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1 Introduction 

In concert halls the preferred conditions for the audience are now quite well 

understood. However the optimum conditions for the musicians are less clear. There 

are several reasons for this. The focus has been on the audience because this is where 

the music is to be appreciated. But for the audience to hear great music, the stage 

conditions for the musicians are highly relevant since this is the origin of the 

sound/music. A musician interacts with what he/she hears quite differently from a 

(passive) listener. The musicians’ focus is not just on enjoying the music, but 

producing it. What the musicians hear is crucial and affects their ability to interact 

confidently in the mutual process of music making (Ueno et al [37]). In this 

interactive process the musicians automatically adapt to their environment, which 

makes it more difficult to find relations between cause and effect on a stage. 

 

Since the early ‘70s there has been an increasing research activity on stage acoustics. 

The two main research approaches have been investigations with orchestras playing in 

real halls and musicians playing in simulated sound fields (anechoic chambers with 

loudspeakers). The first approach often suffers from lack of controllability of single 

acoustic elements, while with simulated sound fields it is difficult to create an 

apparently natural environment for the musicians. Different design recommendations 

for stage design and parameters for objectively measuring the stage conditions have 

been proposed (Gade [16], Naylor [15], Halmrast [31]). There seems to be an 

agreement that musicians have one main concern: getting the right balance between 

hearing one-self (“support”) and hearing others. In brief, results show that a small 

reverberant room will lead to lack of hearing one-self, while a large room with few 

reflections will lead to lack of hearing others. Lack of support often leads to 

intonation difficulties, while lack of hearing others can lead to both intonation and 

timing difficulties within the orchestra (Gade [17]). “Ensemble” has been used to 

represent the degree to which a musician can hear others, but ensemble can also be 

interpreted as the balance between hearing one-self and others. It remains to be 

answered what objective measures are best fitted to evaluate these two listening 

perspectives. 
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2 Background 

More knowledge is needed about musicians’ preferences and how the stage and the 

concert hall itself can provide the right conditions for the musicians. Gained 

knowledge can contribute to better design criteria for concert halls. 

 

This research project is an three year project which aims to discover more about stage 

acoustics, based on laboratory experiments (scale modelling, computer modelling) 

combined with objective acoustical measurements from real stages/situations and 

collaboration with orchestra(s). This study also intends to include the situation for the 

singers/choir. The project is sponsored by EPSRC and a PhD study is combined with 

the project. 

 

3 Literature review 

3.1 The orchestra and choir on stage 

A symphonic orchestra normally consists of approximately 100 players. They can be 

categorized into four main instrument groups: strings, woodwind, brass and 

percussion. The strings consist of violins, violas, celli and double basses. The 

woodwinds consist of oboes (including cor anglais), bassoons, clarinets and flutes. 

The brass group consists of trumpets, French horns, trombones, and tuba. The 

percussion group includes timpani, vibraphone, harps and piano. (A piano can be 

treated as both a string and percussive instrument). Seen from the audience, the 

orchestra is usually arranged in the same order as listed here: strings at front, 

woodwinds in the middle and brass and percussion at the back as Figure 1 shows. 

 

The choir is normally placed behind the orchestra on stage and can often have above 

100 persons. Soloist singers are situated at front of the stage like any instrumental 

soloist (normally violin or cello). 

 

The orchestra plan known as the American is shown in Figure 1, which is the most 

common arrangement today. Alternative arrangements exist as shown in Figure 2. 
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Figure 1: Orchestra arrangement, American. (Approximate positions, based on Internet [60]). 

 

 
Figure 2: Alternative orchestra arrangements. From left to right: American, Furtwängler’s, German. 

V.1 = First violin, V.2 = Second violin, Vla. = Viola, Vc. = Cello, Kb. = Double bass  
(From Meyer [42]). 

The leftmost arrangement shown in Figure 2 is the American. The middle is 

Furtwängler’s version, while the rightmost is the German (or European) arrangement. 

The German arrangement gives a better “stereo effect” of the orchestra with the first 

and second violins on opposite sides (Meyer [22]). Many symphonic works have been 

written with this arrangement in mind, creating a “dialog” between left and right side 

of the orchestra among the violins. The American is said to be motivated by the 

monophonic recording technique used during the ‘50s and it normally requires a 

shorter rehearsal time for the orchestra (Orestad [61]). With the American 

arrangement a synchronized onset of tone is easier achieved between the two violin 

groups since they are sitting together using this arrangement, and the stereo effect lost 

its value on mono recordings. Because of more demanding playing conditions for the 
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orchestra (especially the strings, violins), the German is not the most popular 

arrangement. But it is popular for its stereo effect for the audience, and string players 

have commented that it is easier to listen outside the string group with this 

arrangement. But at the beginning of rehearsals many string players experience more 

difficulties being split up in two separate groups (Orestad [61]). 

 

The different instruments normally have their own parts and the violins represent the 

largest group of single instruments. The woodwinds and brass are rarely more than 

four on the same instrument. The strings are among the weakest sounding instruments 

in the orchestra and their directivity (spatial radiation pattern) varies much with 

frequency. The woodwinds are louder and have a more even directivity. The brass, 

especially the trumpets and trombones, are among the loudest instruments and 

become highly directional at higher frequencies as Figure 3 shows. These instruments 

are directed to the audience but also towards the woodwinds and strings. The player is 

on the opposite side of the instrument, and this causes large differences between what 

the player hears of his/her own instrument and what is heard by others at front. 

 

 

Figure 3: Directivity of a trumpet at different frequencies (Meyer [80]). 

In general, the directivity of instruments increases with increasing frequency. At 

lower frequencies almost all instruments are omni-directional (emit sound equally in 
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all directions), but above 500 Hz most instruments start to radiate more sound energy 

in certain directions. Also the transmission of direct sound (see section 3.3) of the 

instruments within the orchestra is varying with frequency. At low frequencies the 

direct sound from the different instruments diffracts (propagates around obstructions) 

and reaches all the musicians quite easily. At higher frequencies (from about 500 Hz 

here as well) the musicians, instruments, chairs and music stands start to create 

“sound shadows” within the orchestra. So the sound from a certain instrument can be 

weak at another position in the orchestra, particularly above 500 Hz, due to little 

energy transmitted in that particular direction and/or many objects are in the way for 

free propagation of the sound. This is where the stage enclosure and reflectors have an 

important role of providing reflections to compensate for directivity and shadowing 

effects (but only to a certain degree). 

 

The sound level within the orchestra in terms of risk of hearing loss for the musicians, 

has received more attention recent years. The direct sound and the stage enclosure 

affect the sound levels within the orchestra, and different screens (absorbing and/or 

reflecting) within the orchestra have been introduced to try to regulate the direct 

sound transmission between instrument (groups) to avoid excess sound levels. An 

investigation of how the stage contributes to risk of hearing loss is not of primary 

concern in this study, but findings from this study will be seen in relation to other 

findings on hearing loss risk assessment for the musicians. 

 

The time it takes for the different instruments to establish their tone (onset time) could 

affect the ability to hear one-self relative to the others. The direct sound from the 

trumpets can reach the strings group before the sound of their own instruments has 

established itself. But experience show that the musicians normally are able to 

compensate for this while they are playing (Gale [75]). 

 

The orchestra is controlled by the conductor. The conductor tries to represent the 

audience and control the orchestra according to what he/she hears. At the same time 

the members of the orchestra are listening to each other. The adjustments of one-

selves contribution to the orchestra (with respect to loudness, intonation and timing) is 

done based on experience following the conductor and observing visually fellow 

musicians and listening to the sound from one-self and the others. Due to the 
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orchestra’s size a significant delay is added to the sound from fellow musicians 

(depending on the distance between the musicians). For this reason the musicians 

cannot base their time judgement on sound alone – the conductor and visual cues play 

an important role in getting the orchestra synchronized (for the audience). The 

musician needs to continuously evaluate what he/she is doing based on what he/she is 

hearing but also seeing and feeling (i.e. vibrations, overall experience). While playing, 

the musician looks at the conductor and the movements of the fellow musicians, 

follows the score (written music) and listens for important instruments relating to 

his/her own instrument. This makes the situation much more complicated than for the 

listener, who is essentially a passive listener. 

 

If a performance is not successful for a musician it can be a consequence of the 

concert stage itself (due to its acoustics, size etc.) but also the repertoire, the 

conductor, the rest of the orchestra, the audience etc. The experience of the musicians 

is also closely related to emotions (making music is often a fragile situation and small 

details are important to make it “all work”), which makes it difficult to see clearly 

what was actually not working well when judging it in retrospect. 

3.2 Floor resonance and close walls 

Stringed instruments have too small a body to support the lowest notes of the 

instrument. This lack of resonance for the deepest notes is most significant for cello 

and double bass. A light-weight floor (wooden, not concrete) or a riser can assist in 

radiating the sound from these instruments in their lowest register. Both these 

instruments are resting against the floor by the use of a endpin (made of metal), and 

the vibrations from the instruments are transferred to the floor/riser through the 

endpin. These two instruments are also held against the body of the musician, so 

vibration from one’s instrument can be picked up by other instruments (through their 

endpins). Instruments close to each other will respond mutually to their vibration 

which can be sensed by the musician holding this instrument. There are uncertainties 

about how significant this is for ensemble between the lower strings (cello and double 

bass) (Askenfelt [49]). 

 

The floor and wall(s) close to the instruments can also contribute to raise the level at 

lower frequencies due to “acoustical coupling”. This is due to the reflected sound 
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being in phase with the direct sound and hence adding together constructively. For the 

lower sounding instruments of the orchestra, this effect can be desired since the lower 

frequencies play an important role for intonation for the orchestra. But for instance a 

hard reflecting back wall can also result in the percussion and brass being too loud 

(Lee [7] and Kahle and Katz [38]). 

3.3 The sound field on stage 

The main objective method for investigating acoustic behaviour in halls is through 

impulse response measurements. The impulse response shows how the acoustic space 

(or a linear system in general) will respond to an impulse source, for instance a gun-

shot, bang of a drum, clapping of hands etc. The impulse response gives an overview 

of all the sound reflections that arrive at a certain position when an impulsive sound 

has been fired off. The impulse response will vary for different source and receiver 

positions (S and R) since the distance from reflecting surfaces will vary between 

different positions inside the space. 

 

 

Figure 4: Direct sound, early and late reflections on a concert hall stage (S = source, R = receiver). 
Vertical axis represents sound level (dB) and horizontal axis represents both time and distance.  

(Image of Smetana Hall, Prague. Figure based on (Internet [59]). 
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The first sound that will arrive at the receiver position is the direct sound. This is the 

sound wave travelling directly from the source to the receiver without bouncing into 

reflecting surfaces and represents the shortest way between source and receiver. After 

the direct sound, the early reflections will reach the receiver. The first arriving sounds 

after the direct sound will be reflections of first order, which means they have only hit 

one surface on their way. Some waves will hit two, three, four and so on surfaces on 

their way between source and receiver. As the order increases the number of sound 

reflections that arrive at the receiver position will increase and after some time all the 

reflections blend together as the reverberant sound of the hall. In an ideal situation the 

reverberant sound field will arrive from all directions (representing a diffuse sound 

field). 

 

Due to the propagation speed of sound waves (343 m/s in air at room temperature), 

the sound travelling along a longer path will arrive later to the listener. So the arrival 

time is increased as the total sound path is increased. Figure 4 illustrates the direct 

sound, two first order reflections and the late reverberant sound on a stage. (The line 

types are corresponding between upper and lower part of the figure.) A second order 

reflection could be heading against the left side wall, then up to the ceiling and down. 

This reflection would arrive after the ceiling reflection since is has travelled a larger 

distance. 

 

One of the features of the early sound is that it can help creating a more solid 

impression of the sound source. As mentioned, musical instruments are very 

directional at higher frequencies which means that they will radiate differently in 

different directions. With only the direct sound we would hear the instrument from 

only one direction and the orientation of the instrument will largely affect what we 

hear. By also hearing the early reflections, we will also hear what the instrument 

radiated from its backside, sides and so on, in addition to the side facing us. This has 

been demonstrated for instance by Benade [10]. 

 

As listeners we by experience learned to not get confused by early reflections. When 

being in the woods and hearing a branch break it is to the person’s best advantage to 

be able to locate the sound from the direction where it actually originated. Human 

hearing uses mostly the direct sound to make the judgment of direction (called the 
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precedence effect) and for recognizing the sound (what created the sound and its 

origin are of the main concern for survival). The early reflections will enhance the 

perceived loudness of the source and make a more robust impression of the source if a 

good combination of early reflections is provided by the environment. If only a few 

early reflections are provided they can cause colouration of the sound (changes in 

perceived timbre due to comb filtering) or they can be heard as echoes. So to be 

advantageous to our perception of the sound, the total number of early reflections and 

the level of these reflections compared to the direct sound are important. If the early 

reflections are too strong they will take dominance above the direct sound and if they 

are too weak they will not be heard. If the early reflections are too dense (many) they 

will cause a long EDT (early decay time) that could be perceived as muddy sound 

both on stage and by the audience (Griesinger [45]). 

 

After the early reflections have arrived to (hopefully) give us an enhanced impression 

of the sound (without unwanted coloration or muddiness), the reverberant sound will 

reach us. In many respects we are not aware of the early reflections since we are 

naturally trained to focus on the direct sound as mentioned above. The reverberant 

sound is the blend all reflections from the room, it adds “liveliness” and gives the 

general impression of the room. If a room is perceived as “dry” or “live” is much 

based on the level of reverberant sound and the reverberations time of the room (how 

long time it takes for the room to get “quiet” when a sound is stopped). The boundary 

between of the perception of the source (direct and early reflections) and the room 

(reverberant sound) is found to be around 35 ms (sound that has travelled about 12 m 

from source to receiver). 

 

Figure 5 shows a simplified stage in a concert hall and the main elements which have 

been found to affect the sound field on stage (see section 3.4). The side walls, the rear 

stage wall and ceiling enclosing the stage can be treated as the stage enclosure. The 

situation illustrated in Figure 5 is typical for a proscenium (recessed) stage. In a 

terraced or open layout concert hall, the stage will be more integrated with the hall 

space. The stage floor, the presence of the orchestra and eventually risers are common 

for all concert hall stages. Figure 6 shows a measured stage impulse response from 

our 1:25 scale model of a general concert hall. 
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The three main parts of the impulse response, the direct sound, early reflections and 

late reflections (reverberant sound), are indicated in Figure 6. Also indicated are the 

elements of the stage that are relevant for controlling these three parts and what have 

been found as relevant features of them. At the bottom the integration time intervals 

for Gade’s ST parameters (see section 3.5) are also shown. 

 

Figure 5: Elements of a concert hall stage (with splay angle is represented as α). 

 

 

Figure 6: Impulse response on stage with ST integration time intervals indicated. (Linear pressure 
versus milliseconds. Linear pressure oscillates around and descending to zero). 
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3.4 Findings related to the acoustics of concert hall stages 

Table 1 tries to summarize findings related to stage design (first part) and sound field 

(last part). 

 

Attribute Findings 

Stage 

enclosure 

- Need heavy reflecting & diffusing surfaces on the side, rear walls and if possible ceiling, Shankland [3] 
- Should be double amount of overhead reflections back to strings compared to woodw, Meyer and ‘Serra [4]
- Reflecting elements at back wall and ceiling maintain directional cues from the hall, Nakayama [12] 
- Level of support is controlled by the stage volume, Gade [18] 
- Maximum ceiling (refl.) height of 10 m, diffuse reflection, side walls as close as possible, Meyer [50] 
- Preference for scattered reflections from side and back walls, D’Antonio [21], Jaffe [24] 
- Min. volume 1000 m3, scattering surfaces on orch. shell, max 16º splay side walls if flat, Kan et al [29] 
- Adding orchestra shells could increase STearly on stage by up to 5 dB, Bradley [30] 
- Rectangular hall most, fan shaped least favoured by musicians, Sanders [33] 
- Trumpeters liked front stage pos. without side reflectors, strings disliked this config., Chiang et al [34] 
- Early energy enhanced by reducing splay angle of side walls, Chiang and Shu [35] 
- Preference for an absorptive back wall, Kahle and Katz [38] 
- A reflector behind the choir improves balance and ensemble with orchestra, Marshall [23] 

Reflector / 

canopy 

- Preferred height 7 – 10 m, Barron [1], Jaffe [24], 6-8 m if possible, Gade [16], [17] 
- Should consist of many small reflectors instead of one large, Rindel [19], Dalenbäck et al [26] 
- A low reflector above the strings can affect the balance heard by the audience, Meyer [27] 

Floor / Risers - Risers can make the brass and percussion too loud for the audience, Miller [14] 
- Risers can enhance lower register of celli and double bass and improve mutual hearing, Askenfelt [49] 

Direct sound 
- High level of direct sound strongly preferred, Krokstad et al [5] 
- Delay within the orch. should not exceed 20 ms (7 m) and high frequency components important, Gade [16]
- Singer had best intonation when level of self was -5 to +15 dB louder than others, Ternström [48] 
- Important to have strong direct sound within the orchestra, O’Keefe [28] 

Early energy 

- The sound field characteristic of greatest importance is the spectrum of early sound, Shankland [3] 
- Reflections arriving 10 – 40 ms improve ensemble, Marshall et al [2] 
- Reflections beyond 35 ms can contribute to ensemble at lower frequencies, Meyer and ‘Serra [4] 
- Reflections before 35 ms preferred, if weak direct sound or fast movement & long RT, Krokstad et al [5] 
- 0.5 – 2 kHz sound important for ensemble, below 500 Hz may be detrimental, Marshall and Meyer [9] 
- Too much early energy on stage can cause the orchestra to sound too quiet in the audience, Meyer [13] 
- Singers need early sound reflections of their formant, above 1.5 – 4 kHz, Fry [51] 
- Early reflections are the main factor for achieving support, Gade [16], [17] 
- At least 2 or 3 early reflections should arrive before 30 ms, Benade [10], [11]) 
- Reflections beyond 100 – 200 ms are detrimental for the orchestra, Benade [10], [11] 
- Singer had best intonation when level of self was -5 to +15 dB louder than others, Ternström [48] 
- Abs. should be added to a small stage due to the build-up of too many/dense reflections, Griesinger [45] 
- Early reflections are important for ensemble and support, Ueno et al [36] 
- Level of other instruments supported by 15 – 35 ms reflections, Meyer [22] 
- Strong early reflections at 5 – 20 ms can cause unfavourable coloration effects, Halmrast [31] 
- Singers disliked a 40 ms delayed reflection, Marshall and Meyer [9], Burd and Haslam [25] 
- For fast tempo solo singing a 17 ms delayed single reflection is preferred, Noson et al [32] 
- Musicians should only get 1st order reflections within 25 ms and late sound from the hall, Griesinger [81] 

Late energy / 

reverberation 

- Reverberation is not important for ensemble, but preferable among soloists, Marshall et al [2], Gade [16] 
- Late sound important for musician to “hear the sound in the hall”, Nakayama [12] 
- Choir has a strong preference for reverberant sound, Burd and Haslam [25] 
- Shoe-box shaped stage will have the largest build-up of late sound, O’Keefe [28] 
- The brass players and the pianist were generally positive about late reflections, Chiang et al [34] 
- Musicians appreciated medium level of 250 ms (with “low level” early & “medium” reverb), Ueno et al [82] 

Table 1: Factors appearing to be important related to stage acoustics and findings related to them. 

Note: Some of the results listed in Table 1 are for chamber music. 
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In brief the findings may be summarized as follows: direct sound and source-receiver 

distance within the orchestra are important and are influenced by orchestra 

arrangement and risers. The risers (and a light-weight floor) also contribute to amplify 

the lowest register of celli and double bass and could transmit some useful vibration 

between these instruments. Brass and percussion are the loudest instruments, while 

strings which are the weakest instruments in terms of sound power. This leads to 

strings normally being the most demanding on acoustics for their own support. 

Distributed early reflections are important. Reflections arriving in the time span from 

40 to 200 ms (between the time regions for early and late sound) can be detrimental. 

The most important frequencies are 0.5 – 2 kHz, but lower frequencies can play an 

important role for intonation. Especially for soloists more reverberation (late sound) is 

appreciated. Among the main uncertainties are time interval of useful and detrimental 

reflections, direction, distribution and diffusion of reflections, and preference for late 

sound. These are all controlled by the architecture of the stage and the hall itself. 

3.4.1 Differences between instrument groups regarding support 

The following overview on differences between instrument groups are based on the 

findings listed in Table 1 and several other papers that cover certain groups in detail. 

 

String players have, as mentioned, been found to be most demanding on being able to 

hear themselves, and on hearing reverberation and the others (Gade [6], Sanders [33]).  

 

Woodwinds seem to be less worried about hearing reverberation and themselves 

compared to the strings, but more than percussion and piano (Gade [6]). 

 

The brass players have been reported to sometimes having problems with hearing the 

strings (Chiang et al [34]). They have also been reported to appreciate more late sound 

and less early reflections compared to the strings (Chiang et al [34]). In terms of 

hearing reverberation, themselves and the others, Gade found this group to have 

similar concerns as the woodwinds [6]. Gade found that the preferences for the piano 

and percussion players differed from the rest of the orchestra by being least 

demanding on reverberation [6]. But Chiang et al [34] found a preference for late 

reflections for pianists. 
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Some work has been done on preferred acoustics for singers which indicate that the 

singers appreciate early reflections on stage especially in the frequency region of their 

singing formant, which is normally located in the frequency region from 1500 Hz to  

4 – 5 kHz (Fry [51]). Ternström found that singers could intonate best when the self-

to-others ratio was -5 to +15 dB (level of self minus level of others) [48]. 

3.4.2 Stage properties and area requirements for musicians 

Based on drawings of concert halls around the world, a table of actual stage 

dimensions has been compiled. Beranek’s and Barron’s books [53], [55] have been 

used for reference drawings. Table 2 lists average dimensions based on analysis of 85 

halls. See Dammerud [64] for more details on this data collection. 

 
 Width 

front 
Width 
back Depth Ceiling 

height 
Reflector 

height 
Side wall 

splay Area 

Average 
dimension 20 m 15 m 12 m 15 m 11 m 14º 207 m2 

Table 2: Average properties of concert hall stages world wide. 

11 (13 %) stages have a rectangular layout, 41 (48 %) have splayed side walls,  

1 (1 %) has convex or concave side walls, while 32 (38%) have an open layout. This 

means that 53 (62 %) halls have a recessed stage, while 32 (38 %) have an exposed 

stage. 

 

13 stages (15 %) have low sidewalls around the perimeter of the stage (at back and the 

sides, not a recessed stage), while 50 out of the 85 halls (59 %) have a reflector above 

the musicians. 

 

With regard to area per musician the recommendation according to Barron [53] is: 

 
- 1.25 m2 for upper string and wind instruments 

- 1.5 m2 for cello and larger wind instruments 

- 1.8 m2 for double bass 

- 10 m2 for tympani, and up to 20 m2 more for other percussion instruments 

 

For a full 100-members orchestra (with a normal percussion section) this means a net 

covered area of about 150 m2. The minimum stage area recorded (in the literature 

study mentioned) above is 111 m2 (Colston Hall, Bristol, UK), while the largest stage 

area recorded is 397 m2 (Sala São Paolo, Brazil). 
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3.5 Objective stage measures – ST and EEL 

Based on questionnaires and interviews among musicians as well as laboratory 

experiments, Gade proposed objective measures for “support” and “ensemble” on 

stage (Gade [6], [16]). “Support” is associated with how much the hall is supporting 

the sound of ones own instrument, while “ensemble” is associated with the ability to 

perceive the fellow musicians. ST (Support) measures the level of early reflections 

received 1 metre from the source. This energy is seen in relation to the emitted sound 

energy: the direct sound (including and floor reflection) at 1 metre from the source. 

EEL (Early Ensemble Level) measures the presence of the direct sound and early 

reflections. This energy is measured with a second microphone positioned somewhere 

else on stage, for instance at another instrument group position, see Figure 7. Also this 

energy sum is seen in relation to emitted sound energy from the source (direct sound 

and floor reflection at 1 metre). 

 

 

Figure 7: Principles for measuring ST and EEL. From [Gade,16]. 

For ST, t = 0 ms represents the arrival of the direct sound, while for EEL t = 0 ms 

represents the time of emission from the source. The motivation for the latter was to 

measure the negative effect of the delayed direct sound at the receiver position (based 

on Gade’s findings of preferred arrival of the direct sound within 20 ms delay [17]). 

While the time limits for the summing of received energy can vary for ST, it is fixed 

at 0 – 80 ms for EEL. 

 

These two parameters are defined as: 
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Ee(DIR) is measured over the period 0 to 10 ms. Arithmetical averages are taken for 

the octave bands 0.25 – 2 kHz for ST and for the octave bands 0.5 – 2 kHz for EEL. 

ST is represented in three different forms (with different values of t1 and t2): STearly 

describing “ensemble”, integrates the sound in the time interval of 20 – 100 ms 

(relative to the direct sound). STlate representing impression of reverberation integrates 

the sound arriving between 100 – 1000 ms while STtotal has t1 – t2 = 20 – 1000 ms and 

represents “support”. The time limits are illustrated in Figure 6. (Previous versions, 

ST1 and ST2, are no longer used.) Stage occupancy is important for the measurement 

according to Gade [20]. An empty stage will represent the situation for a small 

ensemble, while chairs and music stands should be included when measuring for the 

orchestra situation. See the section below for more details on how to measure these 

parameters. 

 

Only the ST parameter which takes the early reflections returning to the musician into 

account (not the direct sound transmission) has been shown to be well correlated with 

subjective evaluation (Gade [17]). ST was found to correlate well with the judgment 

of “support” and quite well with judgments of “ensemble”. Since EEL was not found 

to correlate well with subjective data, it has not been much used recently. 

3.5.1 How to measure ST and EEL 

Gade has listed recommendations for measuring ST [20]: 
 

- the platform should be occupied with chairs and music stands 

- all objects in a 2 metre radius from the transducers should be removed 

- the transducers must be placed at least 4 metres from reflecting stage surfaces to make sure 

these surfaces are include beyond the 20 ms integration limit 

- on smaller stages the 20 ms limit must be reduced and all furniture removed (since many 

reflections will arrive before 20 ms) 

- distance from sound source to microphone set to 1 metre and the height of both set to 1 metre 

above the stage floor 

- calibration is needed for the frequency bands where the sound source is not adequately omni 

directional (see [20] for more details) 
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Jeon and Barron [39] confirmed these guidelines with scale modelling experiments for 

a particular hall in Seoul, South Korea. 

 

The list given above is, as mentioned, for ST. No such detailed list has been published 

for EEL. 

3.5.2 The validity of the ST parameters to evaluate stage acoustics 

As described STearly measures the total energy of early reflections present between 20 

and 100 ms while STlate measures the total late sound energy arriving between 100 

and 1000 ms (and STtotal the sum of these two). 

 

When trying to judge the validity of the ST parameters to evaluate stage acoustics for 

the musicians, we have to relate the definition of ST with the findings listed in Table 1 

and summarized in section 3.4. The opposing views that have been found with regard 

to useful early reflections make it at this stage difficult to conclude on the validity of 

ST. 

 

When it comes to how the early and late reflections are perceived by the musicians, 

there are many unanswered questions. Which directions are the most important for the 

early reflections to arrive from (above, from the sides or back)? With ST there is no 

discrimination between directions of the early reflections. And does the time region 

for useful reflections depend on the distribution of the reflections? Reflections 

arriving at 5 – 20 ms can result in unfavourable coloration effects, but only if a few 

early reflections appear in this time region (Halmrast [31]). In Gade’s laboratory 

experiments with musicians, only a few early reflections were used [16]. It is possible 

that coloration effects or other unfavourable effects of few early reflections in this 

experiment biased the musicians’ preference for delay of the early reflections. There 

has been some experimentation with other time limits for the summing of early 

energy. Chiang et al [34] used time limits from 7 to 100 ms, but this alternative 

version was found in chamber music halls to correlate highly with STearly when 

relating to judgments by the musicians. Ueno et al [82] have developed their own 

system for generating different sound fields for the musicians electro-acoustically (in 

anechoic chambers like Gade) and results from their studies can reveal more 

information on useful and detrimental reflections. 
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3.5.3 The reliability of the ST parameters to evaluate stage acoustics 

For measuring ST, the relative placement of the transducers is defined. This serves to 

give a stable reference of the sound energy emitted. However the measured value is 

quite sensitive to source directivity (not being perfectly omni-directional) and, since 

the microphone is only 1 metre away from the source (and the floor), deviations in 

relative transducer position. The early reflections are affected by the objects on stage 

(chairs, music stands) but results by O’Keefe indicate that ST varies by  

1 dB at higher frequencies and 0.5 dB at lower frequencies measured on an empty 

stage versus a stage fitted with chairs and music stands [85]. Gade found 

reproducibility of STearly and STlate to be about 0.2 dB for position and frequency 

averaged values (with three different positions on stage) [20]. 

 

Gade has given recommendation for improving the reliability by calibrating and 

compensating for irregularities in the source directivity [20]. 

3.5.4 The validity of the EEL parameter to evaluate ensemble 

The main difference between ST and EEL is that EEL includes the direct sound and 

the delay of the direct sound, whereas ST only includes the early reflections. The 

influence of the direct sound seems to make objective investigations of perceived 

“ensemble” more complicated than perceived “support”. This is supported by Gade’s 

finding that EEL did not correlate well with musicians’ impression of “ensemble” 

[17]. ST succeeded better than EEL at measuring “ensemble” even though EEL was 

designed to measure “ensemble”. 

 

The transmission of direct sound within the orchestra is difficult to measure for two 

main reasons: musical instruments are highly directional and the musicians (and other 

objects on stage) affect the direct sound by casting sound shadows. Both factors are 

most significant at the high frequencies which have been found to be important for 

achieving good ensemble (0.5 – 2 kHz). For the discussion of the validity of the EEL 

parameter, it is important to see how well an omni-directional source on a more or 

less empty stage represents the real situation. 
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3.5.5 The reliability of the EEL parameter to evaluate ensemble 

The reliability of the EEL measure is much affected by the same factors affecting 

reliability of ST. But in addition objects on stage between the source and receiver will 

affect the measured direct sound and the actual arrangement on stage during 

measurements will have a more important role compared to ST. Based on this, the 

reliability of EEL could be expected to be poorer than ST, when measuring on a stage 

without the musicians present. 

3.5.6 Other objective measurement approaches 

Gade’s investigations of the influence of direct sound and early reflection were based 

on laboratory experiments. Others have used objective measures with musicians on 

real stages. 

 

To investigate the importance of diffusion on stage D’Antonio [21], different 

scenarios were tested for a chamber group and a symphonic orchestra. The produced 

sound was recorded at stage and in the audience using different microphone system 

(among them in-ear microphones at the musicians’ ears). The musicians’ experiences 

were collected through questionnaire and the recorded sound was judge by listening 

tests. 

 

Halmrast has proposed a method for measuring the comb filtering effect caused by 

interference between the direct sound and early reflections within the orchestra [31]. 

This is done with the musicians present on stage. 

 

Self-to-other ratio has been measured for singers in choirs (in-situ) (Ternström et al 

[76], Ternström [48]). To find the level of one-self and others, the sum and difference 

between two microphones located at the singer’s ears have been taken. The sum of the 

two signals was used to represent the level of self (since the distance from the mouth 

to both ears is the same), while the difference of the two signals was used to represent 

the level of others. (This method cannot easily be used for musicians, since their 

instruments are not point sources, like the mouth can be approximated as, and the 

instrument is not placed at an equal distance to both ears.)
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4 Investigation methods 

Three different tools will be utilized for objective investigations: scale modelling, 

computer modelling and measurements of the acoustics on real stages. Objective 

measures of real stages will serve as a physical description of the stage. This will 

include both architectural properties of the stage and the concert hall overall and 

through measurement of impulse responses on stage and the hall itself. 

 

The equipment for scale modelling consists of standard equipment and equipment 

developed at the University of Bath. For computer modelling, CATT-Acoustics is 

being used while a PC controlled system using WinMLS as software is being used to 

carry out impulse response measurements on real stages. (Other objective attributes 

than the impulse response, like physical dimensions are also relevant.) 

 

To analyse results from all these three objective approaches, MATLAB and WinMLS 

have been used. MATLAB functions have been developed for analyses of the 

measured impulse responses. To be able to listen to how it will sound in a particular 

situation based on obtained impulse responses (both scale modelling and real hall 

measurements), tools for auralization have been implemented. Printouts of all the 

coding for these functions are given in the detailed reports Dammerud [62] – [63], 

[65] – [68] and [70] – [73]. 

 

The subjective investigation includes orchestra collaboration and questionnaires. 

4.1 Scale modelling 

By making scale models we are able to investigate real physical sound behaviour, but 

at lower cost compared to full scale investigations. The results from our scaled down 

acoustical environment can be scaled up to real world dimensions for comparison 

with real situations. The scaling process does not only involve physical dimensions, 

but also acoustical properties. In all our models a 1:25 scale has been used. This 

means that 1 m full scale is 40 mm in the scale model. 

 

With the space is scaled down, the corresponding wave lengths we would like to 

investigate is scaled down as well. When the wavelength goes down, the frequency 

goes up (since the speed of sound is constant if using the same medium, i.e. air). 
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Sound frequencies must be scaled up 25 times inside the model, to correspond with 

the real world. Sound absorbing properties of the material must be designed to give 

the intended absorption at the scaled frequency. 

 

One complication of scale modelling is air absorption. Above 2 kHz air starts to 

absorb sound significantly (in a concert hall). For investigating sound up to 2 kHz 

(full scale) we are investigating sound at 50 kHz in scale model of 1:25. This means 

that the air absorption will be higher in the scale model than in reality. This can be 

compensated for in the measured impulse response, but leads to a decreased signal-to-

noise ratio in the measured responses. This is implemented in the software for 

measuring impulse responses in our scale model (designed by Stephen Chiles [52]). 

 

Compared to computer modelling the advantage of scale modelling is that physical 

sound propagation is actually taking place inside the model. This means that wave 

phenomena like diffraction (for instance how sound waves propagates “around” 

corners or obstacles) are better modelled in scale model compared to computer 

modelling (which is based on ray tracing, see section 4.2). 

4.1.1 Scale model of a general concert hall 

For this project we have access to an average sized shoebox-shaped (rectangular) 

concert hall (in scale 1:25). See Figure 8 for a picture of this scale model seen from 

the stage. Other scale models have and will be built, but this model serve as an 

example on a scale model and the flexibility incorporated in this model makes it 

versatile for different type of investigations. 

 

The hall is 22 m (880 mm) wide and 45 m (1800 mm) long. The stage is 10 m (400 

mm) deep and the ceiling height is 17.2 m (686 mm) on stage. The hall has removable 

panels. Different panel types have been designed that have different scattering 

properties (see Figure 12). This model is from the previous EPSRC project, 2001 – 

2004, with Stephen Chiles. But some new elements have been introduced to the 

model, like risers on the stage. See Figure 9 for the scale model interior seen from the 

side. This illustration is based on the computer model of the scale model. For more 

details on this computer model, see Dammerud [83]. 
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Figure 8: Concert hall scale model seen from the stage. 

 

 

Figure 9: Concert hall scale model seen from the side 
(illustration based on the computer model of the scale model). 

On stage there exist eight removable panels: one panel on each side wall, three on the 

back wall and three on the ceiling. For the rest of the hall 19 removable panels are 

available. But 5 of these 19 panels are not available with a balcony attached (two 

panels on the side walls and three at the back wall disabled), resulting in 14 

removable panels with balcony attached. 

 

Figures 10 and 11 show the locations of removable panels on the stage and in the rest 

of the hall. 
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4.1.2 Panel types 

The degree of diffusion can be varied with the removable panels. These panels are 

either flat, with a low or high number of hemispheres or straight one-dimensional 

grooves. The four different panels available are illustrated in Figure 12. The 

hemispheres will contribute to 2-dimensional scattering of the sound hitting it, while 

the grooves will contribute to 1-dimensional scattering. Only panel types 1, 2 and 3 

have been used on the stage for investigations so far. 

 

Figure 10: Removable panels on stage in concert hall scale model. 

 

Figure 11: Removable panels in the main hall in concert hall scale model. 

4.1.3 Transducers in the scale model 

To measure from 250 to 2000 Hz the required bandwidth of the scale model sound 

source will be from 6,250 to50,000 Hz. The maximum frequency required is above 

the normal range of standard transducers (loudspeakers). To be able to investigate this 

frequency range, two different spark sources have been used. The spark is generated 
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by applying a high voltage over a small air gap (700 – 1000 V over an air gap of about 

0.5 mm). See Figure 13 for an image of one of the spark sources and the microphone 

on stage in the scale model. See appendix B and D for more details on the spark 

sources. 

 

Type 1 Type 2 Type 3 Type 4 

 

  

 

Flat panel Low density 
hemispheres 

High density 
hemispheres 

1-dimensional 
diffusion 

Figure 12: Panel types for the removable panels. 

 

 

Figure 13: Spark source, microphone and musicians on stage in the scale model. 

Six different source positions have been made on the stage floor, with four 

microphone positions at each source positions (24 all together) all at a source-receiver 

distance of 1 metre (for measurement of ST, EEL etc). See Figure 14 for the source 

and receiver positions and appendix A for more details. 

 

Spark source

Microphone

40 mm (1 m) 
40 mm (1 m)
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The microphone used is a 1/8 inch omni-directional condenser microphone (seen in 

front in Figure 13). A nose cone is installed on top of the microphone to retain omni 

directionality at high frequencies. 

4.1.4 Risers 

The risers designed for this test is shown in Figure 14. To ensure that the floor is 

continuous between the spark source and its microphone, the risers have “add-ons” 

and “cut-outs”. The cut-outs are illustrated in dark grey, while the add-ons are 

illustrated in light grey in the figure. 

 

Figure 14: Risers on stage in scale model (from computer model). 

Some key dimensions of the risers: 
 

The bottom riser has a height of 0.20 m (8 mm) and a depth of 1.6 m (64 mm). 

The mid riser has a height of 0.30 m and a depth of 1.6 m (64 mm). 

The top riser has a height of 0.45 m (18 mm) and a depth of 2.8 m (112 mm). The top riser is  

13 m (520 mm) wide at the back wall (the stage width is 22 m (880 mm). 

 

4.1.5 Musicians 

To model musicians in the scale model, a body of Plexiglas is partly covered with 

cloth, Figure 15. The dimensions of the musician are 0.45 m (18 mm) wide, 0.15 m  

(6 mm) head diameter and a total height of 1.2 m (48 mm). For more details on the 

scale model of the musicians and the scale model overall, see Chiles [52]. 

 

 

 

E

A

BC

D

F
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Figure 15: Musicians in the scale model. 

4.1.6 Scale model measurement equipment 

The following equipment has been used for all scale model investigations: 
 

Microphones: 2 Brüel & Kjær 4138 (1/8 inch) with nose cone 

Microphone pre-amplifiers: 2 Brüel & Kjær 2670 

Conditioning amplifier: Brüel & Kjær 2690 NEXUS with custom-made 2 kHz high-pass filter 

A/D converter and computer interface: National Instruments PCI-6111 

Data acquisition: MATLAB-routines written by Stephen Chiles 

Spark sources: 5 mJ, peak freq. = 50 kHz (2000 Hz), suitable for measuring .5 to 2 kHz 

           47 mJ, peak frequency = 43 kHz (1720 Hz), fitted for measuring 0.25 to 1 kHz 

High voltage generator: Custom made, triggered by the measurement system 

 

(For more details on the spark sources, see appendix B and D.) 

4.2 Computer modelling 

Computer modelling has been done in parallel with the scale modelling, to compare 

results between scale modelling and computer modelling. CATT-Acoustic is being 

used as modelling software. The main advantages of computer modelling compared to 

scale modelling are improved flexibility and reduced cost. 

 

To save computation time, computer modelling software of acoustical behaviour in 

rooms use simplified methods to represent sound wave propagation. Sound is 

represented as rays (like light) instead of waves. This introduces some errors and the 

significance of these errors depends on what one would like to model. When 

diffraction is an important part of the situation (a wave effect), the errors are likely to 

be significant. The improved flexibility and reduced cost is achieved for the price of 

somehow reduced validity of the modelling. 
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4.2.1 Modelling principals in CATT-Acoustic 

Computer modelling of acoustical spaces are based on representing sound waves as 

rays (like rays of light). Modelling physical waves in terms of for instance finite 

element analysis (FEM) is still too demanding on processing speed to be fast enough 

for concert halls. Most acoustic modelling software packages are normally based on a 

hybrid model: it uses an image source method (ISM) for lower order reflections and 

ray/cone tracing for higher order reflections. Both methods represent sound waves as 

rays. 

 

Figure 16: Image source method used in CATT-Acoustic (from Rindel [43]). Development of reflections 
in the room shows on left and the resulting impulse response at receiver R shown on right. 

The principle behind the image source method is illustrated in Figure 16. It is based 

on representing a reflection with a new source that replaces/represents the reflecting 

surface. It can be described as removing all the surfaces of a room, opening it up to a 

free open space, and adding new sources to represent the reflections that once were 

there. The positions of these new sources are found by mirroring the original source 

around the reflecting surfaces. This can be seen in Figure 16: the top wall reflection is 

represented with image source s1 and its position is found by mirroring source s 

around the top wall. This will be the first order image for that wall. 

 

If this reflection can be seen at the receiver point (a visibility check is done) this 

source will be “turned on” to represent this reflection and is added to the impulse 

response. If this reflection is not visible at the receiver position, the source is disabled 

when developing the impulse response. The reflection of this reflection that will take 

place involving another reflecting surface will be a second order reflection. The image 
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source for the reflection from both top and bottom wall is represented as denoted as 

s12. This is found by mirroring s1 in the bottom wall. 

 

The level and time arrival of the reflection is set according to the distance between the 

created image source and the receiver (using the inverse square law), the directivity of 

the source and the sound absorption coefficients of all the surfaces involved. The 

scattering coefficients of the surfaces can be included when calculating the level of 

the reflections. 

 

The process of mirroring around the reflecting surfaces is the same as using Snell’s 

law (from optics) to find the angle of the reflected ray. According to Snell’s law, the 

reflection angle is equal to the incidence angle. Such a reflection is called a specular 

reflection. This process is very demanding on computer processing if we would like to 

model high order reflections with this method. In most cases the surfaces in a real 

acoustic space will scatter the sound, which means the sound will not be reflected 

perfectly in the specular direction. It will in reality be reflected more or less randomly 

in other directions as well. For this reason the higher order reflections are not easily 

modelled with this method. As mentioned, scattering (or diffusion) can be included 

using ISM. This is done by adding several reflections around the specular reflection in 

the impulse response, but for higher order reflections this is not found to work well 

(see [84]) and is normally used for lower order reflections only. 

 

Instead of using the image source method to find the complete impulse response of 

the room (which is not appropriate for the reasons given above), ray or cone tracing 

normally takes over for the image source method at a given reflection order. Ray 

tracing is done by sending out rays in all directions from the source (and level set 

according to the source directivity) and following each ray as it travels around the 

room. When the ray hits a wall, Snell’s law is applied to find the new direction of the 

ray. See Figure 17 for an illustration of ray tracing in a concert hall, where 14 rays in 

arbitrary directions have been sent out. The total number of rays sets the angular and 

temporal resolution of the simulation. With cone tracing a cone is used instead of a 

infinitely thin ray. This is found to give a more natural density of late reflections in 

the room. 
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Figure 17: Ray tracing used in CATT-Acoustic (from Salter Associates [44]). 

In CATT-Acoustic, the image source method is used up to second order. For higher 

orders, cone tracing is being used (Randomized Tail-corrected Cone-tracing, RTC). 

Scattering effects (surface and edge diffusion) can be included for first order ISM. See 

[84] for more details on the prediction methods in CATT-Acoustic. 

 

As mentioned, with both methods the emitted sound level from the source is set 

according to the directivity of the source and the level at the receiver can take into 

account the directivity of the receiver (for instance the directivity of a listener’s head). 

As described in section 3 the source and receiver directivities describe how the sound 

level or the sensitivity changes at different angles. This can be illustrated as a balloon 

around the source/receiver where the obtained surface represents the directivity. 

 

 

Figure 18: Horizontal view of a directivity balloon from CATT-Acoustic (singer directivity at 4 kHz). 
(Rt, Lt indicate right and left) 
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When the surface is far from the centre, the source level/sensitivity is high at that 

particular angle and visa versa. Figure 18 is taken from CATT-Acoustic, showing the 

directivity of a singer seen from above. As can be seen from Figure 18, a singer is 

louder at the front than rear at 4 kHz and the radiation pattern (directivity) is 

symmetric around the front axis. 

 

To represent scattering (diffusion) in both ISM and ray/cone tracing, a proportion of 

the energy ratio can be set to be reflected in a random direction instead of continuing 

in the specular reflection direction. This ratio is set by the scattering coefficient (that 

has a value between 0 and 1). If the scattering coefficient is 0.7, it represents that only 

30 % of the energy of the ray continues in the specular direction. The rest (70 %) is 

scattered randomly according to Lambert’s law in CATT-Acoustic. Lambert’s law 

defines the statistical angular distribution of an ideal diffuse reflection, Figure 19. 

 

This distribution law is often referred to as Lambert’s cosine law, since the 

distribution is defined by a polar cosine function. Figure 19 shows an incidence angle 

υ0. The probability that sound will reflect in a certain direction is defined by the 

distance from the reflection point to the circle at the particular angle. This gives 

highest probability for the scattered sound to reflection perpendicular to the wall (if 

not following the specular path) and least (0) probability to reflect (perfectly) parallel 

with the wall. dS represents the wall element where the reflection takes place. 

 

 

Figure 19: Lambert’s cosine law for distribution of ideal diffuse reflection (from Kuttruff [57]). 

This means that only one distribution model of scattered sound exists in the computer 

simulation and the distribution of the scattered reflected sound is the same for all 

angles of incidence. A surface with vertical cylinders will in reality scatter in the 
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horizontal plane but not much in the vertical plane. In the computer model this 

direction-discriminated scattering is not represented. A consequence of this is seen in 

the scale model investigations done (see section 5). 

4.3 Impulse response measurements of real stages 

For knowledge about objective characteristics of the acoustics of concert hall stages, 

full scale measurement in existing concert halls will be carried out. The acoustical 

behaviour is evaluated by measuring the impulse response of the room. The acoustical 

impulse response of a room can be captured by an impulsive sound source (like a 

paper balloon or starting gun) but this normally results in poor signal-to-noise ratio in 

the measured response. By using modern methods with signal processing, the impulse 

response can be measured resulting in a much better signal-to-noise ratio. This is done 

by playing a known signal (like MLS or swept sine) through a loudspeaker to excite 

the room and the resulting sound is captured by a microphone. The captured signal is 

(post) processed to give the impulse response of the room. To give valid and reliable 

results, the room cannot change during the measurement process (the assumption of a 

linear system). The directivity (spatial radiation pattern) of the transducers is 

important. Normally the source is omni-directional and the microphone is omni-

directional or has a figure-of-eight directivity pattern (only sensitive to sound arriving 

from the sides). 

 

Measurements on stages will be done according to the specification for measuring ST 

parameters and measurements between positions within the orchestra. The audience 

area will also be measured to see how the stage design affects the sound for the 

audience. By analysing the measured impulse response, all existing acoustical 

parameters can be derived and experimentation with other ways to extract information 

from the impulse response can be done. These analyses will be carried out using the 

measurement software (WinMLS) or by designing functions in MATLAB. 

Suggestions and discussion of alternative ways to measure/evaluate the stage 

objectively have been carried out (see section 4.3.5). 
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4.3.1 Measurement equipment 

We have the following equipment for doing measurements in concert halls. The 

equipment needs to be calibrated for proper measurement of the G parameter 

(Strength). 
 

Loudspeaker: Dodecahedron made at University of Bath, 12 4” elements,  

Overall diameter ≈ 0.33 m 

Amplifier: HH electronics S500-D 

Microphones: BSWA ½ inch omni-directional free-field microphone and AKG C414 EB 

PC interface: Duran Audio, D-Audio 

PC: IBM Thinkpad T43 laptop 

Software: WinMLS 2004 

Loudspeaker stands: Two standard loudspeaker stands modified for our loudspeaker. 

One of 1 m fixed height and one with variable height from 1.2 to 2 metres 

 

4.3.2 Dodecahedron directivity 

Our dodecahedron loudspeaker, shown on the right in Figure 20, consists of 12 

elements of 100 mm diameter and has an overall diameter of about 0.33 m. Due to the 

physical size of the 12 elements, the elements are not at the perfect centre of the 

speaker, but are distributed around the centre of the speaker. A receiver will see more 

than one radiating element and the different elements will not have the same distance 

to the receiver. This results in phase differences, which lead to constructive and 

destructive inference of sound from the different elements. This will be most 

significant at higher frequencies where a small movement of receiver position will 

lead to significant phase differences. As the receiver is moved, the sound field will 

change. For this reason the dodecahedron will not be perfectly omni-directional. 

 
 

 

Figure 20: Frequency response (integrated octave band values) of dodecahedron  
at 1 metre, measured with different rotation angles. 

0.33 m 

500 Hz 250 Hz 1 kHz 2 kHz 

0 dB 

-2 dB 

-4 dB 

-6 dB 

4 kHz 
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To investigate this, a microphone was set 1 metre from the source centre and a series 

of measurements were done with the dodecahedron rotated slightly between each 

measurement. If it was perfectly omni-directional at all frequencies, the same sound 

spectrum would be measured for all source orientations. Both transducers were set 1.5 

metre above the floor to give a sufficient time window for the direct sound. The left 

part of Figure 20 shows octave band values of the emitted sound from our 

dodecahedron when rotated around its axis. 

 

From Figure 20 it can be seen that our dodecahedron is reasonable omni-directional 

up to 1 kHz. The spectrum shown is integrated octave band values. The results show a 

2 dB variation in the 2 kHz octave band. A 2 dB change in one octave band can 

typically cause a 1 dB change of the four octave band average value (0.25 – 2 kHz). If 

the microphone distance to the loudspeaker varies 50 mm, this will cause a 0.5 dB 

change in measured direct sound level (including the floor reflection) as well. If the 

250 Hz octave band is omitted (only averaging from 0.5 – 2 kHz, EEL) or if we don’t 

average between several positions/measurements, the influence of source directivity 

and transducer positions on accuracy will increase. 

4.3.3 Calibration of the equipment 

To measure the Strength parameter (G) one needs to know the level of the sound 

source at 10 metres distance in free-field conditions (direct sound only). This has to be 

measured in a large space with all reflecting surfaces on a sufficient distance or in an 

anechoic chamber. The settings (gain) for the output (loudspeaker) and the input 

(microphone) chain must be registered when measuring this level and kept unchanged 

(or changes compensated for) when doing hall measurements. See appendix C for 

more details on this process. 

4.3.4 Measurement positions on stage 

The intention with the measurements on stage is to measure at positions that are 

relevant for mutual hearing within the orchestra and hearing oneself. A position for 

every instrument group could be chosen, but will result in too many measurements to 

be done. Access to halls is normally limited in terms of time so to get a manageable 

set of measurement positions, a set of the most important positions has to be chosen. 
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4.3.4.1 Gade’s measurement positions 

Gade used six measurements position when measuring on stages [17], three source 

positions (denoted as S) and three receiver position (denoted as P). See Figure 21. 

 

 

Figure 21: Gade’s measurement positions on stage (from Gade [17]). 

The source positions (S) were chosen at important soloist positions to measure 

Support (ST) there. These were S1 and S3 for normal soloist position at front of 

podium and woodwind soloist position, Gade [78]. Since Gade initially used flute, 

violin and cello in his subjective investigations [16], these instrument positions were 

included as well. The P positions were for measuring EEL, C (clarity), TS (centre 

time), EDT (early decay time) and RT (reverberation time), and they include the same 

instruments but also where the solo oboist normally is seated. See Table 3 below for 

his description of the measurements positions he used. 

 
Position Description 

S1 Typical soloist position 
S2 Middle of right string between violas and celli 
S3 Far left in second row of woodwinds 
P1 Normally position of solo oboist 
P2 Middle of left side strings below primo and second violins 
P3 Far right in second row of woodwinds 

Table 3: Gade’s measurement positions on stage. 

4.3.4.2 Measurement positions for our measurements 

The use of several source positions serves to both give an average of the stage 

conditions and enables us to see how the conditions vary between instrument groups. 

The measurements will be carried out without musicians on stage, since it is difficult 

to arrange measurement sessions with orchestras (their rehearsal time is too limited). 

The sound field on stage will change significantly when the orchestra enters the stage, 

so these measurements will have a limitation in their relevance related the situation 

for the orchestra while playing (which is what we are interested in the first place). So 

the differences in sound field we will see between different stage positions cannot be 
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directly related to what the musicians hear. So the selection of source positions is 

motivated by getting an overall average of the stage condition and to give some 

representation of differences between instrument groups. It is also interesting to see 

how the conditions for ensemble change with different source-receiver distances and 

between source-receiver distances of the same length but across different positions on 

stage. Figure 22 shows the stage positions S1 – S5 used for stage measurements in the 

project so far. The internal distance between the stage positions are intended to be 

fixed to enable comparisons of results from different stages with the source-receiver 

distance held constant. But some modifications to the positions at each stage 

measured are expected to compensate for the actual stage area and to avoid being too 

close to reflecting walls. 

 

 

Figure 22: Existing measurement positions in scale model hall, 
(red is source and blue is microphone positions). 

The 4 metre radius circles indicate the limiting distance for any reflection to be part of 

the defined time interval for early/total sound for the ST parameters (arrival after 20 

ms). At each source position ST is measured and EEL (and alternative parameters) is 

measured between each source position and all the other source positions (from S1 to 

S2, S1 to S3, S1 to S4 and S1 to S5 for S1). ST is measured with the microphone 

positions: to the sides, back and front (if possible) with the source rotated to always 

face the microphone from the same angle (to give a constant direct sound response at 

the microphone position). This results in eight measurements per source position, in 

total 40 measurements to be carried out. To investigate the influence of source 

orientation, the source should be rotated between several measurements at one of the 

microphone positions for measuring ST. 
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ST, EEL and C801m require the microphone to be 1 metre from the source. Both 

transducers also need to be at 1 metre height. As mentioned the measurements will be 

carried out on an unoccupied stage but preferable with chair and music stands present 

on stage. 

4.3.5 Alternative objective measures 

As described in section 3.5, only STearly (not EEL) has proven to correlate well with 

subjective measures of “support” and “ensemble”. Gade [17] suggested that this could 

be caused by averaging measurements done between different orchestra groups 

without knowing which paths were critical for stage communication. The other cause 

mentioned in section 3.5 could be the problems involved with measuring the direct 

sound without musicians present and using an omni-directional source (not any real 

musical instrument). That the time reference (t = 0) is set to the time of sound 

emission for EEL can be another possible cause. 

 

The direct sound within the orchestra is difficult to simulate without the orchestra 

present and is also independent of the orchestra shell (we would like evaluate). The 

direct sound is affected by the orchestra arrangement, risers and the floor. 

 

An alternative way to evaluate how the stage enclosure affects the balance between 

one-self and others could be to measure the stage with a fixed microphone position 

and two different source positions. The early sound received with the source 

representing one-self is compared with the early sound received from others. See 

Figure 23 for an illustration of the measurement setup. The direct sound from the 

source is not included and the source is moved, not the microphone. 

 

The early ensemble balance (EEB) or enclosure early balance (EEB) can be defined as 

follows: 

 

⎟
⎟
⎠

⎞
⎜
⎜
⎝

⎛
⋅=

othersearly,

selfearly,

E
E

log1010EEB    dB    (3) 

 

This assumes a constant acoustic level for the source between the two separate 

measurements. For the moment, the optimum start time for integration of the early 
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sound level is left undecided. The measurement setup will be compatible with ST 

measurement with all transducers at a height of 1 m above the stage floor. 

 

 

Figure 23: Measurement setup for measuring self-to-other balance. 

With the time limit chosen so that the direct sound is excluded, this measure must be 

treated as an evaluation of the stage enclosure only. This is not to say that the direct 

sound is irrelevant – it must rather be seen as a method for evaluating ensemble 

conditions with a practically manageable configuration without the orchestra present. 

 

The summing of energy can be done within one time interval (as ST) or broken up to 

several time intervals, energy elements, with different weighting and sign (some 

elements given negative influence on the ability to hear one-self or the others). By 

referring to the finding referred to in section 3.4 one could sum the energy within 5 – 

35 ms and give the later arriving reflections, for instance within the time interval 35 – 

65 ms, a certain weighting relative to the 5 – 35 ms arrivals. One could also subtract 

the later arriving sound to represent the detrimental effect such reflections can have. 

See appendix E for CATT modelling used to test the proposed setup in a simplified 

situation. 

 

Findings by Gade [6] indicate that the strings are in most need of support and the 

brass/percussion has the largest potential of getting too loud for the strings. This or 

any other possible “most critical paths” within the orchestra could be used instead of 

averaging between many paths. In the particular path mentioned above, the strings 

hear the trumpets where the direct sound of the trumpets is a significant part of the 

trumpet sound. The other way around could be an interesting path with regard to the 

quality of the stage enclosure: how well can the trumpets hear the strings? 

 

1 m 

Others 

Distance between 
instrument groups  
(Most critical path) 

1 m 

Self Mic 

1 m 
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By simply summing energy, neither the density nor the direction of early reflections is 

measured, but what appears to be of most concern for the musicians in terms of the 

stage enclosure could hopefully be measured. 

4.4 Architectural data of existing stages 

Evaluation of stages will involve gathering of data on physical dimensions of the 

stage, materials used and shape of the stage enclosure. It will include architectural 

measures as the width of stage, height, area which can be registered by observing the 

stage or by looking at architectural drawings of the stage. 

 

This will we done for the stages we manage to visit, but some objective features of 

stages can be gathered through literature, as demonstrated in section 3.4.2. 

4.5 Auralization of measured impulse responses 

The measured impulse response from the scale model can be convolved with anechoic 

music (or other sound signal) to allow us listen to how it will actually sound with the 

response measured. The process of convolving can be seen as taking sound without 

any room response and then adding a certain room response to the sound. Some 

anechoic music is available (music recorded in an anechoic chamber). 

 

The advantage of this is that we can listen to the sound instead of evaluating the 

calculated acoustical parameters (which is calculated from the impulse response). This 

immediately has some limitations, especially with our scale model. We are only able 

to measure in mono (1 channel) and it is difficult to get good enough frequency range 

and dynamic range in the impulse response for the generated sound to sound natural. 

 

See appendix D for details on inverse filtering of impulse responses measured in the 

scale model. 

4.6 Orchestra collaboration 

Orchestral players today often live a busy, stressful life under pressure from the 

conductor, audience expectations and hard competition among the musicians for a full 

time job in an orchestra. Their program throughout the season is also normally very 
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tight with regard to working hours and days. This affects our possibilities to 

investigate their situation. 

 

Other barriers for the exchange of experiences with regard to the acoustics are the 

different language used by acousticians and musicians to describe the acoustics and 

the fact that musicians may not often relate consciously to the acoustics (only relating 

subconsciously based on many years of experience). They have trained themselves in 

different acoustical environments throughout their career and their relation to it has 

not been the centre of their attention (which is making music). As a musician, your 

knowledge about theoretical acoustics is limited (normally for good reasons), and the 

acoustics of the platform is something which has always been there. One can as a 

musician easily notice the differences between stages acoustically, but it is difficult to 

get a good understanding of the relation between cause and effect. The acoustics is 

always an element among all the others, like repertoire, conductor, the orchestra as a 

group and the complexity of their playing situation makes it difficult to develop clear 

relations. 

 

Both listeners and musicians seem to adapt easily to their environment as long as the 

conditions are not too extreme. So after having played on a rather poor (but not 

hopeless) platform for a long time, the musicians have maybe got used to the poor 

acoustical conditions to a certain degree and can’t really comment on it as “neutral” 

observers. 

 

Bournemouth Symphony Orchestra (BSO) is willing to participate in our project. 

After a meeting with the BSO representative in January 2006 it became clear that it 

will be difficult to get extra time with the orchestra to do experiments or to get their 

comments on a performance directly after it has finished. 

 

Having only one orchestra could be treated as a limitation. But having one orchestra 

playing on different stages has the advantage that the different stages are judged by 

the same people. If different stages are judged by different orchestras (with no 

overlap) the different preferences and experiences between the orchestras introduce 

more uncertainties since the orchestras adapt to their environment. 
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Preferably more touring orchestras could be contacted, but to link subjective and 

objective measures we will need to both get the orchestras opinions and objective 

measures from all the halls (that has its limitations due to time and budget). 

4.6.1 Questionnaire 

The Bournemouth Symphony Orchestra are happy to fill in a questionnaire designed 

by us and to let us have a dialog with some of its members. The questionnaire is being 

pilot tested by the orchestra representative. 

 

The advantage with Bournemouth Symphony Orchestra is that they are travelling 

around to several concert halls regularly. This hopefully allows the musicians to 

experience the acoustical difference between the spaces and make a statement on 

where they prefer to play. Other general questions like which instrument(s) the 

normally listen for within the orchestra, they thoughts about risers, stage size and 

shape can provide us with critical information. The use of acoustical terms (jargon) 

has been limited as much as possible to avoid confusion and misconception. For 

current version of the questionnaire, see appendix F.



40 

5 Scale and computer model investigations 

Three different issues have been tested with scale modelling: the reflection from a 

cornice (both frequency response and octave band sound levels), the reflection from a 

finite width panel (directivity and level) and how the sound field and acoustical 

parameters (ST and RT) change according to different stage configurations. Where 

relevant, a computer model of the scale model configuration has been developed to 

compare results from the two modelling techniques. For more detailed information 

about these investigations, see previous internal reports Dammerud [65] – [68] and 

Barron and Dammerud [69]. A joint report for all these experiments has also been 

written, see Dammerud [83]. 

5.1 Cornice reflection 

A cornice reflection can take place underneath a balcony (soffit) or at any other 

surface that is attached to a large wall. The frequency bandwidth of such a reflection 

is regulated by the width of the attached surface. The width introduces a lower 

limiting frequency for a specular reflection (see section 4.2.1 on specular reflection). 

The hypothesis to be tested was that the apparent width of such a reflecting surface is 

doubled when being attached to a large surface (wall) and that this leads to the 

bandwidth of the reflection to extend two octaves down in frequency. Measurements 

using scale modelling have proved the hypothesis to be valid. Figure 24 illustrates 

how the apparent width of the reflecting surface can be seen to double when being 

attached to a large surface (the width increases to 2D). 

 

 

Figure 24: Apparent width of panel with wall absent and present. 

This means that attaching a reflecting panel to the wall, the bandwidth of a useful 

reflection can improve significantly. The optimum height of such a soffit with a width 

of 2 metres is found to be around 8 metre for an average sized stage (looking on 

average sound level from 0.25 to 2 kHz). By increasing the width to 3 metres, the 
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optimum height was found to be 6 metres. If only the sound at 1 to 2 kHz is 

important, the optimum heights are reduced from 8 and 6 to 5 and 4 metres for the 

same soffit configuration. This is relevant information for looking at reflecting 

surfaces on stage that can contribute to support and ensemble on stage. 

5.2 Directivity of panel reflection 

The study referred to above only investigated the level of the reflection in one 

direction: back to the source position. For looking into more details on how such 

reflecting surfaces can contribute, the directivity (or coverage) of such a reflection is 

important. An important reference for the coverage is the specular coverage angle, 

which represent a reflection according to ray tracing (optics). Measurements of the 

reflection from a freely mounted panel (of width 1 and 2 metres) show that the 

coverage of the reflection is well beyond the specular coverage angle at frequencies 

below the limiting frequency of the panel (as mentioned above). Also above the 

limiting frequency the reflection level does not drop down abruptly outside the 

specular coverage angle. The reflection from such a panel in a computer model shows 

results similar to a specular reflection but, outside specular angles the reflection level 

is lower even with scattering components added. Scale modelling has an advantage in 

including diffraction components of the reflection. Figure 25 show the directivity of a 

panel reflection by modelling in both scale and computer model. The dashed line 

indicates the specular reflection angle and the curves’ distance from the origin 

represents the reflection level (in dB). 

 

 

Figure 25: Directivity of panel reflection. Left part shows scale model result, while right part shows 
computer model results on right. (Grey dotted curve indicate specular reflection angle). 
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5.3 The effect of stage configuration on the sound field on stage 

The last investigation involved our scale model of a general rectangular concert hall to 

see how the sound field and acoustical parameters varied for different stage 

configurations. Table 4 lists the stage configurations used. 

 
Configuration Description 

1 No orchestra 
2 Orchestra on flat floor 
3 

Flat walls 
Orchestra on risers 

4 No orchestra 
5 Orchestra on flat floor 
6 

Scattering 
walls 

Orchestra on risers 

Table 4: Stage configurations used for model investigation. 

A computer model of the same hall and the stage configurations was made. Figure 26 

shows the stage in both the scale model and the computer model with configuration 6. 

All measured impulse responses are at the position shown in the figure. 

 

 

 

 

Figure 26: Stage modelled in scale model and computer model. 

The orchestra is computer modelled with the use of semi-transparent objects to imitate 

how the direct sound diffracts around the musicians. The transparency is varied with 

frequency with highest transparency at lower frequencies. 

 

The results from the scale model show that the orchestra attenuates the level of early 

reflections (particularly at higher frequencies from side wall and back wall 

reflections) and that diffusing side walls could help restore these reflections to some 

degree. Scattering walls are seen to lower the build-up of late sound on stage, by 

directing more of the stage sound out to the main hall. Presence of risers doesn’t show 

any significant changes in early sound but the late sound as affected. 
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Comparison of scale and computer model results shows promising agreements. The 

agreement is best for the early sound (STearly) and with an empty stage the agreements 

of STearly and STlate are very good (with flat walls only for STlate). The late sound on 

stage (represented by STlate and RT) will be controlled by both the stage and the hall, 

and matching acoustical properties of the audience/main hall is needed to get the same 

results in both models. The audience is the main absorbing element in the hall, and 

apparently the absorption and scattering appears to be underestimated in the computer 

model. Also the acoustical properties of the removable panels need to be further 

investigated. 

 

Figures 27 and 28 show the results for STearly and STlate from both scale model and 

computer model. The different stage configurations are labelled from 1 to 6 (as 

presented in Table 4). 

 
Figure 27: Results for STearly in scale model  

and computer model for the six different stage configurations. 

 
Figure 28: Results for STlate in scale model  

and computer model for the six different stage configurations. 

From Figure 27 it can be seen that the modelling of the orchestra (and risers) 

represents the largest differences in early sound between the two models.
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6 Further work 

So far in the project we have investigated physical behaviour of the sound (in scale 

models and computer models) and prepared for the collection of data of subjective 

and objective measure of stages in concert halls. The next step will involve data 

collection, both objective and subjective, and continuation of some of the work 

already started. 

6.1 Objective investigations 

Existing parameters for objective measures of stage acoustics are ST and EEL. ST 

evaluates the amount of early reflections while EEL evaluates the transmission of 

direct sound across the stage and amount of early reflections. Research on stage 

acoustics by others does not show agreement on the time limits of useful and 

detrimental early reflections. There are also questions related to influence of the 

direction, density and distribution of the early reflections and the preference for late 

sound or reverberant sounds among musicians. 

 

Both ST and EEL are evaluated using an omni-directional loudspeaker and 

microphone. It is difficult and expensive to involve an orchestra for evaluating the 

stage acoustics objectively, so these measurements are done on a stage without the 

musicians present, but preferably with chairs and music stands on stage to avoid a 

completely empty stage. The reflections on stage will change significantly with an 

orchestra present; omni-directional loudspeaker is not a good representation of the 

musical instruments. These factors limit the validity of existing objective methods and 

alternative methods need to be investigated. 

 

With the use of scale modelling we are able to measure the sound field on stage with 

model musicians present. But the directivity of the transducers is (close to) omni-

directional as with the full scale measurement equipment. Diffraction components of 

reflections are well represented in scale models and with a good architectural 

representation of the real stage/hall, the directivity of the transducers is the main 

limitation compared to the real physical situation on stage. 

 

By computer modelling stages the effect of the orchestra can be included, but how this 

should be done requires further investigation. This can be investigated by measuring 
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how the direct sound transmits through a group of seated people. Preferably this 

should be done with an orchestra (or other volunteers) on stage in a real concert hall 

(which will allow us to also look at how risers affect the direct sound transmission). 

By measuring on real concert hall stages, the change of the sound field in general can 

also be investigated. This will give an indication of how the orchestra contributes with 

acoustical absorption and scattering. Such measurements will also be useful for the 

modelling of musicians in scale models. The directivity of instruments and the 

musicians’ ears can be represented in a computer model. The main limitation with 

computer modelling is a poorer representation of diffraction effects. 

 

No methods have been suggested for evaluating stage acoustics by evaluating the 

produced sound of the orchestra (by monophonic/multi track live recordings). This 

can be explained by the fact that it is difficult to extract relevant and consistent 

information about the stage from live recordings. This leaves us investigating stage 

acoustics on real stages without the musicians present and by the use scale and 

computer modelling. As mentioned, all methods have their limitations, and all 

methods are needed to give a complete as possible impression of the objective 

conditions on stage. For measurements on real stages, both existing methods (ST and 

EEL) and the proposed method will be investigated. 

 

A crucial relation to investigate is how objective measures correlate with subjective 

data. The statistical significance of these findings will rely on the subjective data set 

we manage to get. In addition, model investigations and measurements from real 

stages can show how different architectural elements contribute to the reflected sound 

field on stage. 

6.2 Subjective investigations 

The subjective judgment of the orchestra will be investigated by collaborating and 

handing out questionnaires to the members of the orchestra. These data can be 

compared with results from impulse measurement and architectural data from real 

stages and computer and scale modelling results. By using computer models and scale 

models of some of the stages the orchestra play in, the acoustical conditions can be 

further investigated and hopefully linked to things mentioned by the musicians. 
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For comparison of subjective judgment and architectural data, questionnaires can be 

handed out to orchestras playing on stages we are not able to visit as well. 

6.3 Stage acoustics for the singers/choir(s) 

So far we have had no dialog with singers/choir(s). We have kindly been given an 

offer to get access to results from opera singers/choir investigations planned in 

Norway. This could be a good opportunity to include this group in our study. 



47 

7 References 

[1] M. Barron (1978) “The Gulbenkian Great Hall, Lisbon, II: an acoustic study of a 

concert hall with variable stage,” J. Sound Vib. 59, 481-502. 

[2] A.H. Marshall, D. Gottlob and H. Alrutz (1978) “Acoustical conditions preferred for 

ensemble,” J. Acoust. Soc. Am. 64, 1437-1442. 

[3] R.S. Shankland (1979) “Acoustical designing for performers” J. Acoust. Soc. Am. 65, 

140-144. 

[4] J. Meyer and E.C. Biassoni de Serra (1980) “Zum Verdeckungseffect bei 

Instrumentalmusikern” Acustica 46, 130-140. 

[5] A. Krokstad, J. Vindspoll and R. Sæther (1980) “Orkesterpodium, samspill og solo” 

(Orchestra platform, ensemble and solo). Note on unpublished results of student works 

(in Norwegian), The Laboratory of Acoustics, The Technical University of Trondheim. 

[6] A.C. Gade (1981) “Musicians ideas about room acoustic qualities” Technical 

University of Denmark Report No. 31. 

[7] J.B. Lee (1982) “Note on the interaction of bass viols and stage enclosures” J. Acoust. 

Soc. Am. 71, 1610-1611. 

[8] E.L. Harkness (1984) “Performer tuning of stage acoustics” Applied Acoustics 17, 85-

97. 

[9] A.H. Marshall and J. Meyer (1985) “The directivity and auditory impressions of 

singers” Acustica 58, 130-140. 

[10] A.H.Benade (1984) “Wind instruments in the concert hall”, 

http://ccrma.stanford.edu/marl/Benade/, Visited March 2006 

[11] A.H. Benade (1985) “Orchestra pit design considerations”, ASA meeting Austin , 

Texas. 

[12] I. Nakayama (1986), “Preferred delay conditions of early reflections for performers”, 

12th  ICA, Proc. Vancouver Symposium, 27-32. 

[13] J. Meyer (1986), “Preferred Problems of mutual hearing of musicians”, 12th  ICA, 

Proc. Vancouver Symposium, 33-38. 

[14] J. Miller (1987) “A subjective assessment of acoustic conditions for performers”, 

Institute of Environmental Engineering, Polytechnic of the South Bank, London. 

[15] G.M. Naylor (1988) “Modulation transfer and ensemble music performance” Acustica 

65, 127-137. 

[16] A. C. Gade (1989) “Investigations of musicians’ room acoustic conditions in concert 

halls. Part I: Method and laboratory experiments”, Acustica 65, 193-203. 

[17] A. C. Gade (1989) “Investigations of musicians’ room acoustic conditions in concert 

halls. Part II: Field experiments and synthesis of results”, Acustica 69, 249-262. 



48 

[18] A. C. Gade (1989) “Acoustical survey of eleven European concert halls – a basis for 

discussion of halls in Denmark”, [Report No. 44], The Ac. Lab., Tech. Univ. of 

Denmark 

[19] J.H. Rindel (1991) “Design of new ceiling reflectors for improved ensemble in a 

concert hall”, Applied Acoustics 34, 7-17. 

[20] A. C. Gade (1992) “Practical aspects of room acoustic measurements on orchestra 

platforms”, 14th ICA Beijing. 

[21] P. D’Antonio (1992) “Performance acoustics: the importance of diffusing surfaces and 

the variable acoustics modular performance shell”, Proc. 91st Audio Eng. Soc. 

Convention, New York, preprint 3118 (B-2). 

[22] J. Meyer (1993) “The sound of the orchestra”, J. Audio Eng. Soc. 41, 203-213. 

[23] A.H. Marshall (1993) “An objective measure of balance between choir and orchestra” 

Applied Acoustics 38, 51-58. 

[24] C. Jaffe (1994) “The orchestra platform – the last frontier to listen where few men or 

women have listened before”, Sabine Symposium 1994, 287-290 

[25] A. Burd and L. Haslam (1994) “The relationship of choir and orchestra in concert 

halls” Proc. of the I.o.A. 16, Pt. 2, 479-485. 

[26] B.-I. Dalenbäck, M. Kleiner and P. Svensson (1994), „A macroscopic view of diffuse 

reflection“. J. Audio Eng. Soc., 42, 793-807 

[27] J. Meyer (1995) “Influence of communication on stage on the musical quality,” 15th 

ICA Trondheim, 573-576. 

[28] J. O’Keefe (1995) “A preliminary study of reflected sound on stages,” 15th ICA 

Trondheim, 601-604. 

[29] S. Kan, K. Takaku, S. Nakamura (1995) “A report on the relationship between 

orchestra shell design and musicians’ acoustical impression,” 15th ICA Trondheim, 

525-528. 

[30] J.S. Bradley (1996) “Some effects of orchestra shells,” J. Acoust. Soc. America 100, 

889-898. 

[31] T. Halmrast (2000) “Orchestral timbre: comb-filter coloration from reflections” J. 

Sound Vib. 232, 53-69. 

[32] D. Noson, S. Sato, H. Hakai and Y. Ando (2000) “Singer Responses to Sound Fields 

with a Simulated Reflection”, J. Sound Vib. 232, 39-51. 

[33] J. Sanders (2003) “Suitability of New Zealand halls for chamber music” 

www.marshallday.com 

[34] W. Chiang, S. Chen and C. Huang (2003) “Subjective assessment of stage acoustics for 

solo and chamber music performances” Acta Acustica 89, 848-856. 

[35] W. Chiang, Y-k. Shu (2003) “Acoustical design of stages with large plane surfaces in 

rectangular recital halls” Applied Acoustics 64, 863-884. 



49 

[36] K. Ueno, H. Tachibana and T. Kanamori (2004) “Experimental study on stage 

acoustics for ensemble performance in orchestra” 18th ICA 2004 Kyoto, paper 

We2.B2.4. 

[37] K. Ueno and H. Tachibana (2004) “Cognitive modeling of musicians’ perception in 

concert halls” International Symposium on Room Acoustics: Design and Science 2004, 

Hyogo, Japan. 

[38] E. Kahle and B. Katz (2004) "Design of a new stage shell for the Stadthaus in 

Winterthur, Switzerland." 147th Meeting of the Acoustical Society of America, May 

2004, New York 

[39] J.Y.Jeon and M. Barron (2005) “Evaluation of stage acoustics in Seoul Arts Center 

Concert Hall by measuring stage support” J. Acoust. Soc. America 117, 232-239. 

[40] J.H. Rindel (1986) “Attenuation of sound reflections due to diffraction” Proceedings of 

the Nordic Acoustical Meeting, Aalborg, Denmark, August 1986. 

[41] L. Cremer (1953) Schalltechnik 13, No. 5, 1-10. 

[42] J. Meyer (1987), “Gedanken zur Sitzordnung der Streicher im Orchester”, Das 

Orchester. 

[43] J. H. Rindel (1995), “Computer Simulation Techniques for Acoustical Design of 

Rooms”, Acoustics Australia, Vol. 23, No. 3, p. 81-86. 

[44] C. M. Salter Assosiates Inc (1998), “ACOUSTICS Architecture Engineering The 

Environmen”, William Stout Publisher, San Francisco. 

[45] D. Griesinger (1992), “Uncoloured Acoustic Enhancement”, Proc. I.o.A, Vol. 14, Part 

2, p. 184-185 

[46] D. Griesinger (2006), “Pitch Coherence as a Measure of Apparent Distance and Sound 

Quality in Performance Spaces”, Sixth International Conference on Auditorium 

Acoustics, Proc. I.o.A, Vol. 28, Pt. 2, p. 276-285 

[47] T.J. Cox and P. D’Antonio (2004) Acoustic absorbers and diffusers: theory, design and 

application. Spon Press, London and New York. 

[48] S. Ternström, J. Sundberg (1986), “Acoustics for Singing”, Acoustics for Choir and 

Orchestra, Royal Swedish Academy of Music, No. 52. 

[49] A. Askenfelt (1986), “Stage Floor Risers - Supporting Resonant Bodies or Sound 

Traps?”, Acoustics for Choir and Orchestra, Royal Swedish Academy of Music, No. 

52. 

[50] J. Meyer (1985), “The musician's subjective impression of sound on the concert 

platform”, J.Catgut.Acoust.Soc., Vol. 43. 

[51] D. B. Fry (1979), “The Singer and the Auditorium”, J.Sound.Vib,Vol. 69, Issue 1, p. 

139-142 

[52] Chiles, S. (2004) “Sound behaviour in Proportionate Spaces and Auditoria”, PhD 

thesis, University of Bath 



50 

[53] Barron, M. (1993), “Auditorium Acoustics and Architectural Design, E&FN Spon” 

[54] L. Beranek (1952), “Acoustics”, Acoustical Society of America 

[55] L. Beranek (2004), Concert Halls and Opera Houses – Music, Acoustics, and 

Architecture”, Second edition, Springer-Verlag New York Inc. 

[56] J. Borwick (2001), “Loudspeaker and Headphone Handbook”, Third edition, Focal 

Press 

[57] H. Kuttruff (1991), “Room Acoustics”, Fourth edition, Elsevier Science Publishers Ltd 

[58] D. Hall (2002), “Musical Acoustics”, Third edition, Wadsworth group 

[59] http:// www3.sympatico.ca, Visited 25 March 2006. 

[60] http://www.mti.dmu.ac.uk/~ahugill/manual/seating.html, Visited 16 July 2006. 

[61] F. Orestad (2005), Second violinist in the Norwegian Broadcasting Orchestra, Personal 

dialog May 2005. 

[62] J.J. Dammerud (2005), “051021 Measurements of spark source's linearity”, Internal 

report, University of Bath. 

[63] J.J. Dammerud (2005), “051025 Calculation of STearly based on scale model impulse 

responses”, Internal report, University of Bath. 

[64] J.J. Dammerud (2005), “051108 Stage properties from drawings”, Unpublished internal 

report, University of Bath. 

[65] J.J. Dammerud (2005), “051216 Frequency response of soffit reflection, Unpublished 

internal report, University of Bath. 

[66] J.J. Dammerud (2006), “060125 Level of soffit reflection”, Internal report, University 

of Bath. 

[67] J.J. Dammerud (2006), “060125 Reflection from a finite width flat panel”, Unpublished 

internal report, University of Bath. 

[68] J.J. Dammerud (2006), “060207 Stage configuration's effect on the sound field on 

stage”, Unpublished internal report, University of Bath. 

[69] M. Barron, J.J. Dammerud (2006), “Stage Acoustics – Early Investigations”, Sixth 

International Conference on Auditorium Acoustics, Proc. I.o.A, Vol. 28, Pt. 2 

[70] J.J. Dammerud (2006), “060630 CATT experiments with new measurement setup”, 

Unpublished internal report, University of Bath. 

[71] J.J. Dammerud (2006), “060703 Comparison of scale and computer hall model”, 

Unpublished internal report, University of Bath. 

[72] J.J. Dammerud (2006), “060724 Auralization and inverse filtering”, Unpublished 

internal report, University of Bath. 

[73] J.J. Dammerud (2006), “060726 Comparison of spark source energy”, Unpublished 

internal report, University of Bath. 

[74] J.J. Dammerud (2006), “060727 Calibration for measurements of G”, Unpublished 

internal report, University of Bath. 



51 

[75] C. Gale (2006), Representative of Bournemouth Symphony Orchestra, Personal dialog 

January 2006. 

[76] S. Ternström, D. Carbrera, P. Davis (2005) “Self-to-other ratios measured in an opera 

chorus in performance”, J.Acoust.Soc.Am, Vol. 118, Issue 6, p. 3903-3911 

[77] http://www.sfskids.org/templates/instorch.asp?pageid=3, visited 21 August 2006 

[78] A. C. Gade (1982), “Subjective Room Acoustic Experiments With Musicians”, Report 

No. 32, DTU Denmark 

[79] J. Borwick (2001), “Loudspeaker and Headphone Handbook”, Third edition, Focal 

Press 

[80] J. Meyer (2004), “Akustik und musikalische Aufführungspraxis”, Fifth edition, 

PPVMEDIEN, Edition Bochinsky 

[81] D. Griesinger (2006), Personal correspondence on email August 2006 

[82] K. Ueno, H. Tachibana, “Experimental study on the evaluation of stage acoustics by 

musicians using a 6-channel sound simulation system”, Acoust. Sci. & Tech. 24, 3 

(2003), p. 130-138. 

[83] J.J. Dammerud (2006), “060925 Model investigations”, Unpublished internal report, 

University of Bath. 

[84] CATT-Acoustic (2002), “CATT-Acoustic v8.0 – User’s Manual”, http://www.catt.se 

[85] D. O’Keefe (1995), ”Acoustical Measurements On Concert And Proscenium Arch 

Stages”, Inst. of Acoustics - Opera House & Concert Hall Symposium 

 



52 

Appendix A – Transducer positions in scale model 

Six different source positions have been created on the stage in our concert hall scale 

model, with four microphone positions at 40 mm (1 metre) from the source at each 

source position (90 degrees separation). 

 

See Figure A.1 for source and receiver positions on the stage. The letters represent 

spark source positions and the numbers represent the microphone positions used. 

 

 

Figure A.1: Source and receiver positions on the stage (with sources referred to in bold). 

The source positions are referred to as A – F, while the microphone positions are 

referred to as A1 – F4. All source-receiver combinations will have a distance of 1 

metre between the source and the receiver. Source position E is 3.6 m (144 mm) from 

the back wall and 2.5 (100 mm) from the centre line of the stage. This will violate 

Gade’s requirement of all reflecting surfaces at a minimum distance of 4 m, but it will 

serve as a position for back row instruments. In future investigations other stage 

parameters than ST might be extracted from the measurements. 

 

Position F will not follow Gade’s recommendations for measurement positions, since 

it will be closer than 4 metres from the back wall. 
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Appendix B – Spark sources for scale modelling 

The spectrum of the spark sources and the non-linearity of the spectrum according to 

distance have been investigated. See Dammerud [62] for more details on how the 

investigation of the non-linearity of the source was carried out. 

B.1 Spectrum of spark source 

Figure B.1 shows the spectrum of the two sources normalized with respect to the 

spectrum of the 47 mJ source. 

 
Figure B.1: Comparison of spectrum of the 5 and 47 mJ spark source. 

It can be seen from the figure that the 47 mJ source has a higher level for the whole 

frequency range of interest. The 5 mJ spark source has peak frequency less than 1/3 

octave above the 47 mJ spark source: 2000 Hz compared to 1720 Hz. Table B.1 

shows the integrated sound levels in octave bands based on the same measurements 

presented in Figure B.1. 

 

Integrated octave band energy re. 5 mJ (dB) Spark 
source 250 Hz 500 Hz 1000 Hz 2000 Hz 

5 mJ 0 0 0 0 
47 mJ 20 21 19 14 

Table B.1 Octave band values of sound level from the spark sources (relative the 5 mJ spark source). 

See appendix D for time response of both spark sources. 
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B.2 Non-linearity of the spark source 

The impulse response of the spark source (and hence the frequency response as well) 

changes when the source-receiver distance is changed. This is a non-linear behaviour 

and must be compensated for to give consistent results with measurements done at 

different distances from the source. The frequency response of the spark sources has 

been measured at distances ranging from 40 to 600 mm (1 to 15 metres full size). 

Figure B.2 and B.3 below show measured integrated octave band values for the 

different distances, with the measurement at 10 m as 0 dB reference. 

 
Figure B.2: Octave band values from 6.3 – 50 kHz (0.25 – 2 kHz) at a distance of  

1 (40), 1.25 (50), 1.9 (75), 2.5 (100), 3.75 (150), 5 (200), 7.5 (300), 10 (400) and 15 (600)  
metre (mm) from the 5 mJ spark source. 

 
Figure B.3: Octave band values from 6.3 – 50 kHz (0.25 – 2 kHz) at a distance of  

1 (40), 1.25 (50), 1.9 (75), 2.5 (100), 3.75 (150), 5 (200), 7.5 (300), 10 (400) and 15 (600) 
metre (mm) from the 47 mJ spark source. 

1 m (40 mm)

1.9 m (75 mm)

5 m (200 mm)

15 m (600 mm)

1 m (40 mm)

1.9 m (75 mm)

5 m (200 mm)

15 m (600 mm)
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B.3 Concluding remarks on use of spark source 

One could expect the 5 mJ spark source to give poor results at the lowest octave band 

(250 Hz) and poor results at the highest octave band (2 kHz) for the 47 mJ source 

(because of expected low signal-to-noise ratio at those frequencies). Average results 

from investigations carried out so far show good consistency between the two sources 

(see Dammerud [68]) at the octave bands 500, 1000 and 2000 Hz. The variation in the 

results seems here to be caused by other factors (microphone positioning etc) than the 

spark sources alone. 

 

When using the 5 mJ spark source, calculated reverberation times from measured 

impulse responses show RT values with a large variation between single 

measurements at 250 Hz, whereas results with the 47 mJ source are much more 

consistent. This indicates that the 47 mJ source is superior to the 5 mJ source for the 

octave bands 125 – 1000 Hz giving better dynamic range. But the non-linearity gets 

very significant at 2 kHz for the 47 kJ source and it could be difficult to do a valid 

compensation for it if the non-linearity  is not constant over time (the sound emitted is 

depending on the spark source’s condition). For this reason both sources should be 

used in for further comparisons: the 47 mJ source for 125 – 1000 Hz and the 5 mJ 

source for 2 kHz. 

 

The range of consistent spectrum (less than 0.5 dB variations) from the spark source is 

beyond 10 metres for the 5 mJ sources for all octave bands, and beyond 10 metres for 

the octave bands 250, 500 and 1000 Hz for the 47 mJ. At 2 kHz the spectrum changes 

between every measured distance with the 47 mJ source. When using the 47 mJ 

source for 125 – 1000 Hz and the 5 mJ source for 2 kHz, the behaviour of both 

sources will be linear beyond 10 metres. 
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Appendix C – Calibration of emitted sound level for 
full-size measurements 

The G parameter gives the total level of the measured impulse response seen in 

relation to the emitted sound level observed at a 10 metres distance. The direct sound 

level emitted from the source at 10 metres has to be known to measure the G 

parameter in an acoustic space. The definition of G is given below. The lower 

integration limit, t = 0, corresponds to the start of the direct sound. 
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When doing measurement in halls, this 10 metres free-field level must be known. 

Guidelines on how to measure this level are given in ISO 3382. The prescribed 

method in ISO 3382 is to measure either in a reverberation chamber or an anechoic 

chamber (a reflection-free environment) at a source-receiver distance that is in the far-

field of the source. In an anechoic chamber any measurement distance other than 10 m 

can be used as long as one is in the far-field of the source. The measured level at 

another distance can be compensated for by the inverse square law. In ISO 3382, the 

specified minimum distance for valid far-field measurements is 3 m. With 3 m  

source-receiver distance the correction value will be 20*log10(3/10) = -10.5 dB. 

 

In practice the source will not be perfectly omni-directional so the direct sound level 

must be measured with different source rotations and the measured levels averaged. 

Several repeated measurements are necessary (29 according to ISO 3382), with the 

loudspeaker rotated between each measurement, to see how the emitted sound level 

changes according to direction. 29 measurements correspond to an angle increment of 

12.4° between each measurement. 

 

Developing a valid method for doing G calibration without the use of an anechoic 

chamber is useful, since it will allow in-situ calibration (or verification) and avoiding 
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the assumption that the system gain is unchanged between measurements in different 

halls (spread over different days). 

C.1 Impulse response of the loudspeaker 

To measure the sound level from the loudspeaker we need to integrate the whole 

response of the loudspeaker that will part of the direct sound. The impulse response of 

a loudspeaker is never a perfect impulse (Dirac pulse) but is stretched out in time. 

Figure C.1 shows measured impulses responses of our dodecahedron. The last tail is 

dominated by the low frequency response of the loudspeaker. As can be seen from 

Figure C.1 the impulse response of the dodecahedron is at least 8.5 ms long (from 5.5 

to 14 ms). This corresponds to a distance of 2.9 metres. The impulse response may be 

longer than 8.5 ms, but we have not been able to measure more of the response due to 

a disturbing floor reflection. By studying Figure C.1 in detail it can be seen that the 

response is still oscillating (by a small negative value) when the floor reflection 

arrives at 14 ms. 

 

 
Figure C.1: Measured impulse responses of our dodecahedron at 1 metre. 

With direct sound arriving at 5.5 ms and floor reflection at 14 ms. 

C.2 Reflection-free zone 

If an anechoic chamber is not available, we will need to measure in a space where all 

reflecting surfaces are at a sufficient distance from the loudspeaker and the 

microphone. A “reflection-free zone” is needed. The reflection free zone around the 

transducer is defined by a three-dimensional elliptical surface. Seen from above or 

from the side it will form an elliptic curve, see Figure C.2. 
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Any reflecting surface outside the ellipse will give a reflection that will arrive after 

the direct sound. F1 and F2 represent the transducer positions and 2c represents the 

source-receiver distance. With an impulse response of the loudspeaker as mentioned 

above, the closest reflecting surface must give a reflection path at least 2.9 metres 

longer than the direct sound. This can be described as 2a – 2c ≥ 2.9 metres.  

(By knowing a and c, b can be found using Pythagoras’ law.). 

 

 

Figure C.2: Ellipse defining the reflection free zone for level calibration of measurement system. 

With the loudspeaker and microphone mounted on stands, the floor will be the 

limiting dimension for the reflection free zone. Normal stands will not be high enough 

to provide a large enough reflection-free zone with a source-receiver distance of  

10 metres. A 3 metres source-receiver distance will result in a minimum transducer 

height of 2.55 metres. This will ensure a time window of the direct sound of at least 

8.5 ms. To minimize the required reflection-free zone the source-receiver distance 

should be a short as possible. But the requirement of being in the far-field of the 

source results in a minimum acceptable source-receiver distance. 

 

According to Beranek [54] the distance from the source should be at least 3 to 10 

times the largest separation between radiating elements to be in the far field of the 

source. For a source of diameter 0.33 m this gives us a minimum distance of 0.99 to 

3.3 m, with 3.3 m being the most conservative minimum distance. 

C.3 Measurement setup for in-situ G calibration 

Figure C.3 shows a measurement setup with 2 or 3 metre source-receiver distance on 

a large stage with the floor reflection (as limiting reflection for the available time 

window with the direct sound only). The transducer stands limit the possible 

transducer height. 



59 

As mentioned a source-receiver distance of 3 metres will result in a minimum 

transducer height of 2.55 m. With 2 metres source receiver distance the minimum 

height is reduced to 2.25 m. An alternative configuration with the source can be at  

2 m height and the microphone at 2.5 m, corresponds to a 2.25 m height of both 

transducer. 

 

Figure C.3: Measurement setup for calibrating the measurement system. 

With a source-receiver distance of 2 metres results indicate that the calibration is 

limited down to 250 Hz for a valid G calibration with a transducer height of 2.25 m. 

The complete loudspeaker response at 125 Hz appears not to be included in the 8.5 ms 

time window. For this distance we need to justify that we are in the far field as well 

(see Dammerud [74] for more details). 

 

G measurements will for this reason also be done with a noise method (for measuring 

G at 125 Hz) and results from the two different methods compared. This involves 

using the same amplifier and dodecahedron. The method involves feeding the 

amplifier with a calibrated level of pink noise, measuring the level with a calibrated 

real-time analyser and applying certain correction factors to the measured values. The 

correction values are based on measurements of the complete system in an anechoic 

chamber. 

 

At some stage during the project it will be necessary to calibrate the measurement 

system in an anechoic chamber (by visiting another university) to verify calibrated 

values and the calibration techniques.

2 / 3 m 

2 m 

Microphone 
Loudspeaker 
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Appendix D – Auralization of scale model results 

The measured impulse responses using the spark source is affected by the 

characteristics of the source itself. As mentioned it is difficult to have a frequency 

bandwidth of the spark source beyond 3 octaves. As a comparison a good sound 

reproduction system should have a bandwidth above 8 octaves (normally from about 

40 to 16.000 Hz). In addition the spectrum of the spark source is not flat (equal level 

at all frequencies). Figure D.1 and D.2 show the impulse response and the frequency 

response of our two spark sources. The duration of the impulses shown in figure D.1 

is 3 ms (60 samples at a sampling frequency of 20 kHz, full scale). The spectrum of 

the source leads to a coloration of the sound (dominance of sound around 1 – 2 kHz), 

if anechoic sound is convolved directly with the measured impulse response(s). 

 

  

Figure D.1: Impulse responses of the spark sources at 400 mm (10 m) measured at 20 kHz 
(5 mJ on left, 47 mJ spark source on right. 60 samples corresponds to 3 ms full scale). 

  

Figure D.2: Frequency responses of the spark sources at 400 mm (10 m) 
(5 mJ on left, 47 mJ spark source on right). 

By using inverse filtering to remove the influence of the spark source spectrum, 

improved results have been achieved (see [72] for details). The inverse filtering is 

done in the frequency domain (by Fourier transform (FT) and inverse Fourier 
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transform (IFT) and employing a bandpass filter on the inverse response to avoid 

amplifying background noise is the process. 

 

Figure D.3 and D.4 show the resulting spectrum and impulse response after inverse 

filtering the spark source itself. A perfect inverse filtering would result in a flat 

spectrum and only one infinitely short impulse (Dirac pulse) as impulse response. 

 

  

Figure D.3: Spectrum of the inverse filtered spark response (no hall response). 
(5 mJ on left, 47 mJ spark source on right). 

  

Figure D.4: Inverse filtered response of the spark response on its own (no hall response). 
(5 mJ on left, 47 mJ spark source on right). 

A better bandwidth of the source and a better signal-to-noise ratio will both contribute 

to a better result of the inverse filtering. 

 

The reason for not getting a perfect Dirac pulse after inverse filtering is caused by the 

limited bandwidth and the phase response of the bandpass filter used in the inverse 

filtering process (seen in Figure D.3). The impulse response could be improved by 

using another bandpass filter or to use other methods than inverse FT for inverse 

filtering, i.e. Wiener filtering. 
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Appendix E – Modelling of alternative measurements 

To test the behaviour of the proposed parameter, EEB (Early Ensemble Balance), a 

simple scenario has been tested with room simulations done in CATT-Acoustic. Two 

source positions have been selected to represent self and others and impulse responses 

have been calculated. Two different acoustical configurations of the room have been 

modelled and analysed. One configuration with only hard surfaces, and one 

configuration with sound absorption on the walls, see Figure E.1. 

 
  

Figure E.1: Configuration for CATT simulation of small room. 

In the left part of the figure, the situation with no absorption and measurement of the 

other is shown, while the right part shows the room with absorption and measurement 

of self. Measure of both self and others was simulated for both room configurations. 

The proposed parameter compares the early sound energy received with the source at 

self (at one metre from the receiver) and other (at another position on stage, in this 

case 6.9 metres from the receiver). 

 

The dimension of the room was set to 16 x 12 x 5 (l, w, h) metres. The absorption 

properties for the floor, ceiling and non-absorbing wall was α = 0.02 (2 % absorption), 

while the absorbing wall was set to α = 0.65. The two loudspeaker positions (both at 1 

metre height) were 1 and 6.9 metres from the microphone. 

 

The loudspeaker level was kept constant between the two positions. The simulations 

were done for the octave band 1 kHz only. 

 

For more details about this investigation, see Dammerud [70]. 

Source 
representing 
others 

Source 
representing 
self 
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E.1 Results from computer simulation 

The resulting impulse responses with the source at 1 metre (representing self, with 

and without absorption) are shown in Figure E.2. The applied filter to smooth the 

impulse response is indicated (5 ms long) and the difference between these two 

responses is shown on top of the figure. These two simulated impulse responses can 

be used to calculate ST values (at 1 kHz) at this position with and without sound 

absorbing walls. 

 
Figure E.2: Measured impulse responses from one-self with and without absorbing walls. 

(Diff = Difference response, Abs = With absorption, No = No abs) 

Figure E.3 show the resulting impulse response from self and others with no 

absorbing walls, while Figure E.4 is with absorption on the side walls. The dotted line 

is the response from the others position, while the top line represents the difference 

between self and others. 

5 ms 

       Diff 
       Abs 

No
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Figure E.3: Impulse response from others and self with non-absorbing walls. 

(Diff = Difference response, Self = Early sound self, Others = Early sound others) 

 
Figure E.4: Impulse response from others and self with absorbing walls. 

(Diff = Difference response, Self = Early sound self, Others = Early sound others) 

Table E.1 shows the resulting parameter value for the two different room 

configurations. 

 

Room Configuration 
STearly 

 
[dB] 

EEB (5 – 95 ms) 
5-35 ms double weight 

[dB] 

EEB (20 – 100 ms) 
 

[dB] 

Non-absorbing walls -5.4 6.7 0.2 

Absorbing walls -8.9 16.9 3.3 

DIFFERENCE -3.5 +10.2 +3.1 

Table E.1: Calculated ST and EEB values at 1 kHz. 

5 ms 

       Diff 
       Self 
      Others 

5 ms 

       Diff 
       Self 
      Others 
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E.2 Discussion of results 

One can see in Figure E.3 that there is about 15 dB difference in direct sound level 

with the two source positions. This is due to distance attenuation. 

 

One can see from the figures above that the early reflections from self get louder than 

the response from the others between 20 and 70 milliseconds with absorption present. 

With no absorption on the walls, a reverberant sound field builds up quickly and an 

almost constant sound level is seen of the others. The level from the others is much 

affected by reflected sound with no absorption and flattens out early, resulting in 

almost the same level of self and others. 

 

Based on findings on stage acoustics one would expect the non-absorbing 

configuration to result in a problem of hearing one-self, while the absorbing 

configuration to result in acceptable conditions or problem to hear the others. This can 

be seen from the comparisons between the responses from the others and self. By just 

looking at the self response (ST) one can observe that the late sound field will be 

attenuated with added absorption, but it is difficult to say something about the 

observed level differences between 20 and 60 milliseconds in Figure E.2. 

 

The definition on time limits must be experimented with to see what will correlate 

with the orchestra’s impression of ensemble conditions. The values presented in Table 

E.1 are only some suggestions. 

 

The behaviour of the reflected sound can be estimated by applying diffuse sound 

theory and adding direct sound and reflected sound. This will be an alternative way to 

evaluate the EEB parameter in different scenarios to check its properties. Using 

diffuse theory may not be valid on a stage with a limited volume and surfaces close to 

the sound source and microphone. Computer simulation could for this reason be a 

more valid and worthwhile for further investigations. 

 

When plotting the response from self and others, arrival of the direct sound was used 

as t = 0. Including the delay of the direct sound in the parameter is difficult since this 

would also include the measure direct sound from the others (and the intention of this 

parameters was not to include any direct sound). 



66 

The most significant difference in the self-to-others balance with and without 

absorption is found from 20 to 70 ms. This is the same time region where the presence 

of orchestra was found to largely affect the sound on stage. Simulations and 

measurements of self-to-others balance of concert hall stages are needed to see if the 

time region of changes is the same there. 

E.3 Concluding remarks 

The simulations done in CATT-Acoustic and calculated STearly and EEB values have 

demonstrated that the EEB parameter is sensitive to the stage shells acoustical 

properties in a very simplified acoustic space. A comparison between impulse 

response from one-self and the others seems to give valuable information compared to 

what is already available with the existing ST measurement procedure. These 

indications need to be verified by future work, and the definition of the EEB 

parameter and recommended values need to be further investigated. Simulations and 

measurement at concert hall stages are needed. A comparison between EEB and EEL 

is also relevant to have a look at. 

 

By comparing results from scale model measurements with different stage 

configurations, the presence of an orchestra changed the impulse response in the time 

region 10 – 80 ms. So the evaluated sound field will change with the orchestra 

present. Because of this, the suggested measurement setup and parameter will also 

have its limitations. But the suggested measurement configuration could represent a 

better way to measure the stage enclosure’s qualities for ensemble by using standard 

measurement equipment. And the parameter could be calculated from computer or 

scale models to give more realistically figures. Computer models will also enable us 

to look at the self-to-other ratios for specific instruments by including the directivity 

of the instruments, and with also an orchestra modelled the direct sound from others 

can be included in the parameter.
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Appendix F – Orchestra questionnaire 

Figure F.1 and F.2 show the two pages of our orchestra questionnaire (June 2006 

edition). 

 
Figure F.1: Orchestra questionnaire, page 1. 
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Figure F.2: Orchestra questionnaire, page 2.

 


