test subjects may be that the results have a higher 
random-error, than would be the case with expert 
listeners. 
On the other hand the results obtained with such a group 
is likely to be closer to the results which a group of  
ëaverage consumersí (or naÔve listeners) would produce, 
and is therefore probably more significant or applicable 
to the group of potential listeners/consumers (i.e. the 
buying public) at large. A more detailed analysis about 
the challenge of subject selection can be found in [52]. 
 
7.3. Listener ëCalibrationí and  Scales 
Before the actual rating process the subjects were 
exposed to the same 20sec segment of music recorded 
by each of the four microphone systems. This initial 
ìsubjective calibration sectionî was repeated at least 
two times, or more often upon request. The listeners 
were asked to try to remember the most extreme 
impressions for all acoustic attributes which they had to 
judge later on, and use these as minimal and maximal 
values for the 7-step scale, against which the recordings 
had to be referenced.   

The listeners had to rate their preference for the 
respective microphone technique and the following 14 
acoustic attributes:  
naturalness, sound-color, high/low balance, localization, 
(volume) balance [between the instruments or 
instrumental groups of the orchestra], source width 
(stereophonic width), distance, depth, stability, 
differentiation, spatial impression (spaciousness), 
diffuse/direct sound balance (amount of reverb or 
wet/dry balance), rear channel-signals non-intrusive / 
intrusive, level of the rear-channels (soft/loud) 
 
While for most of the attributes these ratings meant to 
be of qualitative nature (with smaller value = better), for 
the following attributes it has to be understood as a 
merely quantitative judgement in the first place: 
high/low balance, wet/dry balance, level of the rear-
channels.  
 
7.4. ë5.1 Surroundí Listening Test  
 
7.4.1. Orchestral recording  
25 listeners rated the four surround-microphones 
techniques under test in the form of a double-blind A/B 
comparison. After the initial ìCalibration Introî they 
were allowed to switch between the A and B sample at 
any time. The two 80sec surround-samples of the 
respective microphone techniques were looping 
simultaneously to enable instantaneous switching 
between A and B without losing the musical context. 
The loudspeakers used were 2-way systems, which are 
found quite frequently in classical music production 
studios (Genelec 1032A), with a frequency range from 
approx. 42Hz to 21kHz according to the manufacturerís 
specification.  
 
7.4.2. Duo recording  
A group of 15 listeners had to rate the following four 
surround-microphone techniques, which were also 
presented to them via surround-loudspeaker replay: 
OCT-Surr., DECCA+Surr., KFM and BPT+Surr. (the 
below described ìBlumlein-Pfanzagl-Tripleî)  
In the rating of the DUO recording the attribute 
ëlocalizationí also became a quantitative (not 
qualitative) judgement, as the listeners had been asked 
to mark where they localized the cello within the L-R 
panorama.  
 
7.4.3. Duration of listening test:  
Average listening times for both the ORCH and DUO 
microphone A/B-comparison test were about 60ñ90min. 
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7.5. Listening Room Acoustics 
The acoustically treated listening room normally serves 
as a control room for surround production at the IEM 
This non-rectangular room has the following properties: 
Approx. dimensions:  7.5m (w) x 6.5m (l) x 3.8m (h)  
RT60: ca. 0.25sec  
  
  
7.6. Binaural Listening Test  
 
A different group of 10 listeners rated the four 
microphone systems under test by being presented a 
binaural recording via headphones, which had been 
obtained in the following way: the surround-recordings 
of the four microphone systems had been replayed via 
the surround-loudspeaker setup at the control-room of 
the IEM and re-recorded with the same Neumann KU81 
dummy head which had been used for the original 
recording at the concert hall.  
 

Fig. 10: Re-recording of the surround-microphone 
signals at sweet spot of the control room at the IEM   
(rear channel loudspeakers outside of the picture) 
 
The listeners were then asked to rate the four surround-
microphones techniques in the form of a double-blind 
A/B/REF-comparison. (REF being the original dummy-
head recording from the concert hall.) Similarly to the 
surround-replay situation, they were able to switch 
between the three microphone techniques, which were 
looping simultaneously, at any time. At the digital 
mixing desk, with which the switching was performed, 
the A, B and REF stimuli were clearly labeled, so the 
listeners knew which acoustic stimulus was the one 
(REF) they had to reference the two unknown 
techniques (A, B) to.  
Before the actual rating process the listeners were 

exposed to the above-mentioned (in this case: binaural) 
ìcalibration introî. Due to the different replay method 
(headphone- instead of loudspeaker reproduction) some 
of the questions related to acoustical attributes did no 
longer make sense: those judgments related to the rear 
channels only (signals non-intrusive / intrusive and 
signals loud/soft) were therefore excluded. Due to this 
reason the number of pairings was also reduced, since 
two ëspecial casesí were no longer applicable: the 
number was reduced to 8.  
One additional question however was included at the 
beginning of the test: the subjects were asked to make a 
judgment at how different the two presented 
microphone techniques A, B were in relation to the REF 
recording. Also, when giving their ratings for the 13 
remaining acoustic attributes (+ 2 similarity ratings) the 
listeners were asked to also give a rating for the REF-
sample (where applicable). This meant that the number 
of ratings to be made was raised by 50 %. Therefore ñ 
even though the rating should have been made easier 
than for the group of listeners with loudspeaker 
reproduction, due to the presence of the REFerence 
stimulus ñ in reality the rating took much longer, which 
was probably not only attributable to the higher number 
of ratings, but also due to the fact that the binaural 
representation of the recordings via headphones - of 
course - differs much more from ënatural hearingí than 
listening to loudspeakers and therefore requires more 
concentration and causes a greater effort. The average 
listening time was close to 90min per subject.  
 
7.6.1. Choice of headphones for binaural 
listening test 
 
The Beyerdynamic DT990 dynamic headphones with 
diffuse-field compensation were chosen, as they are 
characterized by almost FEC-properties (FEC ñ ìfree-
air-equivalent couplingî; see [53] for more details). Due 
to these properties and according to research by Moller 
et al. [54] for some high-quality headphones further 
compensation (equalization) is not necessary, which 
also applies to the DT990. 
 
7.7. Choice of artificial head  
On the way from the original sound-field in the concert 
hall to the listenerís ears the signal is subject to several 
changes, also in respect to its frequency response: 
dummy-head HRTFís (head-related transfer functions, 
including outer-ear (pinnae) equalization), the transfer 
characteristics of the dummy-head microphones, the 
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Fig.11:  ëORCH 5.1í test results (25 listeners)  
 
non-linearities of the storage medium or transmission-
channel and finally the transfer characteristics of the 
headphone, before being filtered by the outer-ear/ear-
canal of the test listener.  Ideally, the signal alterations 
in the path from the dummy head to the headphones 
should be compensated for by inverse filtering, which 
means that the combined transfer function of dummy 
head and headphones need to be measured. 
According to the manufacturerís specification the 
Neumann KU81i  does not need additional frequency 
compensation, when listened to via diffuse-field 
equalized headphones, which is the case with the 
DT990 (see [55]).  
 
 
8. ANALYSIS OF THE LISTENING TESTS    
 
8.1. Orchestral Recording   
 
8.1.1. ë5.1-Surroundí loudspeaker replay  
The data obtained through the listening test were subject 
to ANOVA (ANalysis Of VAriance) using an 
appropriate function in  ëMATLABí-software. A p-
value of p<0.05 was chosen, the results are displayed in  
the appendix in Table A1.  
Concerning the ratings of the 15 acoustic attributes (or 
variables) 13 turned out to be statistically significant 
(p<0.05); (exceptions: ëdifferentiationí and ërear-

channels non-/intrusiveí). 

In Fig.11 the mean values and 95% confidence intervals 
of the attributes are displayed.  For most attributes the 
differences between the microphone-systems are not 
statistically significant (overlapping ëerror barsí or 
confidence intervals). For more than half of the 
attributes however, at least one mic-technique differed 
significantly from all others.  In many cases it was the 
KFM-microphone, which was ësingled outí: this system 
seemed to be characterized by providing a significantly 
more ìdryî recording, than the others, which also 
resulted in less spaciousness. Its stage depth, width, 
balance, sound-color and naturalness have been rated 
low.  Not surprisingly, the overall preference of the 
KFM-microphone is therefore much lower than for the 
other surround-microphones, which coincides well with 
the findings of other studies. (see [51], [14] ) 

The mean values for the OCT and DECCA system are 
in close proximity to each other for almost all acoustic 
attributes (except ësource widthí and ëdistance 
near/farí). For both, preference appears to be ëabove 
averageí (i.e. smaller than the scale middle-value 4), 
which coincides well with the findings of other studies 
[51] 
 
The AB-PC system received the best mean-value ratings 
for two thirds of all attributes. Consequently it also 
scored best in terms of listener preference (even though  
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Fig.12: ìORCH ñ Binauralî test results (10 listeners) 
 
not statistically significant; see overlapping error bars). 
The ësonic pictureí it provides seems to give very good 
results in terms of localization, stability and balance. It 
also scored best concerning spatial impression, sound-
color and naturalness. 
 
 
8.1.2. Orchestral Recording   
(ëbinauralí - headphone  replay)  
The data obtained through the listening test were subject 
to ANOVA (ANalysis Of VAriance) using an 
appropriate function in  ëMATLABí-software. A p-
value of  p<0.05 was chosen, the results are displayed in  
the appendix in Table A2.  
Concerning the ratings of the 14 acoustic attributes (or 
variables) 10 turned out to be statistically significant 
(p<0.05); (exceptions: ëhigh/low balanceí, ëdistance 
near/farí, ëstabilityí and ëdifferentiationí). 

In Fig. 12 the mean values and 95% confidence 
intervals of the attributes are displayed.  For many 
attributes the differences between the microphone-
systems are not statistically significant (overlapping 
ëerror barsí or confidence intervals). For more than one 
third of the attributes however, at least one mic-
technique differed significantly from all others.  In 
many cases it was again the KFM-microphone, which 
was ësingled outí: this system seemed to be  

 
characterized by providing a significantly more ìdryî 
recording, than most of the others, which also resulted 
in poor spatial impression. It sounds considerably flatter 
(stage depth) and narrower  (source width) than its 
competitors and is rated inferior in terms of localization. 
In addition its sound-color and naturalness have been 
rated low. 
Again, in line with all the low attribute-ratings received, 
also the mean value of preference of the KFM-
microphone is therefore much lower than for the other 
surround-techniques. 
 
Concerning  the ëdifference to REFí ratings it should be 
noted that the rule  ìsmaller = betterî (as applicable to 
all other ratings of this paper) has to be inverted, which 
is due to a mistake in the questionnaire (Rem.: the 
adjectives assigned to the min. and max.-values of the 
scale on the form should have been swapped). Therefore 
the fact that the KFM has been rated above value 2 in 
fact means that it is sonically quite different from the 
REFerence (original dummy-head recording). 
 
The ABPC-technique has received the highest mean-
values for 9 out of 12 qualitative attribute ratings. Not 
surprisingly it has ñ among those ñ again received the 
highest preference rating. 
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8.1.3. Comparison of the test results ëORCH 5.1í 
and ëORCH binauralí 

Overall the results of the two double-blind listening 
tests coincide very well: one surround-microphone 
technique (KFM) has clearly been singled out due to 
low ratings. The OCT and DECCA techniques usually 
have received quite similar ratings (exceptions: balance, 
localization, distance, source width). Concerning the 
rating for the attribute ësource widthí it is interesting to 
note that in respect to the DECCA-technique there is a 
significant difference between the ratings received upon 
loudspeaker playback and headphone playback. As the 
DECCA technique is based on the psycho-acoustic 
principle of localization due to time-of-arrival 
differences (with almost no level-differences between 
the three front channel signals), it seems that these 
relatively subtle cues got lost to the listeners of the 
ëORCH binauralí test (headphone representation), as 
they did not have the possibility to move (or turn) their 
head freely in the sound-field, as was the case with the 
ëORCH 5.1í listeners. Therefore the attributes ësource-
widthí and ëlocalizationí got both down-graded in the 
ëbinauralí test in comparison to the ë5.1í test for the 
DECCA-system. It is also interesting to note that under 
headphone reproduction the DECCA signal is now rated 
to sound significantly less ëfar awayí than with ë5.1í 
loudspeaker reproduction.   
The ABPC-technique has in both listening tests received 
the highest mean-values for the majority of the 
qualitative attribute ratings. It has consistently scored 
best in terms of preference, naturalness, sound-color, 
localization, and spatial impression.   
 
Some readers may criticize that the ëORCH 5.1í 
listening test is not complete in the respect that only an 
ideal listening position in the ësweet spotí has been 
evaluated by the test-listeners. Albeit this is true, the 
authors would like to offer the proposal that maybe the 
ëORCH binauralí test, which certainly puts the test 
listeners in a more difficult acoustic situation, as they 
have to listen to the surround-recordings by means 
ìsomeone elseísî ears (i.e. those of the artificial head) 
and ñ in addition - through headphones, represents a 
sonic degradation which may be comparable to the 
disadvantages of an off-center seat position in a 
surround-loudspeaker setup.   
As has been pointed out above, the DECCA-technique 
(based on ëpsycho-acousticí small time-of-arrival 
differences) seems to be much more vulnerable in 
respect to non-ideal listening conditions  than the OCT 

and ABPC techniques, which rely on strong level-
differences (and also much larger time-of-arrival 
differences in the case of the ABPC) in the signals of 
the (front-) surround-channels.  
This finding coincides well with other studies, which 
have been made in the field of 2-channel stereo [12]. 
 
One could have expected that the re-recording of the 
surround-microphone signals with the dummy-head and 
subsequent replay over headphones to the test-listeners 
may have resulted in a considerable sonic degradation 
which could have ëblurredí the sonic impression and 
therefore also made differences in the ratings smaller. 
This does not necessarily seem to be the case, maybe 
also due to the fact that a REFerence stimulus was 
present. Instead it looks like as if the ëroughnessí 
introduced due to the transformation process may have 
ëamplifiedí the perceived differences between the 
surround-techniques under test. (Similar to a ëgrayscaleí 
picture being converted into a ëblack and whiteí image.) 
  
The good consistency between the results of the ëORCH 
5.1íand ëORCH binauralí test supports the validity of 
this assumption. 

8.2. Duo Recording   
(loudspeaker reproduction):   
In addition to the ORCHestral recording also a 
recording of a musical duo (piano and cello) was carried 
out with 3 of the above-mentioned surround-
microphone systems: OCT, DECCA and KFM. 
The AB-PC technique was not applied, as it makes 
sense only with large sound-sources. However, another 
surround-microphone technique, which is also based on 
the principle of low signal correlation, but suited for the 
recording of small sound-sources  was used as fourth 
technique: the newly introduced ìBlumlein-Pfanzagl-
Tripleî (BPT).  

 
8.2.1. The Blumlein-Pfanzagl-Triple (BPT) 
surround-microphone:  
As the name already indicates, the BPT makes use of a 
third figure-of-eight capsule, which is added to the well 
know ëBlumlein-Pairí of two fig.-of-eight capsules, 
which have an included angle of 90u and are oriented at 
+/- 45u towards the sound source. The new (center-
channel signal) capsule is pointed directly towards the 
middle of the sound source at 0u.  (see Figure 13 for 
schematic orientation of the capsules) 
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Signals for the rear channels can be obtained for 
example via cardioid microphones which are pointing 
towards the rear, with a capsule spacing of and at a 
distance of at least the critical distance (reverberation 
radius) of the room in order to ensure low correlation 
between the rear channels and between the front and 
rear channels. In order to increase signal separation 
between the front and rear channels (and to shield off 
unwanted rear-sound from the BPT front- system) it is 
preferable to place an acoustic barrier (for example in 
the form of a sound-absorptive acoustic panel) behind 
the BPT front-microphone. Should the available space 
be restricted, an alternative (much more compact) 
microphone set-up consists in a back-to-back 
arrangement of two BPT microphones, separated by an 
acoustic panel.  
 

Fig.13: BPT ñ ëBlumlein-Pfanzagl-Tripleí surround 
microphone schematic (left side); right side: two BPTís 
(4) arranged ëback-to-backí with acoustic panels (5) in 
front of sound source (6). Distance d: 50cm to 10m 
 

Fig. 14: Two BPT-Mics mounted ëback-to-backí on 
video-camera , with acoustic panels 
 
The distance between the two BPT microphones can be 
enlarged (up to approx. 10m or 30feet) if a stronger 
sense of spaciousness is desired. With larger spacings, 
the time-of-arrival differences of sound would exceed 
30ms and are therefore be likely to create problems 

(ëecho effectsí) upon playback.  
Due to the strong directional characteristics of the fig-
of-eight capsules, the middle section of a sound source 
would be over-represented level-wise when adding the 
third (center) capsule to the Blumlein-Pair. This ëzoomí 
or ëcenter-focusí characteristic can be of advantage for 
certain applications, if a microphone system with higher 
directionality is desired (on-location recording, etc.) 
As can be seen from a simulation performed by using 
the ìImage Assistant 2.0î by H. Wittek [56] if the level 
of the center-capsule is attenuated by approx. 10dB the 
increase of sensitivity towards the middle axis of the 
BPT-system is almost entirely compensated.    
 
A similar surround microphone technique was 
suggested a few years ago by G. Martin at the 113th 
AES Convention in Barcelona, 2005 [57] .The 
differences between Martinís technique and the BPT are 
as follows:   
- the center capsule in Martinís design is normally 
pointed downwards (by almost 90u) in a way to pick up 
sound from the front with an attenuation of 9dB in 
relation to the L and R microphone-capsules.    
- he suggests to position the center-capsule at a vertical 
distance of at least 6cm from the L/R-capsules in order 
to avoid unwanted sound-coloration (comb-filtering) 
due to high correlation between the L, C and R-
microphone signals    
-  for obtaining rear-channel signals he suggests a 
second triple of microphones arranged just behind the 
front-triple  
 
Concerning the orientation of the center capsule it is 
interesting to note that  Martinís proposal to tilt the 
microphone down in order to achieve a level reduction 
of about 9 dB coincides well with the proposal for the 
10dB attenuation for the BPT in order to achieve a more 
uniform overall L to R level-balance.  
 
The physical separation of the center-capsule in order to 
reduce comb filtering effects, as proposed by Martin, 
most likely has its full right, as the correlation-over-
frequency measurements (see appropriate section 
further down) of the BPT section unveiled high 
correlation between the L/C and C/R channels in the 
frequency range slightly below 2kHz, which could 
result in unwanted sound coloration due to comb-
filtering. However, if this effect occurs in practice will 
depend on various factors like distance between the 
sound-source and the microphones, the radiation 
characteristics of the sound-source, room reflections, 
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etc. With test recordings with a hybrid version of the 
BPT carried out by the first author, this effect turned out 
to be very unproblematic.  
 
Martins suggestion to use Blumlein-Pair style 
configuration for the pick-up of rear channel signal 
information in close proximity to the front unit. 
However the suggested angle between these two fig-of-
eight microphones is smaller than the usual 45u.   
The authors question if the resulting channel separation 
between the front and rear channels is high enough 
(without the use of acoustic panels or other sound 
absorptive provisions) to provide a convincing spatial 
impression, as it can be assumed that (at least for low 
frequencies) correlation of the channel signals will be 
high. 
The surround-microphone technique proposed by 
Martin has been made public on the occasion of the 
118th AES Convention, which took place in Barcelona 
from May 28th to 31st, 2005; the first author has applied 
for an innovation patent regarding the BPT surround-
microphone at the Australian Patent Office (IP 
Australia) and the patent application was published 
officially on May 26th, 2005 [Australian Patent Number 
AU2005100255]. Therefore the first author would like 
to claim priority for the invention as described in the 
patent, which is referred to as ìBlumlein-Pfanzagl-
Tripleî. [58] 

Fig. 15: ëDUO 5.1í test results (15 listeners) 

8.2.2. DUO-Recording listener ratings:  
 
Concerning the ratings of the 15 listeners regarding the 
DUO recording, 13 of the 15 attributes provided 
statistically significant results (except: differentiation, 
rear-channels non-/intrusive).  
Overall it can be noted that for most attributes the 
confidence intervals are much larger than with the 
'ORCH 5.1' listening test, independent of microphone 
technique. The two ratings that stick out most are the 
'nearness' of the KFM-system (see: distance near/far), 
and the high amount of diffuse sound (see: reverb 
wet/dry) picked up by the DECCA system.   
Concerning localization, which has been redefined to 
give a quantitative (instead of qualitative) rating, 
confidence intervals are much smaller and the OCT 
system deviates the most from a 'slightly right of center' 
position, where the cello was physically situated.  

With the DECCA recording, informal listening indicates 
that it is most likely the high amount of diffuse sound 
(which results also in a highly enveloping room-
acoustics) which is  of disadvantage for a more precise 
localization.   
What concerns the BPT system, informal listening (as 
well as the listener ratings; even though not statistically 
significant) indicate that it provides the highest stage 
depth, but ñ as a consequence - this also results in a 

poorer balance than with the other surround-systems.  
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It is also interesting to note that even though the BPT-
system has achieved the highest mean-value only at one 
of the (qualitative) attributes (i.e. stage depth), it has 
nevertheless also received the highest mean-value in 
terms of listener preference.   
 
 
9. CORRELATION ANALYSIS:   
 
The results of the ëORCH 5.1í listening test were  
subject to correlation analysis, based on the Pearson 
product moment correlation coefficient, using 
MATLAB-software. It seems of primary interest, which 
attributes have the highest correlation to (listener-) 
preference: these are naturalness (r=0.84), balance 
(r=0,69), spatial impression (r=0.68); sound-color 
(r=0.67) and width (r=0.63).  
 
The attributes which have the highest correlation to 
naturalness are sound-color (0.75) and spaciousness 
(0.64). Stability, balance and localization follow with 
correlations with a value of around 0.6. 
Apart from preference and naturalness. sound-color is 
most strongly correlated with spaciousness (0.57), 
followed by localization and width, both with values 
around 0.51.  
 
Spaciousness is (apart from preference and naturalness) 
strongly correlated with width (0.65). Not surprisingly it 
is also quite strongly correlated to reverberation 
(wet/dry balance). (r=0.51) 
Below a listing of the 6 strongest correlations, which 
were found:   
 
Attribute-Combination Corr.-Coeff. 
 
preference ñ naturalness   0.8383 
naturalness ñ sound-color 0.7539 
preference- balance 0.6879 
preference ñ spaciousness 0.6829 
preference ñ sound-color 0.6712 
spaciousness ñ width 0.6522 
 
For completeness the matrix of all 15 aspects can be 
found in the appendix (Tab. A3)   
 
The authors are relieved to notice that naturalness has 
the highest correlation to preference, as this seems to 
indicate that the listeners still seem to have a strong 
sense for (and clear idea about) what "natural" sound is 
like. Together with the results of the acoustic 

measurements it will become clear that the listener 
preference actually goes towards those surround 
microphone systems which are able to approximate the 
original sound-field in the concert hall best.   
 
The outcome of the correlation analysis coincides well 
with the findings of other studies [59], [60].   
Among others, the correlation found between the 
attributes ëpreferenceí and ëenvelopmentí in [59] 
coincides well with values for correlation between 
ëpreferenceí and ëspaciousnessí of the current study. 
 
Also, the high correlation between ëspaciousnessí and 
ënaturalnessí that was found coincides well with the 
results of previous research by Toole [61]. 
 
 
10. OBJECTIVE MEASUREMENTS  
 

The technically most objective way to measure how 
good a particular microphone technique is able to 
translate an acoustic event to the listener at home with 
the least amount of alteration is probably the following:   
1. make a recording of the sound event with the 
microphone technique of your choice  
2. at the same time make a second recording at the "best 
seat in the house" position of a concert hall with a 
binaural artificial head (dummy head)  
2. while reproducing the first recording through a stereo 
or 5.1 loudspeaker system make a third recording (using 
the same dummy head) in the sweet spot of the listening 
room  
3. measure the correlation between the two dummy head 
recordings.  
 
Of course one has to be aware that with this method 
signal distortion (concerning amplitude, frequency and 
phase) introduced by the replay system and the 
acoustics of the listening room will be included in the 
evaluation process and might bias the results.  
However, the microphone technique, which produces 
the highest correlation (regarding the entire frequency 
range) between the original sound event and the re-
recorded reproduction would appear to be the one with 
the highest fidelity.  
 
The measurements carried out in a previous paper by 
the first author [47] were based on a much simpler 
approach: signal correlation over frequency was 
estimated for various 2-channel stereo main-microphone 
techniques. This was carried out using (frequency-band 
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specific) signal attenuation, which was caused by phase 
cancellation, as an indicator for the correlation of 2-
channel signals.  

The above-mentioned ORCHestral dummy-head 
recording from the concert hall which had been obtained 
at a ìbest seat in the house positionî served as a 
reference for the measurements.   
In order to be able to evaluate relationships of the 
surround signals it was decided to use the dummy-head 
recording as a kind of ìhuman measureî reference. The 
surround-microphone technique, which would be able to 
produces the highest correlation (regarding the entire 
frequency range) between the original dummy-head 
recording and the dummy-head re-recording of the 
surround-microphone replay in the listening room 
would appear to be the one with the highest fidelity. 

 

Fig. 16: FIACC  D.U.T. (solid line), KU81(dotted line) 
 (sample #1, hall 1) 

10.1. Measurement of the Frequency-dependent 
Correlation-Coefficient (FCC) and Frequency-
dependent Inter-Aural Correlation-Coefficient 
(FIACC):   
 
In order to be able to measure the frequency dependent 
Correlation Coefficient, it was necessary to program an 
appropriate tool (function) within MATLAB-software. 
The two channel-signals of interest were split into 31 
independent frequency bands (with center-frequencies 
according to ISO), which were then subject to 
correlation analysis.   
In addition the correlation of the low-frequency signal 
content (below 400Hz; important in respect to 
spaciousness ñ see section 3.2) and high-frequency 
signal-content (above 1200Hz) was measured.   
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Fig. 17: FIACC:  D.U.T. (solid line), KU81 (dotted line) 
(sample #2, hall 1) 

For the measurements appropriate sections from the 
audio material recorded for the listening tests was 
selected:  
 
ORCHestral recording (hall 1): 

- sample #1, 7 sec (forte)  

- sample #2, 16sec (piano) 

- sample # 4, 60 sec (piano to forte) 

DUO recording (hall 2): 

-      sample #3, 16sec  

 
In figures 16-19 the FIACCís of the original dummy 
head recordings (KU81) from the concert hall dotted 
line) are compared with the dummy-head re-recording 
of the selected surround-microphone (solid line). 

  
In Fig. 16 it is interesting to note that the microphone-
techniques which employ (also) omni-directional 
microphones (i.e. DECCA, ABPC) are both 
characterized by  moderately pronounced correlation 
(max. +0.5) in the frequency range around 2-3kHz.  
As was already shown by Hiyama, Komiyama, 
Hamasaki [62] this is a simple consequence of the 
standard 5.1 loudspeaker-layout, in interaction with the 
HRTFís of a (dummy) head. (see figure 18 on next 
page; functions for the 30u(R) and 120u(RS) 
loudspeakers) 
More evidence on this and a calculation of the resulting 
filter, based on a spherical head-model can be found in a 
more recent study [63].  
 
In comparison the OCT-system is characterized by a 
much higher correlation (max. +0.7) in the same 
frequency range, while the KFM displays prominent 
negative correlation (max. ñ0.7) in the frequency range 
from 700Hz up to around 3kHz. 
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Fig. 18: ICCCs (=FIACCs) for symmetrical 
arrangement of a pair of loudspeakers at indicated 
angles (i.e. at +/- 30u and +/-150u) (adapted from [62]).
  

 

Fig. 19: FIACC:  D.U.T. (solid line), KU81 (dotted line) 
(sample # 4, hall 1) 

With the 16sec piano orchestra sample #2, it is 
interesting to see that peak of correlation at the OCT-
system has become more pronounced, and so has the 
negative correlation of the KFM-system (which ranges 
now from 800Hz to 3.5kHz, with a peak of less then ñ
0.8).  
In fig. 19 a much longer sample of 60sec duration was 
analyzed and provided quite astonishing results:   
while correlation has raised over the entire frequency 
range for the OCT, DECCA and KFM system, the 
ABPC system is the only one which still ëwaversí 
around the non-correlation ë0í-axis in relative proximity 
to the reference (original KU81 dummy head recording 
from the concert hall, which now displays a much 
smoother curve, due to the higher sample length). 
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Also, it is extremely interesting to note that the ABPC-
system is the only one which follows the KU81-
reference function almost exactly below approx. 700Hz 
(which is the frequency range above which the human 
or dummy head starts to get acoustically effective as a 
baffle for higher frequencies).   
According to the FIACC-measurements the ABPC-
system is therefore the device under test (D.U.T.), 
which manages to approximate the original sound-field 
much better than its competitors.  

Table 2 on the next page shows the numeric values of 
the correlation coefficients for the four microphone 
systems and the three samples: apart from the fact that 
the ABPC-system is usually closest to the KU81 
reference in terms of correlation, it is most interesting to 
note that it does so -almost always ñ for the LF-part as 
well as for the HF- part of its signal (and not only for 

Fig. 20: Estimated coherence for the D.U.T.ís  
  

 the overALL correlation).  As can be seen from the 
values of the ëALLí correlation coefficients, (forte) 
sample #1 is characterized by much lower overall 
correlation than (piano) sample#2, which is most likely 
due to the much higher amount of  diffuse sound or 
reverb (stochastic signal)  in the hall, due to the room 
being excited by the high-level music. With the ëhigher 
correlationí (piano) sample #2, the ABPC-system 
ëfollows footí and hence also displays higher overall 
correlation.  
So the ABPC system is not characterized by higher or 
lower correlation ëper seí, it simply seems to manage to 
capture the original soundfield in the hall in a physically 
more correct way, as can be deducted from the results. 
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Corr.-Coeff.: LF(400Hz) HF(1200Hz) ALL 
    

ORCH-sample 1: (forte, 7sec)  
OCT 0.87 0.28 0.41 
DECCA 0.85 -0.01 0.23 
KFM 0.88 -0.30 0.39 
AB-PC 0.89 0.15 0.48 
KU81 0.92 0.11 0.55 

    
ORCH-sample 2: (piano, 16sec)  
OCT 0.94 0.36 0.85 
DECCA 0.96 0.11 0.89 
KFM 0.98 -0.46 0.88 
AB-PC 0.92 0.37 0.78 
KU81 0.85 0.24 0.74 

    
ORCH-sample 4: (piano + forte, 60sec)  
OCT 0.98 0.71 0.88 
DECCA 0.98 0.66 0.90 
KFM 0.99 0.44 0.87 
AB-PC 0.88 0.27 0.54 
KU81 0.87 0.20 0.57 
 
Table 2: Correlation-Coefficients for three samples   
and four surround-microphone systems under test 

 
10.2. Measurement of Binaural Signal  
Coherence:   

 
Some researchers are convinced that it is preferable to 
measure signal-coherence instead of signal correlation  
[ 35]. The most basic differences between correlation 
and coherence have been outlined above in section 4. 

For the measurements carried out in this research the 
ëmscohereí-function in MATLAB was used, which 
finds the magnitude squared coherence estimate of the 
input signals. As this signal processing algorithm is 
based on FFT, an adequate ëcomputational resolutioní 
has to be chosen in order to achieve sufficient resolution 
in the frequency domain. With the 48kHz samples an 
appropriate ëFFT-pointí resolution was chosen to 
achieve approx. 20Hz spacing for the frequencies at 
which the coherence would be calculated, in order to 
obtain reliable results also for the lowest-frequency 
bands.  
 

 

 
 

 
Fig.21: Coherence for ëear-signalsí of the KU81  
original recording (sample #4, hall 1) 

 
Looking at fig. 21 the graph evokes the impression of a 
much higher accuracy than with the (band-filter bank 
based) correlation-algorithm. This impression is not 
necessarily right, as one should bear in mind, that: 

1) the computation of the signal coherence (- however 
accurate it may be -) is only an estimation,  

2) the FFT-algorithm calculates coherence at many 
points along the frequency range of interest, but no 
matter how high the resolution, there will always be 
way more frequencies for which the FFT-algorithm 
did not (or better: could not) calculate coherence, 
than frequencies for which he did Ö  

Therefore: while the correlation coefficient gets really 
measured, the coherence gets only estimated; and the 
sometimes quite high spikes along the coherence-
ëcurveí within an otherwise relatively ëcalmí part of the 
curve shows that there can be vast differences in 
(calculated/estimated) coherence in a rather small 
frequency range.  
 
Apart from these ësystem-inherentí properties of  
coherence estimation the main point of criticism 
however  becomes evident when taking a closer look at 
the results the coherence estimation provides for the 
surround-microphone systems under test:   
(see Fig. 20 on previous page) 
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Examining the coherence-functions of the microphone 
systems it is evident, that they are all characterized by 
higher coherence in the frequency band around 3-4kHz 
(this is very prominent for the OCT, DECCA and KFM 
system, much less prominent for the ABPC). Also the 
KFM exhibits a relevant ënotchí in terms of coherence 
mainly in the frequency range of 1-2kHz, which must be 
related  to the relevant phase-changes in that frequency 
range, which were so evident with the previously 
performed correlation-analysis.  
However, this is ñ in comparison - only a very ëfaint 
echoí of  what was to be seen clearly with correlation 
analysis before Ö  
 
Also with coherence analysis, the appearance of the 
ABPC system is quite different from the three 
competitive systems, nevertheless it seems clear to the 
authors that  measuring signal correlation is superior to 
measuring signal coherence if  a detailed analysis of the 
D.U.T. is desired.  

Fig. 22: OCT Surr.-Channel Coherence:  
(from L to R, up to down): L/R, L/C, LS/RS, L/LS  

The strong out-of-phase signal components that were 
found with the KFM-system in a frequency range (1-
3kHz) which is of primary importance in relation to  
human hearing, are most likely responsible for the bad 
sound-color ratings, which this system has received 
throughout the listening tests. An in-depth view on the 
problem of sound-coloration due to comb-filtering upon 
loudspeaker signal summation can be found in a recent 
publication dealing with Wave-Field Synthesis [2].  

 
10.3. Measurement of Surround Signal  
Coherence: 
  
Even though correlation and coherence analysis of the 
(binaural) dummy-head signals has provided quite 
meaningful results, which make it possible to clearly 
distinguish the reproduction accuracy of the surround-
microphones under test, it seems nevertheless 
worthwhile to also examine the signal-relationships 
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Fig. 23: DECCA Surr.-Channel Coherence:  
(from L to R, up to down): L/R, L/C, LS/RS, L/LS 
 
between each of the 5 surround signals in order to gain a 
better understanding.  
 
Examining the OCT surround-system in Fig. 22 it 
becomes clear that coherence for the L/R-front channels 
is rather low for the entire frequency range, as can be 
expected from the two hypercardioids that are pointing 
side-wise.  However coherence is reasonably high 
between the front-channels and the center-channel 
below 500Hz with peaks reaching values of  0.75. 
Interestingly there seem to be some ëspuriousí very high 
peaks in the frequency region near 10kHz which reach 
values of 0.8.  
Coherence of the rear-channel LS/RS is very low for 
most of the frequency range, but below 200Hz there is a 
steep rise which totals in high coherence of 0.8.  
Also the coherence between the front L and rear LS 
channel experiences a relevant rise below 200Hz, which 
means that in this frequency range signal coherence is 
overall significantly high for the OCT-system. This high  

 

 

coherence in the low frequency range is to the 
disadvantage of good spatial reproduction, as we 
already know from [28] and [29].  
 
As can be expected, low-frequency coherence is much 
higher with the DECCA-system, at least between the 
three front-channel, which employ omnidirectional 
microphones.  Again a steep rise below 200Hz (similar 
capsule spacing as with the L and R capsule of the 
OCT-system), but to even higher values of close to 0.9.  
Due to the fact that the backwards-pointing cardioid 
microphones for the rear channels are positioned quite 
far away (approx. 10m), there is almost no coherence 
between them, as well as to the front channels.  
This enables good spatial impression at least between 
the front and rear channels.  
 
The KFM-system in Fig. 24 on the other hand is 
characterized by much higher coherence between all 
channels, mainly at low frequencies, but not only: 
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 Fig. 23: KFM  Surr.-Channel Coherence:  
(from L to R, up to down): L/R, L/C, LS/RS, L/LS  
 
It can be seen that L/R coherence is almost down to 0 
around 500Hz  and  then has a steep rise again towards 
the high frequencies, where max. values of  up to 0.9 are 
being reached. Also coherence between L and C 
channel is very high not only for low frequencies.  
For the rear channels LS/RS high coherence is limited 
to the low-frequency band up to approx. 500Hz.  
Coherence between L and LS is very high as well for 
low frequencies, almost 0 from 400Hz ñ about 2kHz 
and rises again towards high frequencies.  
 
The ABPC-system in comparisons shows a very 
different behavior: as can be seen in Fig.24 on the next 
page, coherence is very low in the low-frequency band.  
For the L/R front-channels there is a slight rise towards  

 
 

 
 
 
 
high frequencies, but coherence stays usually below  
0.5 up until almost 10kHz. Also coherence between the 
L and C channel is rather low: it reaches a high with 
about 0.5 around 400-500Hz, but then dies away again 
towards higher frequencies.  
The signals of the rear-channels and between the rear 
and front channels are almost incoherent (apart from a 
few ëspikesí).  The almost complete lack of coherence 
(i.e. high de-correlation) at lowest frequencies up to 
about 400Hz is also the reason for the good spatial 
impression this microphone system provides.  

For completeness the numerical values for the 
coherence between the surround-channels are listed in 
table 3. 
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 Fig.24: ABPC  Surr.-Channel Coherence:  
(from L to R, up to down): L/R, L/C, LS/RS, L/LS  

 

 

ORCH - Binaural Front Rear 
Rec. (Dummy) L-R L-C C-R L-LS R-RS LS-RS 
OCT 0.74 0.09 0.24 0.31 0.13 0.13 0.20
DECCA 0.68 0.19 0.24 0.24 0.03 0.02 0.05
KFM 0.70 0.49 0.55 0.45 0.37 0.32 0.38
AB-PC 0.44 0.21 0.24 0.25 0.03 0.03 0.04
KU81 0.37 

  
DUO- Binaural Front Rear 
Rec. (Dummy) L-R L-C C-R L-LS R-RS LS-RS 
OCT 0.16 0.24 0.36 0.21 0.19 0.22
DECCA 0.18 0.28 0.29 0.08 0.10 0.10
KFM 0.54 0.60 0.53 0.36 0.37 0.38
BPT 0.24 0.42 0.44 0.08 0.09 0.10
Table 3: Coherence between var. channels of the four surround-microphones under test  
 
Also from the numeric values of coherence for the binaural dummy head (re-)recordings  it can be seen that the AB-
PC system is closest to the reference recording (KU81) from the concert hall. (as was the case with correlation) 
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Fig.25: BPT  Surr.-Channel Coherence:  
(from L to R, up to down): L/R, L/C, LS/RS, L/LS 
 
In Fig. 25 the measurements of the coherence 
concerning the BPT-surround microphone are 
documented: 
(DUO recording, music signal, 60sec, hall 2):  
up to about 100Hz signal coherence is very low, then 
it rises and from about 200Hz upwards coherence 
varies between approx. 0.1 (min) to 0.6 (max) with 
pronounced peaks at 2kHz (k=0.9), 4.7kHz and peaks 
between 6 and 7 kHz. 

Due to the strong directional characteristics  of the 
fig.-of-eight capsules coherence between the L and 
C-channel is quite high, starting already at low  
frequencies: up until about 200Hz it ëwaversí around 
a moderate k=0.6, above 900Hz it drops below 0.5 as 
an average. However the peaks around 2 kHz, 4.7kHz 
and around 6kHz and slightly above 10kHz appear 
also for this combination of capsules and therefore 
concerns the whole 3-channel front-array.  
Due to the widely spaced cardioids which are  

 
 
pointing towards the rear and are at a distance of 
more than the reverberation radius from the front 
system, signal coherence between the rear channels 
LS/RS and to the front channel (LS-L) is very low .  
Even if the relatively high coherence at specific 
frequencies in the mid- and high-frequency bands is 
not necessarily (psycho-acoustically) desirable, the 
overall low coherence in the lowest-frequency band 
below 200Hz) ensures that the BPT microphone is 
well suited for good spatial reproduction.  

 
11. FREQUENCY DEPENDENT SIGNAL 
CORRELATION (FCC) IN STEREO-
MICROPHONE SYSTEMS: 

A very concise description of the most important (2- 
and more- channel) stereo-microphone systems can 
be found in [64]. Therefore below we present the 
measurements for some of the most commonly used 
stereo main-microphone systems, with occasional 
commentary only.  



PFANZAGL-CARDONE AND H÷LDRICH 
 

FCC in Surround- and Stereo-Mic Systems (BPT)

 

AES 124th Convention, Amsterdam, The Netherlands, 2008 May  17ñ20 

Page 29 of 40 

Fig.26:  Small AB 20cm, FCC (solid line) and FIACC   Fig.27:  Large AB 1200cm, FCC and FIACC  
              (signal: noise, hall 1)                   (signal: music, hall 1)  

Fig.28:  XY 90u  FCC and FIACC      Fig.29: XY 120u  FCC and FIACC  
              (signal: music, studio)                                                      (signal: music, hall3) 
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      Fig.28:  ORTF  FCC and FIACC      Fig.29: ORTF  FCC and FIACC  
              (signal: music, church)                                                      (signal: music, hall3)  

         Fig.30:  Blumlein-Pair  FCC and FIACC                        Fig.31: Blumlein-Pair  FCC and FIACC  
              (signal: music, church)                                                      (signal: music, studio 1) 

       Fig. 32:  MS   FCC and FIACC                                         Fig. 33:   MS 110u   FCC and FIACC  
                     (signal: music, studio)                                                          (signal: music, hall 3) 
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Fig. 34: Faulkner ìPhased Arrayî FCC and FIACC                   Fig. 35:  KFM6U    FCC and FIACC 
             (signal: music, church)                                                                  (signal: music, hall 3) 

Fig. 36: Jecklin-Disk (OSS), FCC and FIACC   Fig. 37:  AB-PC (with ORTF-Triple) FCC + FIACC 
             (signal: music, hall)                                                             (signal: music, hall 1) 

 
Fig. 38: small AB + spot-mics,  FCC and FIACC                 Fig. 39: AB-Centerfill ,  FCC and FIACC 
         (signal: music,  hall) TELDEC                                       (signal: music, hall)  RCA ìLiving Stereoî 
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Fig. 40: Large AB 1200cm,  FCC and FIACC                 Fig. 41: ORTF ,  FCC and FIACC 
         (signal: music,  hall 1)                                                           (signal: music, hall 1)   

 
In Fig. 26 ñ 41 the solid line represents the frequency 
dependent correlation coefficient FCC which is 
obtained when measuring the electrical signal, which 
is derived from the two capsules of a stereo 
microphone (or from the recording of such).  As it 
may also be of interest to see which frequency 
dependent inter-aural correlation coefficient FIACC 
(dotted line)  would result at a human or dummy head 
when replaying the signal of a  stereo-microphone 
through the standard L/R stereo loudspeaker setup, 
the microphones signals were processes using a 
software-plugin which can transform a stereo-signal 
into an appropriate binaural signal. This plugin is 
based on the HRTFs of the MIT ìKemarî dummy-
head. The resulting binaural signal was analyzed 
using to the same MATLAB ñfunction, as for the 
measurement of the FCC.  
 
If available, two different recordings with the same 
microphone technique (but in different locations) 
were analyzed in order to get a more balanced 
impression about their ëreal worldí behavior. 
Many of the microphone techniques which were 
tested are characterized by rather high signal 
correlation at low frequencies (below approx. 
500Hz), which impedes good spatial impression. 

Among these are:  
Small AB, XY, ORTF, Faulkner Phased Array, KFM, 
and Jecklin Disk   
 
What should a ëhealthyí FCC signal look like ?  
 

In order to enable good spatial impression it should 
be de-correlated at low frequencies. In addition, it 
should preferably also display low correlation at 
frequencies above 1 kHz, as higher correlation in the 
upper frequency band in the electrical (replay) signal 
will also lead to high correlation at the FIACC, which 
is not desirable, as we have already seen when 
examining the surround recordings.  
 
 
12. DISCUSSION AND CONCLUSION:  
 
As we know from results presented in [4] and [12] 
small AB ëtime-of-arrival-differenceí based  
recordings are not able to provide reliable 
localization. In addition the small capsule spacing  
leads to high correlation at low frequencies, which  is 
to the disadvantage for achieving good spatial 
impression. Research carried out in this study has 
provided similar results: a surround microphone 
technique based on ëpsycho-acousticí principles of 
small time of arrival differences (ìDECCAî) has 
suffered more severe degradation when being listened 
to under non-ideal conditions (binaural headphone 
replay) , than the competing systems.  
 
Four surround microphone techniques (OCT, 
DECCA, KFM, AB-PC) have been analyzed in terms 
of frequency dependent correlation, as well as 
frequency dependent coherence. It was shown that 
coherence is not able to unveil potential weaknesses 
of a microphone system (e.g. in respect to phase 
anomalies; see KFM), as clearly as correlation. 
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Therefore the authors would like to encourage the use 
of  FCC and FIACC measurements, when appropriate 
(instead of measuring coherence).  
    An assumption (or postulate) made by an important 
opinion-leader of the audio-community, (i.e. that 
optimal signal coherence should have a value of at 
least k >=0.35 in order to ensure ìÖnatural imaging 
of space and envelopmentÖî[36]) was proved 
wrong: not only that one of the more recent surround 
microphone techniques of his (OCT-Surround) does 
not reach this proposed value, but in fact the only 
surround microphone system, which does achieve 
such a value (KFM) was clearly downgraded by two 
different groups of test listeners in double-blind 
listening tests (see Table 3 and Fig. 11 and 12).  
    All this seems to indicate that microphone systems 
with high signal correlation should probably better be 
abandoned for the sake of systems that are largely de-
correlated.  As was found in research [65] and can be 
seen in Fig. 42, low correlation of the playback 
signals (L/R vs. C vs. LS/RS) ensures a better 
compatibility between different listening 
environments and also leads to an enlarged ësweet 
spotí [66].  
     Therefore microphone techniques should be used 
which are able to provide low signal-correlation over 
the entire frequency range, if possible.  
      Among the four surround microphone systems 
(OCT, DECCA, KFM, ABPC) which were evaluated 
via subjective listening tests, as well as objective 
measurements (FCC and FIACC) the low-correlation 
AB-PC system turned out most successful: in terms 
of listener preference and as it has achieved several 
ëbest mean valueí ratings for various acoustic 
attributes. 
In addition it was the microphone system which 
managed to physically approximate the original 
sound-field of the concert hall better than any of the 
other systems under test.  
 
 

 

 

 

 

 

 

Fig. 42:  Amount of  signal correlation in surround 
playback systems and compatibility between different 
listening environments (from [65])  

 
 
Fig. 43:  ëAB-PCí (AB-Polycardioid-Centerfill) 
surround microphone technique (cardioid rear 
microphones should be separated by and at a distance 
from the front system of at least the reverberation 
radius) (see  [47] for further details)  

Fig. 44:   (large) AB-Centerfill system in the style of 
the early Mercury ìLiving Presenceî recordings 
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APPENDIX 
 
 
 
'Dependent 
Variable' 

Sum of 
squares 

df Mean 
square 

F p stat. significant differences between  
mean-values of the surr.-mic ratings  

Preference 38.5897 3 12.8632 16.7695 0 1 & 3, 2 & 3, 4 & 3 
Naturalness 20.7831 3 6.9277 8.4185 0 1 & 3, 2 & 3, 4 & 3 
Sound-Colour 14.5719 3 4.8573 7.5008 0.0001 1 & 3, 4 & 3 
High/low Balance 9.7675 3 3.2558 6.3025 0.0006 1 & 4, 2 & 4 
Localisation 14.9475 3 4.9825 6.3767 0.0005 1 & 4, 2 & 4, 3 & 4 
Balance 21.6322 3 7.2107 9.4913 0 1 & 3, 2 & 3, 4 & 3, 1& 4 
Width 79.2342 3 26.4114 30.7490 0 1 & 2, 1 & 3, 1 & 4, 2 & 3, 4 & 3 
Distance 35.5233 3 11.8411 16.8673 0 1 & 2, 2 & 3, 2 & 4 
Stage depth 17.6275 3 5.8758 5.9987 0.0009 1 & 3, 2 & 3 
Stability 8.4431 3 2.8144 2.8690 0.0405 3 & 4 
Differentiation 7.6853 3 2.5618 2.3699 0.0754 none 
Spatial Impression 43.7697 3 14.5899 13.4332 0 1 & 3, 2 & 3, 4 & 3 
Wet/dry Balance 43.0233 3 14.3411 22.2303 0 1 & 3, 2 & 3, 4 & 3 
Rear non-/intrusv. 4.0756 3 1.3585 0.7353 0.5335 none 
Rear soft/loud 7.2100 3 2.4033 2.7409 0.0475 none 
Rem.: 1=OCT, 2=DECCA, 3=KFM, 4=ABPC 
Table A1: ORCH-5.1Surround Listening Test;  1-way ANOVA concerning the influence of the variable 
„microphone-array“ on the rating of 15 attributes (25 listeners)  
 
 
'Dependent 
Variable' 

Sum of 
squares 

df Mean 
square 

F p stat. significant differences between  
mean-values of the surr.-mic ratings 

Difference to REF 31.3394 2 10.4465 5.6872 0.0027 1&3, 2&3, 4&3 
Preference 31.4602 3 10.4867 5.5144 0.0032 3&4 
Naturalness 35.4 3 11.8 10.5526 4.02E-05 1&3, 2&3, 4&3 
Sound-Colour 37.8214 3 12.6071 14.0776 3.14E-06 1&3, 2&3, 4&3 
High/low Balance 9.4583 3 3.1528 2.8363 0.0517 none 
Localisation 23.7339 3 7.9113 3.5448 0.0239 2&4, 3&4 
Balance 26.4394 3 8.8131 7.1988 6.61E-04 3&4 
Width 29.2201 3 9.74 8.2485 2.63E-04 1&3, 2&3, 4&3 
Distance 10.1352 3 3.3784 2.0932 0.1183 none 
Stage Depth 14.5589 3 4.853 3.251 0.0329 none 
Stability 0.4451 3 0.1484 0.0775 0.9718 none 
Differentiation 7.6208 3 2.5403 1.4245 0.2516 none 
Spatial Impression 29.0688 3 9.6896 11.5494 1.89E-05 1&3, 2&3, 4&3 
Wet/dry Balance 15.7089 3 5.2363 6.9765 8.08E-04 1&3, 2&3 

       
Rem.: 1=OCT, 2=DECCA, 3=KFM, 4=ABPC    
Table A2: ORCH–Binaural Listening Test; 1-way ANOVA concerning the influence of the variable 
„microphone-array“ on the rating of 14 attributes (10 listeners)  
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Table A3: ëORCH 5.1í listener ratings - Correlation-matrix for 15 attributes (Pearson product moment corr. coeff.) 
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Fig. 45: Variation in loudness level as a sound source is rotated in a horizontal plane around the head  
               (from [67])  
 


