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Abstract 

The relevance of room signals in a recording, especially a classical recording, for 3D reproducing systems like Auro 

3D is essential: The listener shall have a spatial impression of being in the recording room, and generally, to perceive 

a natural sounding environment. For music, usually, direct sound comes from the front loudspeakers only and room 

sound from everywhere. Therefore, a listener hears many more details of the room sound compared to stereo. 

Relevant parameters for controlling the spatial impression of the recording are: 

• Energy spreading of the room signal between the involved loudspeakers. 

• Proportion of direct sound in the room microphone signals. 

• Sound Content Correlation – common features of uncorrelated signals. 

The sense of depth of room sound reproduced by Auro 3D is perceived in a different way than room sound 

reproduced by a stereo setup. When the proportion of direct sound is decreased in a stereo recording, sound sources 

are reproduced with more depth. In an Auro 3D recording, the same change will lead to a more diffuse impression of 

the sound sources.

1. Introduction 

Classical music performed in concert halls or churches can 

be, acoustically speaking, divided into two components: 

direct sound from the instruments and room sound arising 

from reflections in the concert hall. From the view of good 

listening seats, the instruments of the orchestra are horizon-

tally in front of the listeners, while room sound arrives from 

all directions. A natural sounding recording should therefore 

be mixed according to these insights. 

Direct sound will be reproduced by Auro 3D from the front 

loudspeakers L/C/R and all speakers are used for the repro-

duction of room sound. In this case, a listener has a spatial 

impression of being in the recording room (see Figure 1) 

[1]. 

 

Figure 1: If direct sound is reproduced from the front loudspeakers 

L/C/R and all loudspeakers reproduce uncorrelated room sound, a 

spatial impression of being in the recording room results. 

 

2. Directional perception of room 
sound 

2.1. Differences between room sound repro-
duction of 2 channel stereo and Auro 3D 

A traditional stereo system is consisting of only two loud-

speakers, which means the entire information of a concert, 

i.e. imaging of the instruments and the envelopment of the 

recording room, is contained in two channels only. The 

consequence is that direct and room sound are reproduced 

horizontally frontally only within a ±30° sector. 

In Auro 3D, room sound can be reproduced from different 

directions than direct sound: from the height and surround 

loudspeaker positions. That means the room sound without 

direct sound is not only reproduced in the horizontal frontal 

plane, but also from the rear (like 5.1) and additionally front 

above. The question is, however, how do we perceive the 

direction of reproduced room sound? Is it in a way com-

parable to phantom sources or different? 

2.2. Directional perception of room sound 

The room sound component of the loudspeaker signals, and 

therefore the room microphone signals, have to be uncorre-

lated between each other in order to get a natural character 

of the room sound [2]. Only in this case do no phantom 

sources between loudspeakers occur. 

If uncorrelated room sound of two or more loudspeakers is 

reproduced at about the same level by each loudspeaker, the 

positions of each speaker can no longer be perceived. This is 

similar to the effect of a phantom sound source between two 

loudspeakers, which means that the positions of the used 

loudspeakers are no longer perceived. But since the room 

sound is uncorrelated between the loudspeakers, it appears 

as a blurred band of sound between the loudspeakers. If all 

loudspeakers of an Auro 3D setup reproduce uncorrelated 

room sound at about the same level, a listener has a spatial 

impression of being in the recording room [2]. 
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2.3. Selective listening of direct sound and room 
sound 

Room sound often is masked strongly by direct sound in 2 

channel stereo recordings. Even if a comparable level of the 

room sound and direct sound is given, the character of the 

room sound is mostly only perceived at when direct sound 

level abruptly decreases, e.g. at the end of a movement. Due 

to the so-called binaural masking level difference, room 

sound is masked significantly less when reproduced from 

different directions than direct sound [3]. In this case, a 

listener will perceive the character of the room sound much 

better. 

The consequence of this is, that the characteristics and 

quality of the room sound, detached from the direct sound, 

can be easily judge by a listener. From an aesthetic per-

spective, a first class concert hall could be reproduced in a 

much more impressive way. On the other hand, the weak-

ness of a lower quality recording room is easier to hear. The 

same is true for the use of digital reverberators: Artificial 

reverberation can be identified much easier in an Auro 3D 

recording than in a 2 channel stereo recording. 

3. Analysis of room signals and their 
perception 

In spatial hearing, there are three components according to 

specific temporal patterns: direct sound, early reflections, 

and reverberation (late reflections). These three components 

also occur in recordings and must follow the same rules as in 

a room, to ensure a high quality: 

- Direct sound from a sound source determines what 

instrument a listener hears and where it is localized. In 

stereo recordings direct sound appears either as one or 

more phantom sources or as a real sound source from 

just one speaker. Direct sound is primarily correlated 

between loudspeakers. 

- Early reflections can be thought of as individual re-

flections from walls, floor, and ceiling. Especially from 

impulsive sources, like percussion or acoustic guitar, 

they can be identified in wide rooms as separate com-

ponents of the acoustic signal. They give the listener a 

sense of room size and involvement of the sound 

source in the room (sense of depth). The lateral reflec-

tions consist of uncorrelated proportions while reflec-

tions from the ceiling and floor consist of correlated 

proportions [4]. 

- Reverberation in a concert hall is the result of a high 

number of reflections of direct sound. Reverberation 

sounds like a sound carpet that seems to come simul-

taneously from everywhere. The reverberation level 

depends on the characteristics of the recording room. 

At the critical distance, the early reflections and re-

verberation level is the same as the direct sound. In 

concert halls this distance is only a few meters away 

from the sound source [4]. Therefore, reverberation 

represents for listening of classical music a dominant 

element and leads to envelopment and gives the liste-

ners a spatial impression of being in the recording 

room. Ideally, room sound is as far as possible un-

correlated between loudspeakers [5]. 

Some other signals have similar characteristics as early re-

flections and reverberation. The following chapter discusses 

such signals. 

3.1. Sound Content Correlation – common 
features of uncorrelated signals 

Not in any case uncorrelated signals reproduced by multiple 

loudspeakers leads to a sense of a spatial impression. If 

several voices are used as speaker signals, each of them is 

perceived as a single, localized sound source from the re-

spective loudspeaker. This means, therefore, uncorrelated 

signals, which do not have a similar sound (when listening to 

them separately) don’t lead to a sense of spatial impression. 

Room sound has its origin in sound sources that are located 

in the concert hall. The sound reproduced by the sources is 

distributed as regularly as a water-soluble dye that has been 

dropped in a jar of water. Experimental recordings of the 

author in first class concert halls have revealed that the room 

sound with a very low proportion of direct sound is per-

ceived as nearly identically at different points, although the 

correlation between all those signals is about zero. There-

fore, the routing of an Auro 3D playback system can be 

changed during playback of room sound without any signi-

ficant noticable changes in the room impression. In other 

words: Different room microphone signals ideally sound the 

same, but have a correlation about zero. This property is 

denoted Sound Content Correlation in this paper. 

A similar phenomenon arises if instruments like guitar, 

piano, or string instruments are recorded by a small AB spot 

microphone system at a very small distance to the resonating 

body. It seems as if the resonating body would sound as an 

own room. Especially, if recording double bass in this way 

the instrument is nearly not locatalizable in the stereo image, 

but seems to float indefinable between left and right (see 

Figure 2). The complex dispersion behaviour is responsible 

for this phenomenon. [6]. Pad sounds of synthesizers have a 

similar character. 

 

Figure 2: Recording of a double bass by a small AB spot micro-

phone system: The resonating body seems to sound as an own 

room. 
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The previous sections might motivate to set up the following 

rule: if two signals have a similar sound and are un-

correlated, then they give an impression of a stereophonic 

spatiality and lead to envelopment. However, experience 

shows that more attributes have to be considered. In some 

cases, this rule doesn’t apply: If one person speaks two 

different texts and they will be reproduced at the same time 

by two speakers, two sources are perceived at the loud-

speaker positions. Therefore, it is not sufficient enough for 

create a sense of spaciousness only by similarity of the 

sound. The presence of transients in the signals and the 

similarity of the temporal structure of the signals will also 

take influence. 

3.1.1. Similar temporal structure 

To prevent hearing two separate sound sources from left and 

right transient impulsive signals, such as language, in terms 

of their temporal structure have to be about the same. This is 

given when a speaker will be recorded speaking the same 

text twice with the same speed and the two sections will be 

synchronized and reproduced on a left and right loudspeaker 

discretely afterwards. By replaying the same text synchro-

nized the waveforms and envelopes of left and right channel 

are not identical. Primarily time differences occur in the fine 

structure, which leads to uncorrelated signals [7] [8]. 

3.1.2. Transient-free room signals 

Particularly direct sound of percussive instruments such as 

drums, guitar, or harpsichord contains fast transients. This 

corresponds to the attack of those instruments and is a very 

important factor of their sound. Transients help the listener 

to localize precisely [9]. In contrast, however, reverberation 

doesn’t contain transients but sonically smoothed signals 

that make localization of sound sources more difficult or 

impossible. Reverberation and similarly shaped uncorrelated 

signals contain little phase relationships that aid localization 

of sources. The lack of a clearly defined temporal contour 

leads to a variance in the time axis between the individual 

room sound signals: Room signals of instruments with low-

impulse behaviour such as slowly bowed strings or slowly 

played church organs could be varied in time about 0 to 

250ms delay or more compared to the direct sound without 

getting disturbing echoes. When instruments play stacca-

tissimo and fast transients occur, the range of delay until 

echoes are disturbing is reduced significantly. There are 

some possibilities to optimize room microphone setup to 

avoid fast transients from direct sound. One method is the 

use of a towel between the room microphone and the sound 

source (see Figure 3). Another method suppresses direct 

sound by the use of cardioid microphone aligned with its 

null angle to the sound source (see Figure 3). 

 

Figure 3: Use of a towel between the room microphone and the 

sound source or a cardioid microphone aligned with its null angle 

towards the sound source avoids fast transients from direct sound. 

There are further signals with similar properties as reverb, 

but they do not have any relation to a direct sound. Un-

correlated noise is an example of such signal: It is possible 

to delay one channel by any value without making a 

noticeable change. The same is true in certain conditions for 

ambient signals, i.e. soundscapes with continuously running 

sounds that contain neither transient nor striking events, such 

as an isolated horn of a car or bells of a church. Thus, by 

channel duplicating far away sounding city noise from a 

stereo recording and mutual time delay up to 1s an 8.0 Auro 

3D atmosphere could be created (see Figure 4). The result is 

a spatially impressive sounding atmosphere. 

 

Figure 4: An Auro 3D 8.0 atmosphere sound can be generated 

from mono or stereo far-away sounding city noise by channel 

duplicating and mutual time delays of up to 1s. 

3.1.3. Short time fast transient direct sound 

Another group of signals that leads to spatial impression or 

atmosphere consists of a variety of short time fast transient 

direct sounds that arrive from different directions to the 

listener, like individual early reflections. Due to the amount 

and the short duration of the individual sounds, no concrete 

direction of the direct sound can be perceived. One single 

impulse sound, such as a crackling or burst of an eggshell, 

could be used to generate an 8 channel atmosphere sound 

with a DAW. It must be noted that the individual sounds 

should only be played from time to time simultaneously 

through more than two loudspeakers. Otherwise, disturbing 

effects caused by phantom sound source formation could 

occur. 

Proceedings of ICSA 2014 in Erlangen --- ISBN 978-3-98 12830-4-4

98



3.1.4. Conclusions 

As discussed in the preceding sections, spatial impression 

and atmosphere can be created in various ways. The methods 

must respect the following rules: Signal between loud-

speakers shall be uncorrelated but feature Sound Content 

Correlation. The spaciousness is perceived as more impres-

sive the more dimensions are used during playback [1]. 

4. Sense of depth in stereo and Auro 3D 

4.1. Sense of depth in recordings 

The sense of depth in recordings primarily depends on the 

ratio of level between direct sound and room sound. If the 

level of room sound is low, sound sources seem to be near. If 

the level of room sound is high, sound sources seem to be 

farther away. The room microphone signals consist of a 

combination of early reflections and reverberation. The early 

reflections are responsible for distance perception [10]. The 

sense of depth is especially pronounced when the nearest 

sound source can be heard from a short distance. Otherwise, 

the differences of the distance are weak. 

The positions of phantom sound sources in the stereo image 

are perceived directly – level differences can’t be perceived 

as such. In contrast, sense of depth is determined on the 

basis of characteristics of the sound. In other words, it is 

possible up to a certain degree to hear and to describe the 

individual cues, which are responsible for the perception of 

distance. The perception of distance has various causes. The 

most obvious difference between close and distant sound 

sources is the specific sound of a distance of the sound 

source: Sound sources recorded with spot microphones 

contain direct sound with a high proportion of transients. 

These signals sound very clear, have a distinct localization 

and low sound coloration. If the microphones are very close, 

sound sources also have the tendency to use a lot of space in 

the stereo image. This is due in part to the effect of the 

instruments with resonant body described in the chapter 

Sound Content Correlation. This phenomenon decreases as 

the distance increases from the sound source. In other cases, 

high proportion of low frequencies compared to more distant 

sound sources leads to an increased spreading of close 

sounding phantom sources. Furthermore, the spectral content 

of the direct sound changes, partly due to the dissipation 

with increasing distance from the sound source [10]. From a 

geometrical point of view, it can be concluded: Instruments 

perceived extended such as string instruments and physical 

extended instruments such as piano and drums appear less 

extended as the distance increases from a main microphone. 

4.1.1. Sense of depth in stereo 

As said before, the sense of depth in stereo recordings is 

primarily dependent of the ratio of level between direct 

sound and room sound. If the influences of the reproduction 

room may be neglected, the sense of depth will be influen-

ced by the specific used microphone setups or during the 

mixing process. In the case of a mixing process, the follo-

wing thoughts could be taken: The mix consists of room 

sound and a spot microphone signal. If the direct sound is 

muted, the instrument is perceived as diffuse only, at a large 

distance. When direct sound is increasingly added to the 

mix, the instrument appears from its location in the stereo 

image. When the level of the direct sound is increasing, the 

perceived distance from the instrument is reduced. The 

reproduction room can’t influence the ratio, because it is 

already adjusted electrically or by software in a DAW. Thus, 

the distance information of the recording is independent of 

the position of the listener in the reproduction room (see 

Figure 5). Therefore, the audience can stay closer or further 

away from the stereo speakers and hear the sound sources 

always at the same simulated distance. 

 

Figure 5: The distance information in stereo recordings is inde-

pendent of the position of the listener in the reproduction room. 

4.1.2. Sense of depth in Auro 3D 

During Auro 3D playback, the room sound of the recording 

is reproduced both from front and behind. As already des-

cribed earlier, room microphone signals contain reverbe-

ration and early reflections. The level, spectrum, and timing 

of the individual reflections and recorded direct sound are 

dependent on both, the position in the recording room as 

well as the directional pattern and orientation of the room 

microphone relative to the body of sound. Direct sound 

picked up from room microphones is perceived in the mix, 

in the presence of spot and main microphone signals, as 

early reflection, because room microphones have a larger 

distance from the sound source as the other microphones and 

thus direct sound in the room signal arrives later in the mix 

[1]. Room signals from large distant microphones, for music 

played by instruments with fast transients such as percussion 

or choir, are often temporally aligned with the main 

microphone, to avoid disturbing echoes. This inevitably 

means that the direct sound and the subsequent early 

reflections in the room microphones occur almost simul-

taneously as the main microphone signal and are reproduced 

from each speaker in the Auro 3D setup. 
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4.2. Changing distance perception within the 
listening area 

When the surround speakers reproduce room sound, the ratio 

of direct sound to room sound shifts depending on the 

position of the listener. Accordingly, when a listener is 

placed close to the front speakers the body of sound is 

perceived as more direct than at a position closer to the 

surround loudspeakers (see Figure 6). This corresponds on 

one hand mostly to natural hearing in concert halls. On the 

other hand, the sound engineer is requested to optimize the 

sound aesthetic with this new parameter of distance 

perception within the listening area. 

 

Figure 6: The distance information in Auro 3D recordings is de-

pendent of the position of the listener in the reproduction room. 

4.3. Distortion of the sense of depth 

The sense of depth in Auro 3D is fundamentally different 

than in 2 channel stereo (see Figure 7). Similarly as above, 

the following thoughts could be taken: The mix consists 

again of room sound and direct sound from spot micro-

phones. If the direct sound is muted, the listener is surroun-

ded by room sound and is hearing the instrument diffusely 

from everywhere. When direct sound is increasingly added 

to the mix, the instrument appears from its intended location. 

When the level of the direct sound is increasing, the 

clearness of the instruments’ sound is increasing, as well as 

loudness. The simulated distance perception is weak only, 

because the early reflections are reproduced from different 

directions. If the main microphone contains early reflections 

in a way that the sound of the body of sound is strongly 

colored, the additional reflections from the room lead in 

many cases to muddiness. If the room signals, reproduced 

from the surround speakers, contain direct sound compo-

nents of one or more instruments as the front speakers, the 

affected instruments may even unintentionally move back-

wards, causing unnatural effects (see Figure 8). 

 

Figure 7: The sense of depth in stereo. The sound sources are 

perceived behind the line joining the two loudspeakers. 

 

Figure 8: The simulated distance perception is weak only, because 

the early reflections are reproduced from different directions. Room 

signals with direct sound could lead to backwards perception. 

4.4. Aesthetic corollary in the mix 

Auro 3D recordings of classical music need more room 

sound in total than the corresponding stereo version, to 

exploit the advantage of nice room sound and envelopment 

rendering. The level of room sound signals has to be balan-

ced between the used loudspeakers, except the center loud-

speaker, to ensure perceived connection between front and 

rear loudspeakers [1]. Furthermore, those room microphone 

signals with the lowest proportion of direct sound should be 

taken for the upper surround speakers to avoid irritation of 

the listener by reason of hearing direct sound coming from 

that direction [1]. 
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As described in the Section 3.1 the distance impression of 

the frontal sound sources varies depending on the distance 

the listener has to the front loudspeakers. In order to ensure a 

similar impression of distance as the corresponding stereo 

mix at the place of the sweet spot, as little as possible early 

reflections should be reproduced from the front speakers. In 

other words: If all other speakers are switched off, the mix 

has to sound more direct than in stereo. Therefore, it’s 

important to use a microphone technique for the body of 

sound to avoid early reflections as much as possible. If spot 

microphones are used, they should be placed as close as 

possible to the individual instruments to keep the crosstalk 

with other instruments low – the crosstalk is perceived as 

early reflections and leads to an increased distance percep-

tion of the corresponding sound source. If a body of sound is 

recorded with a main microphone system, high directive 

microphones should be used, like good sounding hyper-

cardioid microphones or high quality shotgun microphones 

with a sphere microphone as an acoustic separator [1] [2]. In 

return, however, the upper frontal loudspeakers should 

reproduce more room sound, to bring the level of room 

sound signals into a good balance between the used 

loudspeakers in front and rear. This could be done with a 

combination of high-frequency direct sound from cymbals or 

brilliant string sounds of an orchestra and additional early 

reflections from the body of sound. The result is a very 

natural sounding and amazing listening experience [1]. 

One challenge is the balance between the individual 

instruments of an ensemble. While direct sound is captured 

by spot microphones and can be selectively precisely 

inserted into a mix, the balancing of the individual 

instrument levels in the room sound has narrow limits: If an 

instrument is played at a louder level than others, it is louder 

in the recording room too, practically independent of the 

position of the room microphones. In that case, the 

instrument is not only louder, but also at the same time is 

perceived with larger distance, because the proportion of the 

room sound of that instrument is higher than of other 

instruments. This can’t be corrected by spot microphones 

without affecting the balance of the instruments. Therefore, 

at this point, the recording director is requested to be 

attentive during the recording session and take corrective 

action if necessary. 

4.5. Conclusions 

Room sound gets a much higher importance in Auro 3D than 

in 2 channel stereo. On one hand, spatial sound experiences 

can be created in Auro 3D, which can not be realized in any 

way in 2 channel stereo. On the other hand, the demands on 

the sound engineers who make such recordings are multi-

plied. It requires not only knowledge in the field of psycho-

acoustics, but also a lot of recording experience to fully 

explore the potential offered by Auro 3D. 
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