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HEARING MYSELF WlTH THE OTHERS 
- SOUND LEVELS IN CHORAL PERFORMANCE MEASURED WlTH 
SEPARATION OF THE OWN VOICE FROM THE REST OF THE 
CHOIR* 

Sten Ternstrom 

Abstract 

The choir singer has two acoustic sipals to attend to: fhe sound of his or 
her own voice (feedback), and the sound of fhe rest of fhe choir (reference). 
The balance in loudness between feedback and reference is governed 
mainly by the room acousfics. While earlier experimenfs have shown fhat 
singers have a fairly large tolerance for imbalance, wifh references ranging 
from -23 dB to +5 dB, experience suggests tha f ,  when singers are given con- 
trol over this parameter, their preferences are much narrower. A quantifi- 
cation of the optimum balance would be useful in fhe desip of concert 
stages and rehearsal halls. 

A method is described for measuring the feedback and reference levels as 
experienced by singers under live performance conditions. Recordings 
were made using binaural microphones worn by choir singer subjects. 
With the given combination of choir and room, it was possible to achieve 
adequate separation of the feedback and reference sipals with simple sig- 
nal processing. The feedback-to-reference ra fio averaged over the N v e  
singers was found to be +3.9 dB, with extremes of +1.5and +7.3 dB. 

INTRODUCTION 

In a very basic analysis, the choir singer has but two acoustic signals to attend to: the 
sound of his or her own voice (the Feedback), and the sound of the rest of the choir 
(the Reference). The balance in loudness between these two would appear to be a fac- 
tor of major importance to choral performance. Naylor (1988) found that level differ- 
ences appear to be more important to ease of (instrumental) ensemble performance 
than do the temporal details of impulse responses. Earlier experiments (Naylor & 
Craik, 1988; Ternstrom & Sundberg, 1988) have shown that performers have a fairly 
large tolerance for imbalance, with levels of the Reference ranging from -23 dB to 
+5 dB relative to the Feedback. However, experience suggests that, when performers 
are given control over this parameter, their preferences are much narrower. When 
amplification is used, for example, vocal artists are often very precise regarding the 
amount of feedback they desire. The term SPL advantage, given in decibels, will be 
used for the ratio between the sound pressures of Feedback and Reference. One 
might take as an analogy the concept of signal-to-noise ratio, with Feedback being 
the signal and Reference being the noise. 

*Paper presented at the 22nd Symposium: Care of the Professional Voice, Philadelphia 1993 
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Level of the Reference 
The SPL of the Reference is easy to measure, by asking a choir member to remain si- 
lent while the choir sings, and then taking the SPL at the singer's ear(s). It contains 
both a direct component, from the nearby singers; and a reverberated component, 
from the room reflections of the entire choir. The SPL of the direct component is in- I 

versely proportional to the distances to the neighboring singers, while the sound 
level of the reverberated component is inversely related to room absorption. The in- 

I 

ter-singer distance and the room absorption can be controlled when designing rooms 
for choral activities; and so, the level of the Reference too can be controlled. One aim I 

of this investigation is to contribute to the understanding of how to implement such 
control. 

Level of the Feedback 
The Feedback can be divided into three components: (a) direct airborne sound; (b) 
reflected airborne sound; and (c) bone-conducted sound. 

(a) The direct airborne sound diffracts round the head from the mouth to the ears. 
No external conditions affect it and so it remains constant with location. High fre- 
quencies diffract less readily than do low, so this component has a low-frequency 
bias. 

(b) Reflected airborne sound has returned to the singer after convolution with the 
impulse response of the room. Rooms that are practical for choir singing will also be 
large and absorbent enough for the total sound of one's own room reflections to be 
much weaker than the sound arriving directly from one's own mouth. To solo sing- 
ers, the room reflections of one's own voice nevertheless provide important feedback 
(Gade, 1982), whereas in all but the smallest choirs these reflections would essentially 
be masked by the sound of the other singers. There is some small possibility of useful 
reflections coming off the backs of singers immediately in front and from the music 
sheets, but such reflections would be independent of the room, and might therefore 
be categorized as an alternative form of direct sound. In the following, the reflected 
part of the airborne Feedback of any individual choir singer will be neglected. 

(c) The bone-conducted component is hard to access in a calibrated way outside of 
the laboratory, and it can vary considerably and rather haphazardly with the degree 
of lip and tongue constriction (Howell, 1985). The fact that the bone-conducted sound 
is particularly rich in low frequencies may provide the singer with a cue to separa- 
tion: bassy sounds are more likely to be from one's own voice. For this first investi- 
gation, however, we will regard bone-conduction as a possible source of supplemen- 
tary feedback that may deserve to be investigated separately. 

MEASUREMENT TECHNIQUE 

Transducer type and location 
In measuring the SPL advantage, clearly it is important to evaluate the sound field as 
actually experienced by the singer, or something very close to it. A practical solution 
is to equip the singer subject with a pair of lightweight binaural microphones. These 
are worn like a stethoscope, with one transducer in each outer ear, near the entrance 
to the ear canal (Fig. 1). The Reference signal and the airborne component of the 
Feedback are thereby acquired in the correct proportion. We are left without access 
to the bone-conducted component of Feedback. 
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Nomenclature 

The signals to be dealt with henceforth are summarized in Table I. Of these, the sig- 
nals L, R, M and S are all sound pressures as functions of time. Both Feedback and 
Reference are sums of several sound pressures, as detailed earlier. They are measur- 
ed at two points for stereo and are stored together into two channels as L and R. The 
L and R channels thus carry a mix of two stereo signals, and the task at hand is to 
separate these two, if only with regard to their sound pressure levels. 

The Self signal is an abstraction, defined as that mono signal which would exactly 
account for the power of Feedback (less bone conduction) when allocated in phase to 
L and R. Similarly, the Other signal is an abstraction, defined as that mono signal 
which would exactly account for the total power of Reference when allocated to L, 
and, in opposite phase, to R. There is no guarantee that signals thus defined really 
exist; rather, it remains to be shown whether such a decomposition can yield a valid 
approximation of the signals actually acquired in the choir. 

Fig I .  The binaural microphones used in the experiment (Sennheiser MKE 2002). 

Table I. Symbols and definitions for the sipals of interest 

Symbol 
Reference 
Feedback 
L 
R 
M 
S 
Self 
Other 
SPL advantage 

Meaning 
the sound of the rest of the choir as perceived by one singer 
the total sound of the own voice as perceived by one singer 
the airborne acoustic signal acquired at the singer's left ear 
the airborne acoustic signal acquired at the singer's right ear 
the sum L+R 
the difference L-R 
the airborne part of the Feedback as represented in L and R 
the Reference, as represented in L and R 
estimated as (SPL of M) - (SPL of S) - 3 dB 



STL-QPSR 111993 

Measurement principle 
Since the ears and hence the microphones are worn symmetrically with respect to the 
singer's mouth, the Self signal is equally or nearly equally represented in L and R; 
while the Other signal, being the sum of many asymmetrically located and noncoher- 
ent sources, is different in L and R. The idea is now to selectively enhance the Self 
signal by forming the sum of L and R, called M; and to enhance the Other signal by 
subtracting R from L, to form a difference signal called S.l 

Through in-phase addition, Self will be doubled in M, sustaining a gain of 6 dB, 
while Other, being largely noncoherent, increases by only 3 dB in M. In S, on the 
other hand, where R is subtracted from L, the Self signal will cancel out almost en- 
tirely, leaving only the noncoherent parts of Other. Somewhat counterintuitively, the 
noncoherence of Other means that the SPL of S ( = L - R ) will also be about 3 dB 
above the SPL of ~ the r ' i n  L or R alone. 

In other words, M can be taken as an approximation of Self, although it contains 
some crosstalk from Other; and S can be taken as an approximation of Other, contain- 
ing very little crosstalk from Self. The SPL of Self can be estimated as the SPL of M, 
less 6 dB; and the SPL of Other can be estimated as the SPL of S, less 3 dB. The accu- 
racy of these SPL estimations will depend on the properties of the sound fields ac- 
tually encountered in the choir. It may well be that adequate separation of Self and 
Other can be achieved for some combinations of room and choir, but not for others. 
The method will be called the M/S-SPL method. 

Necessary sound field properties 
The suggested method requires that Other be quite dissimilar in L and R, but we 

do not know aprioriif this is in fact true. At low frequencies, in fact, it must be false; 
that is, when the human head is too small compared to the wavelength of the sound 
for substantial inter-aural phase differences to arise. The M signal can nevertheless be 
a valid approximation of Self, even at low frequencies, provided that the level of Self 
is much higher than the level of Other, in other words, if the SPL advantage is large. 
Because of the relative proximity of one's own mouth, this is the most probable case; 
but it may be untrue for some soft singers or in very reverberant rooms. 

The M/S-SPL method should be valid for measuring the SPL of Self and Other, if, 
given the following four statements, 

(1) The waveforms of SelfL and SelfR are so similar that in L-R, Self will be can- 
celled out or at least be much weaker than Other (when Other is absent, the 
cross-correlation of L and R is close to +1) 

(2) Self is much stronger than Other 

(3) Self is no weaker than -3 dB below Other 
(4) The waveforms of OtherL and OtherR are so dissimilar, that subtracting R 

from L cancels little, and preserves the salient properties of Other (when Self is 
absent, the cross-correlation of L and R is between -1 and 0) 

1 and (2 or (3 and 4)) are true. 

lThe symbols M and S are conventionally used by audio engineers for these two transforms. In stereo 
radio broadcasting, for example, the M signal is transmitted in a mono-compatible format, while the S 
signal is transposed to an inaudible frequency range. S may be optionally decoded by stereo receivers; 
these recreate the L and R signals by renewed addition and subtraction. 
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singers present. The singers had a median of 28 years (!) choral experience, most of 
them since adolescence, and had been members of this choir for a median of 3 years. 
The music was a short excerpt of a simple homophonic chorale intimately known to 
all the singers and normally used as their processional hymn. It contained no high 

e 
I 

soprano notes nor very low bass notes. All singers sang by heart and carried no mu- I 

sic sheets. The regular conductor was absent, but a choir member assumed his func- 
tion. The choir stood in one semi-circular row. 

I 

The recording was made using a pair of Sennheiser MKE2002 binaural electret 
condenser microphones, connected to a Sony TCD-Dl0 digital audio tape recorder. 
Using a B&K reference tone generator model 4230 coupled to each microphone in I 

turn, the recording level was initially set to about 20 dB below clipping for a 93 dB 
input, and was then left alone. Impulse responses of the room were taken with the 
choir in place (by recording the pricking of balloons). A reference sound source was 
recorded and simultaneously measured with a B&K sound level meter model 2215. 

The following brief procedure was explained to the group in advance, and then 
performed by each subject in turn: 

1. Mount the binaural microphones. 
(The experimenter verifies the correct positioning of the microphones.) 

2. State your name. 

3. Sing the excerpt with the choir (tutti condition). 

4. Sing solo the next few bars of the piece (solo condition). 

The time available permitted the recording of twelve subjects. These were selected 
at random but from all sections soprano, alto, tenor and bass (SATB). All subjects 
were asked to sing in the same way as they usually do. Three of the subjects were 
asked in addition to remain silent while the choir sang as usual (quiet condition). Af- 
ter the last subject, a reference SPL was recorded again. Before leaving, the subjects 
were handed a brief questionnaire to be filled in and sent to the author. 

ANALYSIS 
De-emphasis 
Like many other portable DAT machines, the Sony TCD-Dl0 at our disposal applies 
a standard high-frequency emphasis, with a 50ps/15ps characteristic, before digitiz- 
ing the signal, and removes it on playback. When the signal is taken from such a tape 
in digital form, its frequency response must be corrected, if fidelity is important. This 
technical detail of portable DAT machines is easily overlooked. The DAT stereo sig- 
nal was first transferred in digital form to disk files, via the DinoDAT interface de- 
veloped by Svante Granqvist at the department. The frequency characteristic was 
then de-emphasized digitally using an in-house interactive system for digital signal 
processing (DSP) . 

Channel gain correction 
It is possible that small asymmetries in microphone position and physical differences 
between subjects might cause small variations in gain between the left and right mi- 
crophones. Because we intended to remove the Self signal by cancellation, such vari- 
ations had to be accounted for. This was the main purpose of having each subject 
sing a phrase alone. This solo rendition had a duration of about twelve seconds. For 
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each subject, the equivalent level Leq (average power) in the two channels was meas- 
ured, and the two readings were compared to yield a channel gain correction factor 
to the nearest 0.1 dB for each subject. This factor was then used to adjust the channel 
balance for maximum cancellation of the Self signal. It varied over a range of k1.2 dB 
between subjects. 

Computation of SPL of S and of SPL advantage 
Using the DSP system, the L and R channels were fed through the circuit shown in 
Fig. 3. After channel gain correction, the M and S signals were formed. These were 
independently squared, log-converted, low-pass filtered (-12dB/octave at 5 Hz), and 
downsampled from 48 kHz to 0.5 kHz per channel. The two-channel output file thus 
contained two level contours in decibels: (1) the level of the S signal, and (2) the dif- 
ference in level between M and S, which we will call the A contour. It approximates 
the SPL advantage + 3 dB as defined above. An example is shown in Fig. 4. 

SPL(M) 

L Advantage + 3 dB 

R SPL(0ther) + 3 dB 

S SPL(S) 

Fig. 3. Computation of SPL Advantage and SPL of Other from M and S. 

Fig. 4. Examples of the ouiput of the algorithm in Fig. 3. The top trace shows the A 
contour, i.e, the level difference between the M and S sipals (=: SPL Advantage + 3 
dB), and the bottom trace shows the level of the S sipal(= level of Other + 3 dB). The 
horizontal a ~ s  is time in seconds. The vertical axis is level in decibels. In this figure, an S 
level of -30 dB corresponds to a SPL of Other of 91 dB (re 20 p Pa). 

It can be seen that the levels fluctuate rapidly. This will always be the case in cho- 
ral sounds, where beating of partial tones is profuse. In the solo case, there is little 
beating, but because the transfer functions from point-to-point (here: from mouth to 
ear of one singer) of normal rooms are very uneven, the level of the reflections and 
hence the instantaneous SPL advantage will fluctuate when the singer varies the fun- 
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The three rightmost points, labelled 'Q', are from the quiet condition, redorded 
while the singer wearing the microphones remained silent. These values therefore 
can be interpreted as representing the method's threshold for detection of Self. The 
fact that these three points and no others fall well below the 0 dB line shows that the 
M/S-SPL method indeed did discriminate between Self and Other. The standard de- 
viations in the 'Q' tokens provide an indication of the error margin of the measure- 
ment method in the given circumstances; it is about 2.6 dB. 

The Q tokens have a SPL advantage of about -4 dB, again indicating that OtherL 
and OtherR are slightly negatively correlated with each other, for the reasons dis- 
cussed earlier. The strongest partials of Other are somewhat reinforced in S and at- 
tenuated in M, causing a decrease in the computed SPL "advantage". 

-10 
S1 S2 S3 A1 A2 A3 A4 T I  T2 B1 6 2  6 3  Q1 Q2 Q3 

Singer Q=silent singer 

fig. 6. SPL advantages for twelve subjects (Sopranos, Altos, Tenors, Basses) when singing to- 
gether with the choir. The points labelled Q are of repeats made with silent subjects. Each 
point is a distribution mean of a histogram of the A contour (less 3 dB), taken over the first 
four phrases (about 25 s) of the choral piece. The high-low markers indicate the standard 
deviations of the distributions. 

0 
S1 S2 S3 A1 A2 A3 A4 T I  T2  B1 8 2  8 3  

Singer 

Fig. Z SPL advantages for the tweIve subjects when singing alone. Each point is a distribu- 
tion mean of a histogram of the A contour, taken over about 1.2 s (less 3 dB). The high-low 
markers indicate the standard deviations of the distributions. 

Figure 7 shows the SPL advantages of the 12 singers over the room reverberation, 
when singing alone. The SPL advantage (re. solo) averaged over the 12 singers was 
+15.2 dB, with extremes of +11.6 and +18.7 dB. This is more than 10 dB greater than 
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in the choir case, implying that the diffuse field of room reflections of one's own 
voice are at least 10 dB weaker than the sound of the choir colleagues. This supports 
our earlier contention that the reflections of the singer's own voice would be masked 
by the choir. 

L 

Singer 
2 3 4 5 6 

Fig. 8. SPL values of Self in the tutti and so lo conditions. Other [dB] 

Figure 8 shows the SPL of Self for the solo and choir 
conditions. Most singers sang somewhat softer when Fig. 9. Variability in the SPL 
singing alone, as would be expected, in the absence of Advantage versus variabili~ 
ambient "noise." The average decrease was 1.7 dB. It in SPL of Other. The figure 

illustrates tha f the SPL Ad- 
may also be noted that the sopranos sang louder than the vantage varies less does 
others. This would explain most of the larger SPL the SPL of Other (because 
advantages of the sopranos that can be seen in Figs. 6 singers tend to follow the dy- 
and 7.  namic level of fhe ensemble). 

Figure 9 compares all standard deviations of the level contours of S (Other) to 
Advantage. Because each singer is expected to follow the dynamics of the group, we 
would expect the Advantage contours to have smaller variability than the S contours. 
This was the case with all subjects. 

The final questionnaire contained the following questions to be answered in writ- 
ing: 

1. Q: Did you sing normally when wearing the microphones? (If not, try to explain 
why .) 
A: Yes (55%); I think so (45%); No (0%) 

2. Q: Did you find that the presence of the microphones in your ears changed the 
sound at all?A: No (78%); A little (22%) 

3. Q: In the choir, are you usually able to hear your own voice as well as you wish?A: 
Yes (58%); It depends, on the room and the neighbor (33%); No (8%). 

4. Q: Does your rehearsal hall seem acoustically suitable or not?A: Yes (45%); Fairly 
(36%); No (18%). 

5. Q: Do you consent to the recording of your voice, without disclosure of your iden- 
tity, being used in sound examples at lectures, etc? A: Yes (100%). 
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The answers to questions 1 and 2 indicate that the subjects on the whole were not 
unduly disturbed by the binaural microphones, which is important to the usefulness 
of the method. 

DISCUSSION 

Comments on the measurement method 

The described M/S-SPL method for measuring the SPL advantage, or Feedback-to- 
Reference ratio, has been shown to work well with the particular combination of 
choir and room that was used. The room acoustics were relatively dry, and the choir 
was fairly small with all singers standing in one semicircular row. Little of the Refer- 
ence power experienced by each singer will have originated in his or her plane of 
symmetry. This resulted in an Other sound field in which the L and R signals were 
slightly in opposing phase, such that the measurement scheme worked very well. 
The mean SPL advantage observed agrees very well with the prediction for this room 
and this choir (see the Appendix). It is likely that, in a choir with several rows, and in 
rooms with more reverberation, the SPL advantages will be smaller and the M/S-SPL 
measurement will be less informative. This will be tried in future experiments. 

The SPL evaluations were based on the assumption that the Left and Right signals, 
although non-coherent, were statistically similar in amplitude, i.e., that not only the 
Feedback but also the Reference was equally loud in both ears. No attempt was made 
to account separately for the left-ear and right-ear information. 

The physical sound pressure level is not the same as the perceived loudness. No 
attempt was made here to interpret the SPL Advantage values in terms of loudness. 

The M/S-SPL method does not account for bone-conducted sound. It is likely that 
bone-conduction would increase the observed Feedback-to-Reference ratios. 

Perceptual separation of the Self signal from the Other signal 

The choir singer's perceptual task of parsing a composite sound, such that the sound 
of one's own voice may be discriminated from that of a number of other similar 
voices, would seem to present a unusual challenge to the auditory system. The 
author is not aware of any published work directly related to the masking effect in 
choir singing. For speech, Bronkhorst & Plomp (1992) have shown that normal hear- 
ers in a simulated "cocktail party" situation are able to resolve spoken discourse of 
unknown content in the presence of up to six equally loud maskers with spectral and 
temporal properties that are statistically similar to those of the target, and they have 
measured speech reception thresholds in terms of signal-to-noise ratios. In a choir, 
the situation is similar but not identical. The target signal is largely known in ad- 
vance to the receiver, since he is producing it himself. In this case, the purpose of 
good reception is of course not speech intelligibility, but rather, adaptive control of 
fundamental frequency, vocal power and voice spectrum. Also, the masking exerted 
by fellow choir singers is very potent, since the masking signals by design are very 
similar and in many respects correlated to the target signal. Not surprisingly, choir 
singers often find that they cannot make out the sound of their own voice. 

While this investigation has been concerned only with sound levels, clearly there 
may be other acoustical cues that help the singer discriminate Feedback and Refer- 
ence. Table I1 lists a number of ways in which the sounds of Feedback and Reference 
could be presumed to differ. 
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Table 11. Acoustic properties (normal text) that could contribute to discrimination between Feedback 
and Reference; and their physical correlates, if applicable (italics). 

- 
Perceived property 

Physical correlate 
location 

binaural match in time and level 
number of voices 

progressive beating of partials 
timbre of voices proper 

spectral distribution 
room coloration of timbre 
proportion direct- to-renerted sound 

bone-conducted feedback 
loudness 

sound pressure level 

APPENDIX: PREDICTION OF THE SPL ADVANTAGE 
Given knowledge of the room's absorption and the choir topology, and assuming for 
simplicity that all singers emit the same acoustic power, a rough prediction of the 
SPL advantage can be made. This is done here using a method first described in 
Ternstrom (1989). We assume that the sound intensity level and the sound pressure 
level are equivalent under the given circumstances. 

Feedback 

centered, fixed 
left si@ = right signal 

single 
no 

rich bass, poor treble 
negative slope 

small 
large 

yes 
usually higher 

1. Find the equivalent absorption area A and the average absorption a of the 
room. 
The dimensions of the rehearsal hall were 15.5 m 7.10 m 1 4.37 m, giving a vol- 
ume Vof 481 m3 and a total surface area S of 418 m2 . Its reverberation time T, 
(-60 dB) was 1.2 s. From statistical acoustics we have the rule-of-thumb relations 
A = 0.163 V/ T, = -Sln(l-a). Hence the equivalent absorption area A = 0.163 1 481 
i 11.2 = 65 m2and a =  0.14. 

Reference 

spread out, moves with head 
left sijpal# right signal 

multiple 

yes 
neutral 

flat 
variable 

variable 
no 

usually lower 

2. Compute the intensity of the whole choir from the SPL at a point in the diffuse 
field, 
The SPL (averaged as described earlier) at the conductor's position of one rendi- 
tion was 86.4 dB. When taken relative to 1 pW/m2 this gives I=0.44 mW/m2. 

3. Compute the average power (per singer) from intensity. 
We have W =  IA/4 and obtain a total choir power of 0.44 1 I 65 ' 4 = 7.1 mW, or 
0.35 mW per singer. This agrees well with mezzoforte adult singer powers meas- 
ured in Ternstrom (1989). 

4. Compute the SIL of Other from the average singer power. 
From Ternstrom (1989) we take the formula for computing sound intensity levels 
inside the choir 

With the singers standing in one row, each singer has only two close neighbors, 
so ne = 2 and the distance de to them is about 0.7 m. The power per singer w is 
0.35 mW and the number of singers N is 20. This gives a value of I of 0.48 
mW/m2, or 86.8 dB. 
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5.  Compute the SIL of Self from the average singer power. 
If the mouth opening were a free point source 15 cm from either ear, we would 
use 
I =w/47cr2 to translate 0.35 mW to 90.9 dB at the ears. The presence of the head 
would increase this value, but the directivity of the voice, on the other hand, 
would decrease it. Given the many approximations made already, there is not 1 much point in pursuing it more accurately. 

1 

I We arrive at an estimate of the SPL advantage in the given room of 90.9 - 86.8 dB, 

1 or about +4 dB. This agrees surprisingly well with the observed mean of +3.85 dB. 
1 
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