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Introduction
The BeoLab 90 is a new loudspeakerconcept from Bang & Olufsen thatgives the customer an unprecedentedlevel of control of its acousticbehaviour and performance. Unlikealmost all other conventionalloudspeakers, the BeoLab 90 can bealtered by the user to behave as if itwere completely different loudspeakersfor different listening situations.
Imagine that you have a pair of BeoLab90 loudspeakers, perfectly positionedin your listening room, with a singlechair in the correct location, as isshown in Figure 1.1. You sit in this chairto listen to a recording – to hearsparkling high frequencies and a tight,punchy bass that extends to the lowestaudible frequency bands along withthe accurate and precise placement ofthe instruments within the space infront of you (better known as “stereoimaging”).

Speaker Distance 
Compensation

Perceived location of 
left loudspeaker

Figure 1.1: The sound stage presentedby BeoLab 90’s for active listening whensitting in the sweet spot with properlyplaced loudspeakers.

Now, imagine that you have the sameloudspeakers in the same positions inthe same room, but you’ve moved tothe sofa as in Figure 1.2 (or perhapsyou’re still in the same chair as beforeas in Figure 1.3) and you prefer tolisten to music as a background whileyou read a book. In this case, the bassprecision and the imaging of therecording is not important – you justwant a cloud of sound that does notdistract you while you read. Using yourcontroller you simply switch the

behaviour of the BeoLab 90’s to deliverthis experience instead.

Speaker Distance 
Compensation

Perceived location of 
left loudspeaker

Figure 1.2: The sound stage presentedby BeoLab 90’s for passive listeningwhen not sitting in the sweet spot.

Speaker Distance 
Compensation

Perceived location of 
left loudspeaker

Figure 1.3: The sound stage presentedby BeoLab 90’s for passive listeningwhen sitting in the sweet spot.

Finally, imagine that you invite yourfriends for a party or you’re justwalking around the room. Imaging is ofno interest to anyone – you want aloudspeaker that can deliver the sameexperience to the entire room at thesame time by sending sound in alldirections simultaneously. Again, withyour controller, you change the BeoLab90’s acoustical behaviour to suit theoccasion.

Speaker Distance 
Compensation

Perceived location of 
left loudspeaker

Figure 1.4: The sound stage presentedby BeoLab 90’s for background musicwhen the listeners are moving aroundthe room.

These three scenarios illustrate theprimary listening modes that theBeoLab 90 can deliver. We’ll call thefirst one active listening – since yourprimary activity is to listen to therecording. We’ll call the second onepassive listening, since, in this case,listening to music is secondary toanother activity (in our example,reading) in a stationary listeningposition or area. We’ll call the thirdcase background music, which issimilar to passive listening, however,there is no determined listeningposition (either because there aremany listeners, or listeners are movingaround the listening area, or both). Inorder to be able to do this, there aredifferent parameters inside the BeoLab90 that are adjustable. You can chooseto alter each of these parametersindividually according to yourpreferences and listening positions –and then save the settings to a presetfor future use.

1.1 Features
BeoLab 90 gives you the power tomake these changes using a largenumber of “handles” – controllers thatlet you change the acousticalbehaviour of the loudspeaker. Amongthese features, there are three thatstand out:

• Beam Width Control
• Beam Direction Control
• Active Room Compensation

In addition to these, the BeoLab 90 hasa many other parameters that give youa wide range of customisationpossibilities such as:
• Basic Tone Controls(Bass, Treble, Frequency Tilt,Sound Enhance)
• Selectable Sound Designs
• 10-band Parametric Equaliser
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• Speaker Distance (fortime-alignment at the listeningposition)
• Speaker Level

1.1.1 Beam Width Control
When a recording engineer makes arecording in a well-designed studio, heor she is sitting not only in acarefully-designed acoustical space,but a very special area within thatspace. In many recording studios,there is an area behind the mixingconsole where there are no reflectionsfrom the sidewalls arriving just afterthe direct sound from theloudspeakers. This is accomplishedeither by putting acousticallyabsorptive materials on the walls tosoak up the sound so it cannot reflect(as shown in Figure 1.5), or to anglethe walls so that the reflections aredirected away from the listeningposition (as shown in Figure 1.6).

"Reflection-free Zone"

Figure 1.5: One way to reduce the prob-lem of side wall reflections is to absorbthem at the walls so that there is no re-flection. This is a solution often used inrecording studios, however, it also re-sults in an unnatural-sounding “dead”room.

"Reflection-free Zone"

Figure 1.6: An alternative method to re-duce the problem of side wall reflectionsis to re-direct them away from the lis-tening position, producing a “reflection-free zone”. This method is often usedin recording studios that are initially de-signed with the help of an experiencedacoustical consultant.

This is different from your living roomwhich has not be designed primarily asan acoustical space. It has sidewallsthat reflect the energy from yourloudspeakers and send that sound toyou at the listening position – asituation that is more like that which isshown in Figure 1.7.

"Reflection-free Zone"

Figure 1.7: The direct sound (in red)from the loudspeakers is influenced bythe reflections off the side walls (ingrey).

In order to get the same acousticalbehaviour in your living room that therecording engineer had, we have toreduce the amount of energy that isreflected off the side walls. If we do notwant to change the room, one way todo this is to change the behaviour ofthe loudspeaker by focusing the beamof sound so that it stays directed at thelistening position, but it sends lesssound to the sides, towards the walls.
This is one of the options that BeoLab90 gives you – to make the beam ofsound directed out the front of theloudspeaker narrower to reduce thelevel of sidewall reflections, so that you

get a more accurate representation ofthe sound the recording engineerheard when the recording was made.

"Reflection-free Zone"

Figure 1.8: BeoLab 90 solves the prob-lem of side wall reflections by reduc-ing the amount of acoustic energy thatis radiated towards the side walls – sothere is less energy to reflect.

However, if you’re sharing your musicwith friends or family, depending onwhere people are sitting, the beammay be too narrow to ensure thateveryone has the same experience. Inthis case, it may be desirable to makeBeoLab 90’s sound beam wider.
Of course, this can be extended to itsextreme where the BeoLab 90’s beamwidth is extended to radiate sound inall directions equally. This may be agood setting for cases where you havemany people moving around thelistening space, as may be the case ata party, for example.
This option to change the pattern ofthe radiation of sound from the BeoLab90 is called Beam Width Control.

1.1.2 Beam Direction Control
Almost all loudspeakers are designedto radiate sound forwards – so, in orderto get the best experience from yourloudspeakers, you have to be locateddirectly in front of them. However,BeoLab 90 gives you the freedom tochange the direction of the soundbeam directed from the loudspeaker.You can select one of five directions asbeing the “acoustical front” of theloudspeaker. If you’re sitting to theside of the loudspeaker as is shown inFigure 1.2 you can choose to rotate thesound beam so that it is directed moretowards your listening position insteadof in front of the loudspeakers.
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Front

Front 
Right

Back 
Right

Front 
Left

Back 
Left

Figure 1.9: BeoLab 90 has five beam di-rections available, allowing you to opti-mise for different listening positions.

1.1.3 ARC: Active RoomCompensation
In 2002, Bang & Olufsen introducedthe BeoLab 5 which included ABC –
Automatic Bass Calibration. This was asystem that used a microphone tomeasure the effects of the listeningroom’s acoustical behaviour on thesound of the loudspeaker, and thencreated a filter that compensated forthose effects in the low frequencyband. As a simple example, if yourroom tended to increase the apparentbass level, then the BeoLab 5’s wouldreduce their bass level by the sameamount.
BeoLab 90 takes this concept to a newlevel with its Active Room
Compensation or ARC. Using anexternal microphone (supplied with theloudspeaker), you can measure theeffects of your room’s acousticalbehaviour in different zones in theroom and subsequently selectoptimised compensation filters fordifferent situations. For example, youcan customise a filter for the sofa, andanother for your dining area. In caseswhere you are moving between theselocations, you can simply select acombination of both filters to create asingle compensation filter thatimproves the sound experience in bothlocations.
The BeoLab 90 also offers anotherdevelopment in acoustical roomcompensation: multichannelprocessing. This means that the

loudspeakers not only “see” each otheras having an effect on the room – butthey help each other to control theroom’s acoustical influence.

1.1.4 Performance
BeoLab 90 has been designed from theoutset to deliver an unparalleled audioperformance. Measured directly infront of the loudspeaker, it has afrequency range that exceeds thelimits of human hearing at normallistening levels as can be seen in thecomparison plot in Figure 1.10. BeoLab90 is also able to cleanly deliver audioat peak levels at or exceeding theupper limits of comfort for humans ascan be seen in the comparison plot inFigure 1.11. (see the TechnicalSpecifications for more details).
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Application Information
2.1 Menu Navigation

Figure 2.1: Swipe from left to right,starting outside the screen, to return tothe previous menu.

Presets

Easy Chair

Party

Sofa Left

Presets

Easy Chair

Party

Sofa Left

Presets

Easy Chair

Party

Sofa Left

Presets

Easy Chair

Party

Sofa Left

+

Presets

Easy Chair

Party

Sofa Left

...

Presets

Easy Chair

Party

Sofa Left

...Presets

Easy Chair

Party

Sofa Left

...

Figure 2.2: Press the “...” icon in the topright to switch to the edit mode for thecurrent screen.

Party

Beam Control

Room Compensation

Advanced

Figure 2.3: Press and hold the title to re-name the item.

Presets

Easy Chair

Party

Sofa Left

Presets

Easy Chair

Party

Sofa Left

Presets

Easy Chair

Party

Sofa Left

Presets
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Sofa Left

+

Presets

Easy Chair

Party

Sofa Left

...

Presets

Easy Chair

Party

Sofa Left

...Presets

Easy Chair

Party

Sofa Left

...

Figure 2.4: Circular selection buttons al-low for one item from the list to be cho-sen.

Room Compensation

Sweet Spot
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Entire Room

...

Dining Table

Room Compensation

Sweet Spot

Sofas

Entire Room

...

Dining Table

Room Compensation

Sweet Spot

Sofas

Entire Room

Dining Table

+

Figure 2.5: Rounded square selectionbuttons are toggles that allow for morethan item from the list to be chosen.
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2.2 Menu Map
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Figure 2.6: Simplified navigational map for the BeoLab 90 application. Items in red are only visible when the menu is in edit modewhich is entered by pressing the “...” icon at the top right of some menus.
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Presets
3.1 What is a Preset?
Almost all parameters that can affectthe audio characteristics of the BeoLab90 can be pre-programmed and savedas a preset that is easily and quicklyselectable by the end user. A presetcontains a wide range of controls thatcan be customised to suit both thelistener’s personal preferences and hisor her location in the listening room.
Presets can either be selectedmanually using the BeoLab 90application or they can be selectedautomatically as is explained inTriggers.

3.2 Preset management
3.2.1 Selecting a Preset
If at least one preset has already beencreated, then the list of availablepresets are shown in the Preset Selectmenu, an example of which is shown inFigure 3.1. From this menu, you canmanually select a preset by clicking onits icon as shown, or you can movedeeper into the Edit Preset menu asshown in Figure 3.2.

Presets
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Party

Sofa Left
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Sofa Left
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+

Presets

Easy Chair

Party

Sofa Left

...
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...Presets
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...

Figure 3.1: Select a Preset by pressingits icon on the right of the screen asshown. The currently-selected Preset isindicated with a check mark.

Presets

Easy Chair

Party

Sofa Left

Presets

Easy Chair

Party

Sofa Left

Presets

Easy Chair

Party

Sofa Left

Presets

Easy Chair

Party

Sofa Left

+

Presets

Easy Chair

Party

Sofa Left

...

Presets

Easy Chair

Party

Sofa Left

...Presets

Easy Chair

Party

Sofa Left

...

Figure 3.2: Press the three dots at thetop right of the screen to enter the editmode.

3.2.2 Creating a Preset
In order to create a new preset, enterthe edit mode (as shown in Figure 3.2)and press the “+” icon in the Presetmenu. This will start a process whereyou can name the preset and edit itsparameters.
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Figure 3.3: Press the “+” icon to createa new preset and start editing it.

3.2.3 Editing a Preset
To edit the parameters of an existingpreset, press its associated icon whenin the preset menu’s edit mode.
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Presets

Easy Chair

Party

Sofa Left

...

Presets

Easy Chair

Party

Sofa Left

...Presets

Easy Chair

Party

Sofa Left

...

Figure 3.4: Press anywhere on a preset’sline to begin to edit its parameters.

The preset’s name can be changed bypressing and holding the name at thetop of the preset menu’s edit mode.

Party

Beam Control

Room Compensation

Advanced

Figure 3.5: Press and hold the presetname to change it.

3.2.4 Deleting a Preset
In order to delete a preset, enter thepreset menu’s edit mode and swipe tothe left at any position in the row. Thiswill reveal an “x” on the right side ofthe screen. Pressing the “x” will deletethe preset.
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...

Presets
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Sofa Left

...Presets

Easy Chair

Party

Sofa Left

... Figure 3.6: An example of deleting apreset. To delete the “Party” preset,swipe to the left on its row. This will re-veal the “x” on the right of the screen.Press the “x” to delete the preset.

3.3 Beam Width Control
The beam of sound that is radiatedfrom the BeoLab 90 can be adjusted byselecting from three options:

• Narrow
• Wide
• Omni
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... Beam Control
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Level

Left

3.5m

dB5.0

180  directional sound

Figure 3.7: The Beam Control menu forthe Master loudspeaker. To switch tothe Slave loudspeaker, press the areaaround the two small dots in the centreof the screen.

3.3.1 Narrow
Sit in the “sweet spot” – a location inyour listening room that is exactly thesame distance from each of yourBeoLab 90’s, and where the twoloudspeakers are facing (shown inFigure 3.8). Using your BeoLab 90application, set the Beam WidthControl to “Narrow”.

"Reflection-free Zone"

Figure 3.8: A “perfect” loudspeaker con-figuration with BeoLab 90’s. Both loud-speakers are aimed at the listening po-sition. The distance from the listen-ing position to each loudspeaker is thesame as the distance between the twoloudspeakers. For more detailed infor-mation on loudspeaker configuration,see Appendix 1: Recommendations forCritical Listening

While facing a point located at thecentre between the two loudspeakers,play “Tom’s Diner” (recorded bySuzanne Vega in 1987 for her album“Solitude Standing”). Vega’s voiceshould appear to float at a positionbetween the two loudspeakers. If hervoice does not appear to be locatedexactly mid-way between the twoloudspeakers, it is likely that you aresitting slightly closer to oneloudspeaker than the other – in otherwords, to one side of the sweet spot.Try moving slightly side-to-side andpay attention to the lateral movementof Vega’s voice in space.
This ability for a pair of loudspeakers todeliver the illusion of a sound comingfrom a location in space between themis called phantom imaging or stereo
imaging or simply imaging.
Now pay attention to the apparent
distance to the voice. If the BeamWidth Control of the loudspeakers isset to “Narrow” mode, the voice willappear to floating roughly half-waybetween you and the loudspeakers.This is shown in Figure 3.9.
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Figure 3.9: A map of the phantom im-age location of the voice (shown in red)in Suzanne Vega’s recording of Tom’sDiner. Beam Width: Narrow

Change the track to Jennifer Warnes’srecording of “Bird on a Wire” from theAlbum “Famous Blue Raincoat: TheSongs of Leonard Cohen”. In thisrecording, there are many moreinstruments and voices, however, itshould be very easy to locate theposition of each of those sources ascoming from somewhere between thetwo loudspeakers. A partial map ofthese locations is shown in Figure 3.10.
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Figure 3.10: A map of the phantom im-age locations of instruments and voicesin Jennifer Warnes’s recording of Bird ona Wire. Beam Width: Narrow.

BeoLab 90 is able to deliver such aprecise stereo imaging for activelistening because it is able to reducethe amount of energy in the reflectionsoff the side walls of your listeningroom. This gives the same result at thelistening position as if you usedacoustically absorptive materials onyour walls, or changed the geometry ofyour listening room to avoid having

first reflections in the listening position.
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Figure 3.11: Conceptual drawing show-ing the beamwidth of the Narrow Beam.

You should note, however, that thereare side-effects to using a narrowbeam width. The most obvious may bein the low frequency behaviour of yourBeoLab 90’s. Generally, the overallimpression will be that the basscontent is “tighter” or has more“punch” when the BeoLab 90 is innarrow mode. However, this effect isalso dependent on the setting ofanother parameter described inLatency Mode.

Figure 3.12: Press the sector (or “pizzaslice”) on the BeoLab 90 app to changethe Beam Width to Narrow.

A second potential side effect is thesensitivity of the system to an incorrectlistening position. You may notice that,in narrow mode, it is critical that youare seated at exactly the correctlistening position in order to achieveboth precise and accurate stereoimaging. Small deviations in listeningposition may result in noticeabledetriments in the spatialrepresentation of your recordings.
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Figure 3.13: Polar plot of the directivityof the Narrow Beam. Latency: Long
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Figure 3.14: Full frequency range direc-tivity plot of the Narrow Beam. Latency:Long

3.3.2 Wide
As mentioned above, when the BeoLab90’s are set to a narrow beam width,they are somewhat unforgiving of amis-placement of the listeningposition. This is particularly noticeablewhen you are listening to recordings ormovies with friends and family.
Consequently, in more social orpassive listening situations, it is likelypreferable that the BeoLab 90’s have awider beam width, more similar toBeoLab 5 loudspeakers. Although thiswill likely result in more energy in thesidewall reflections, it also ensures thatthere is a more equal distribution ofthe direct sound across a widerlistening area in the room.

15



Front

Front 
Right

Back 
Right

Front 
Left

Back 
Left

Figure 3.15: Conceptual drawing show-ing the beam width of the Wide Beam.

Figure 3.16: Press the curved line shownabove to change the Beam Width toWide (Front).
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Figure 3.17: Polar plot of the directivityof the Wide Beam. Latency: Long
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Figure 3.18: Full frequency range direc-tivity plot of the Wide Beam. Latency:Long

The side effects of the Wide beam

width are dependent on the strength ofthe sidewall reflections, however, inmany situations, four different effectsmay be audible.
The first is that the apparent distanceto the various sources in the stereomix will collapse slightly, resulting inthe perception that the sources in therecording are roughly the samedistance from the listening position asthe loudspeakers themselves. Thismeans that (relative to the narrowmode) very close sources will movefurther away and very far sources willmove closer to the listening position.
Secondly, the apparent width of thesources will become slightly larger withless precise left-right locations. You willnot have pinpoint locations as innarrow mode – imaging becomesslightly more “cloudy” or “fuzzy”. Thisis due to the extra energy reflected offthe side walls.
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Figure 3.19: A map of the phantom im-age location of the voice (shown in red)in Suzanne Vega’s recording of Tom’sDiner. Beam Width: Wide. Compare toFigure 3.9
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Figure 3.20: A map of the phantom im-age locations of instruments and voicesin Jennifer Warnes’s recording of Bird ona Wire. Beam Width: Wide. Compare toFigure 3.10

Thirdly, the overall timbre or tonecolour of the sound may change as aresult of increase influence of thesidewall reflections at the listeningposition.
Finally, as mentioned above, theoverall “punch” of the bass will changewhen compared to the narrow mode.

Adjusting the Light Ring
To adjust the direction of the indicationon the light ring when the Beam Widthis in wide mode, enter the BeamControl menu’s edit mode (by pressingthe “...” icon in the top right corner).Note that this control will have noeffect on the audio signal – it is onlyused to customised the visual indicator.This can be done independently for thetwo loudspeakers.
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Figure 3.21: Adjusting the visual indica-tor in the light ring on the top of theloudspeaker.

3.3.3 Omni
In some situations, it may bepreferable that the BeoLab 90’s radiatesound in all directions equally. Oneexample of this are when you arethrowing a party and have manyguests listening to musicsimultaneously from many differentlocations in the room. Another exampleis when you have fewer persons in theroom, but they are moving around todifferent locations and simply wantbackground music while they do so.
In such situations, you can set theBeoLab 90’s to deliver an “Omni” beamwidth where sound is radiated equallyin all directions in the horizontal plane.
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Figure 3.22: Conceptual drawing show-ing the beam width of the Omnidirec-tional (Omni) Beam.

Figure 3.23: Press the outside circle inthe Beam Control menu to change theBeam Width to Omni.
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Figure 3.24: Polar plot of the directivityof the Omni Beam. Latency: Long
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Figure 3.25: Full frequency range direc-tivity plot of the Omni Beam. Latency:Long

The side effects of the Omni beamwidth are similar to those of the Widebeam width – the only difference isthat they are more noticeable.Distances to sound sources becomeeven more similar to the distance theloudspeakers, left-right imagingbecomes less precise (but moreforgiving of incorrect listenerplacement), and the influence of wallreflections becomes more audible.
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Figure 3.26: A map of the phantom im-age location of the voice (shown in red)in Suzanne Vega’s recording of Tom’sDiner. Beam Width: Omni. Compare toFigure 3.9
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Figure 3.27: A map of the phantom im-age locations of instruments and voicesin Jennifer Warnes’s recording of Bird ona Wire. Beam Width: Omni. Compare toFigure 3.10

In addition, in cases where theloudspeakers are located near a rearwall, the timbral effects of reflectionsfrom behind the loudspeakers may alsobecome more audible.
Experienced readers will notice that,although in the low frequency bands,the “omni” setting results in anomnidirectional directivity, there aremeasurable “lobing” effects in thehigher frequency bands. This isprimarily caused by the distancesbetween the midrange and tweeterswhich have been optimised for thenarrow beam width, however, in apassive listening or background musicsituation, this will not detract from theoverall performance of theloudspeaker.

3.3.4 Comment
Note that the above illustrationsconnecting Beam Widths to listenerposition are merely that – illustrations.It should also be said that changing theBeam Width of the BeoLab 90 hasnon-intuitive consequences on theperceived sound of the loudspeakers.For example, the overall sensation of“punch” in the bass may be differentfor the three Beam Widths, regardlessof your location in the listening room.Consequently, it may be that youprefer the overall sound of a particularBeam Width, even if you are not sitting“in the beam”.

3.4 Beam Direction Control
There may be cases where you aresitting off-axis to the loudspeakers, faraway from the so-called “sweet spot”in the listening room. Depending onthe placement of your loudspeakers,this may even include listeningpositions that are behind theloudspeakers. In these situations, itmay be desirable to change theprincipal direction of radiation of thesound from the BeoLab 90’s, rotatingthe beam so that it is better directedtowards the listening position. This ispossible using the Beam DirectionControl feature of the BeoLab 90.
When the Beam Width is set to “Wide”,it is possible to change the direction ofthe beam by selecting from fiveoptions:

• Front
• Front Left
• Front Right
• Back Left
• Back Right

These five directions are illustrated inFigure 1.9 as well as Figures 3.15, 3.29,and 3.30.
It should be noted that the BeamDirection control is only available whenthe Beam Width control is set to“Wide”. This is because the narrowbeam width is only possible due to thecluster of three tweeters and threemidrange drivers on the front of theloudspeaker. Also, since the omnibeam width is circular, its rotationwould be redundant.

Figure 3.28: Press the curved line shownabove to change the Beam Width toWide with a Left Front direction.

Note that the beam directions of thetwo BeoLab 90’s in a pair areindependent, however, if you areadjusting the Master loudspeaker’sdirection, the Slave’s direction will beautomatically adjusted to match. (e.g.If you set the Master to Left Back, thenthe Slave will also be set to Left Back.)If you would like the loudspeakers tobe directed in two different directions(e.g. Left Back and Right Front), youshould adjust the Master loudspeakerfirst, and then adjust the Slave.
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Figure 3.29: Conceptual drawing show-ing the beamwidth of theMediumBeamin the Left Front direction.
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Figure 3.30: Conceptual drawing show-ing the beamwidth of theMediumBeamin the Right Back direction.

3.5 Speaker Distance
The Speaker Distance control is used toensure that the times of arrival of theloudspeakers’ signals at the listeningposition are matched, despite theirbeing placed at different distances
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from the listening position. The valuedisplayed on the menu should be thedistance from the listening position toeach loudspeaker. The result of thisalignment is that the closerloudspeaker’s signal is delayed tomatch the time of arrival of the soundfrom the more distant loudspeaker.
Note that, since the Listening Positioncan be different for different Presets,these distances may not necessarily bethe same from Preset to Preset.
Units Metres, FeetRange (m) 0.0 – 10.0Range (ft) 0.0 – 30.0Resolution 0.1Factory Default 1.0 m

3.5.1 Adjusting SpeakerDistances with arotated Beam Direction
If you are measuring the SpeakerDistances manually, then themeasurement should be made fromthe listening position to the tweeterassociated with the Beam Direction asillustrated in Figure 3.32.

Figure 3.32: The Speaker Distance foreach loudspeaker should be measuredfrom the listening position to the rele-vant tweeter for the given Beam Direc-tions.

3.5.2 Adjusting SpeakerDistances for more thanone listening position
In cases where there is more than onelistener present, the Speaker Distancescan be optimised by measuring each

loudspeaker’s position relative to theclosest listening position, as is shownin Figure 3.33.

Figure 3.33: The Speaker Distance foreach loudspeaker should be measuredfrom the relevant tweeter for the givenBeam Directions to the closest listeningposition.

Automated Measurement ofSpeaker Distance
The distance from the listening positionto each BeoLab 90 can be measuredautomatically using the microphoneincluded with the loudspeakers. This isdone by pressing the microphone iconat the bottom of the Beam Controlmenu (shown in Figure 3.34) andfollowing the instructions.
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Figure 3.34: Pressing the microphoneicon in the Beam Control menu startsthe Speaker Distance measurementprocedure.

3.6 Speaker Level
The sensitivity of any two BeoLab 90’shas been calibrated during theircreation to be within 0.2 dB of eachother at any third-octave frequencyband within their frequency range.1

However, there are cases where, dueto placement in the listening room,room acoustics, or the listeningposition relative to the loudspeakers,you may wish to fine-tune the relativelevels of the two loudspeakers. Thiscan be done with the Speaker Leveladjustment.
It is recommended that the SpeakerLevels should be adjusted at thelistening position. Note that this can beperformed either before or after anActive Room Compensation profile hasbeen created – the ARC compensatesfor any adjustments automatically.
The Speaker Level for each BeoLab 90in the pair is adjusted from the BeamControl menu, shown in Figure 3.7.

3.7 Speaker Role
The BeoLab 90 is created as a pair ofloudspeakers – one “master”loudspeaker which has the connectionpanel for the input signals and one“slave” loudspeaker.
Since both the left and right audiochannels are input to your masterloudspeaker, there is no physical wayof knowing which loudspeaker is on theleft and which is on the right (compareFigures 3.35 and 3.36 as an example).As a result, the interface allows you toswap the Speaker Role, to ensure thatthe correct audio channel isreproduced by the correct loudspeaker.
The selection of Left or Right for theMaster and Slave loudspeakers is donein the Beam Control menu, shown inFigure 3.7.

1Preliminary specification. Subject to change.
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Figure 3.35: An example of a loud-speaker configuration where the Mas-ter loudspeaker should be assigned theSpeaker Role of “right”.
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Figure 3.36: An example of a loud-speaker configuration where the Mas-ter loudspeaker should be assigned theSpeaker Role of “left”.

In addition to this, since the beamdirection can be rotated to the back ofthe loudspeakers, it is possible that, forsome presets, you will wish to swap theleft and right Speaker Roles (compareFigures 3.37 and 3.38 as an example).
Note that a Master / Slave pair ofBeoLab 90’s cannot share the sameSpeaker Role. If you wish to send thesame audio signal out of bothloudspeakers, this will have to bearranged using the source device.
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Figure 3.37: An example of a loud-speaker configuration where the Mas-ter loudspeaker should be assigned theSpeaker Role of “right”.
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Figure 3.38: An example of a loud-speaker configuration where the Mas-ter loudspeaker should be assigned theSpeaker Role of “left”.

3.8 Active RoomCompensation
For a general introduction to theeffects of room acoustics on the soundof a loudspeaker, please read Appendix3: The Influence of Listening RoomAcoustics on Loudspeakers
It should be noted that the acousticalbehaviour of a room changesconsiderably when windows or doorsare opened and closed. Consequently,for optimal tuning, it is recommendedthat ARC profiles be made for thesecases, particularly if this change ismade often (e.g. patio doors).

3.8.1 Selecting an ARC Zone
It is possible to create a number ofActive Room Compensation Zones thatcan be recalled either manually, orautomatically as part of a Preset.
In order to disable the active roomcompensation filters, simply de-selectthem in the menu.

Figure 3.39: An example of a listeningspace showing four different overlap-ping ARC zones in red, purple, green,and yellow.
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Figure 3.40: Selecting one or more Ac-tive Room Compensation zones accord-ing to your listening area(s) in the room.Note that it is possible to select morethan one zone simultaneously.

3.8.2 Combining ARC Zones
Multiple ARC Zones can be selectedsimultaneously to create a filter thatincorporates the measurements fromall applicable areas of the listeningroom.
Note, however, that adding an extrazone to a current one may compromisethe quality of the audio signal in theoriginal zone. For example, if you havetwo ARC Zones, one for the “SweetSpot” and the other for the “DiningTable”, adding the Dining Table zone tothe Sweet Spot zone will reduce thequality of the ARC filtering in the sweetspot location. This is due to the factthat some of the filtering required tocompensate for the room’s acoustical
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effects in the dining area may not berequired in the sweet spot.
Also note that changing RoomCompensation zones may cause abreak in the audio signal as the BeoLab90 updates its filters. This is normal.

3.8.3 Creating a new ARCZone
A new Active Room Compensationzone can be created by pressing the“+” icon in the Room CompensationEdit menu. (Enter the RoomCompensation Edit menu by pressingthe three dots at the top right of theRoom Compensation Select menu.)
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Figure 3.41: Press the “+” icon in theRoom Compensation Edit menu to cre-ate a new ARC zone.

This will start a procedure where youwill be guided through the process ofpositioning the microphone in differentlocations to optimised the ARC filters.Note that a total of 20 microphoneplacements can be used for all ARCzones.
During the measurement procedure amagnitude response plot is displayed,starting after the first measurement ismade. This shows an average of theindividual measurement data fromeach microphone placement, displayedat a resolution of 1/12-octave rangingfrom 16 Hz to 8 kHz.
For additional guidance, please see

Appendix 5: Microphone PlacementStrategy when creating ARC Zones.

3.9 Volume
The volume of the BeoLab 90 iscontrollable from 0 to 90 in steps of 1dB. Note that Volume Step 0 is a fullmute.
In its default settings, BeoLab 90 hasbeen calibrated to match the level ofother Bang & Olufsen loudspeakers forits Power Link and Wireless Power Linkinputs. Tables 6.1 and 6.2 show theoutput level of the loudspeaker forvarious inputs and parameters.
Note that, although the Volume controlof the BeoLab 90 is disabled for PowerLink and Wireless Power Link sources,2the volume of the source is duplicatedon the BeoLab 90 app. This is to ensurethat changes to a different source arematched. (See Table 10.1 for a full listof the features that are disabled forvarious Bang & Olufsen products.)
For example, say you have a BeoVisionAvant connected to Power Link inputand a CD player connected to theS/P-DIF input of the BeoLab 90. Youstart by listening to a CD at a highvolume level, then switch to watchingthe television news at a low level (seton the television). When you switchback to listening to CD, the volume ofthe BeoLab 90 will automatically havebeen changed to the low setting of thetelevision.

3.10 Mute
Pressing the mute button in the centreof the volume wheel reduces thevolume to a fixed value of 0.

Figure 3.42: The Volume control (the ex-terior circle) and the Mute control (theicon in the centre of the circle).

In order to unmute the sound, eitherpress the mute button again, or adjustthe volume.
Note that, if the volume setting of theBeoLab 90 was higher than the startupvolume when muted, then the volumesetting after unmuting will be the sameas the startup volume.

3.11 Tone Controls
The Tone Controls on the BeoLab 90consist of traditional Bass and Treblecontrols. These are global adjustmentsthat are applied to all Presets and toboth loudspeakers simultaneously.
It is possible to save and name settingsof the Bass and Treble controls as ToneControl Profiles to be recalled later.These can be used, for example, wheredifferent members of the householdmay have difference preferences –each person can make their ownpersonalised profile. Or you may havea different timbral balance preferencefor different styles of music, or forlistening to movies and music.

3.11.1 Bass
The Bass adjustment allows you tochange the relative amount oflow-frequency sound globally using alow shelving filter with a fixed turnoverfrequency of 120 Hz and a Q of 0.707.The gain at the turnover frequency isone half the maximum change in gainapplied by the filter in decibels. Forexample, when the gain of thecontroller is +6 dB, the gain at 120 Hzis +3 dB.

2This restriction is made to prevent incorrect calibration of levels in surround sound configurations.
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The Bass control is a global filter andtherefore is applied to all Presets. It isalso is independent of the settings ofother equalisation controllers in thesystem such as the Frequency Tilt,Sound Enhance and ParametricEqualiser controls. The range of thecontroller is from -6.0 dB to +6.0 dB insteps of 0.5 dB.
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Figure 3.43: Magnitude Responses:Bass controller. Note that this filter isapplied to both loudspeakers simultane-ously.

3.11.2 Treble
The Treble adjustment allows you tochange the relative amount ofhigh-frequency sound globally using ahigh shelving filter with a fixedturnover frequency of 8 kHz and a Q of0.707. Note that the gain at theturnover frequency is one half themaximum gain applied by the filter indecibels. For example, when the gainof the controller is -4 dB, the gain at120 Hz is -2 dB.
The Treble control is applied to a globalfilter and therefore is applied to allPresets. It is also is independent of thesettings of other equalisationcontrollers in the system such as theFrequency Tilt, Sound Enhance andParametric Equaliser controls. Therange of the controller is from -6.0 dBto +6.0 dB in steps of 0.5 dB.
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Figure 3.44: Magnitude Responses, Tre-ble controller. Note that this filter is ap-plied to both loudspeakers simultane-ously.

3.12 Advanced Controls
The Advanced Controls section givesthe user an almost-surgical controlover the timbral characteristics of theBeoLab 90 using a combination oflegacy Bang & Olufsen audioprocessing, standard equalisation toolsfound in professional studioequipment, and proprietary processingavailable only in this loudspeaker.
The Advanced Controls of the BeoLab90 are

• Latency Mode
• Loudness
• Frequency Tilt
• Sound Enhance
• Sound Design
• Parametric Equaliser

Advanced

Latency Mode High

Flat

0

0

Parametric EQ

Loudness

Frequency Tilt

Sound Enhance

Sound Design

Default

Flat on-axis

Trigger

Preset#

Figure 3.45: The Advanced Controlsmenu.

3.12.1 Latency Mode
In order to control the Beam Width ofthe sound radiating from the BeoLab90, a customised Finite ImpulseResponse (FIR) audio filter is selectedfor each woofer, midrange and tweeter.These filters are applied to each of theDSP’s 18 audio output channels.However, in order to control the verylow frequency bands, it is necessaryfor the woofers’ FIR filters to be verylong. One implication of this is that ittakes some time between the momentan audio signal enters the input of theloudspeaker and the moment it exitsthe loudspeaker as sound. The lower infrequency the Beam Width Control isextended, the longer the latency (ordelay) of the loudspeaker.
This ultimately means that there is adirect relationship between the overalllatency of the loudspeaker and itssound characteristics – especially inthe low frequency bands. One exampleof this effect is: the longer the latency,the “tighter” the bass.
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However, this may mean that, forsome sources and program materials,there is a loss of synchronisation. Forexample, in its longest latency setting,the loudspeaker may be too late tomaintain lip synch with sometelevisions or some multiroomsystems. This is why the latency of theloudspeaker is user-selectable betweentwo different settings.

High
To achieve the highest possible level ofaudio quality from the BeoLab 90, theinternal digital processing must takealmost 1/10th of a second in order tocontrol the low-frequency behaviour ofthe system. This is selected by settingthe Latency Mode to “High”, thusdelivering the ultimate possible soundquality from the loudspeaker.
However, there are cases where such along delay in the loudspeaker willresult in loss of synchronisation withother devices in the system such asthe video (lip synch) or otherloudspeakers in a surround system. Ifyou are experiencing such problems,then the lower latency mode should beselected.
The latency of the BeoLab 90 in “High”latency mode measured using ananalogue input is approximately 79 ms.

Low
In some cases, a BeoLab 90 isconnected to a system that requires alower latency. One example of this is acase where the loudspeaker isconnected to a non-B&O television orsurround processor. A second exampleis a non-B&O multiroom system thatlacks the ability to adapt to differentloudspeaker latencies throughout thenetwork. Another example would be amultichannel loudspeaker setup with anon-B&O surround processor and amixture of different loudspeakers in theconfiguration.
In this case, the overall delay of theBeoLab 90 should be set to “Low” toensure synchronisation with other

loudspeakers in the system.
The latency of the BeoLab 90 in “Low”latency mode measured using ananalogue input is approximately 27 ms.

Effects of Latency Mode onBeam Width
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Figure 3.46: Conceptual plot showingthe relationship between Latency Modeand a Narrow Beam Width over fre-quency. The black curve shows a Highlatency mode. The red curve shows alow latency mode. Note that the highfrequency beam width is the same forboth latency modes. Only the beamwidth of the low frequency bands widenfor lower latencies.

3.12.2 Loudness
Sadly, human hearing is imperfect.One of the issues that we all sufferfrom is that our perception of thetimbre or “tone colour” of a sound isnot constant with listening level. Weare less sensitive to low frequencieswhen they are played at low listeninglevels. In other words, if you arelistening to music at a high level andyou turn down the volume, you willnotice that, the lower the volume, theless bass you can hear. This is also trueof high frequencies, albeit to a lesserextent.
The Loudness setting in your BeoLab90’s counteracts this effect. As youreduce the volume, the bass and treblelevels are automatically increased tocompensate for your reducedperception in the outer frequencybands.
If you do not wish this setting enabled,Loudness should be set to OFF.

Note that the Loudness toggle(whether it is on or off) is stored withthe Preset, so different modes canhave different settings.
Options On / OffDefault On

10 100 1,000 10,000

0

2

4

6

8

10

12

Frequency (Hz)

G
ai

n 
(d

B
)

Figure 3.47: Magnitude responses of theloudness function at various settings ofthe volume control.

Note that, when connected to mostBang & Olufsen sources, the Loudnessfunction in the BeoLab 90 will bedisabled for the Power Link andWireless Power Link inputs. This isbecause in these cases, the Loudnessfunction is performed by the sourcerather than the loudspeaker.

3.12.3 Frequency Tilt
Frequency Tilt can be considered to bea combination of Bass and Treblesettings in a single parameter. WhenFrequency Tilt is set to a low value, thelow frequency content of your audiosignal is increased and the level of thehigh frequency content is reduced.
If the Frequency Tilt is set to a highvalue, then the opposite will be true.
The Frequency Tilt function will haveno effect on the audio signal at itsmiddle setting.
Note that Frequency Tilt can havedifferent settings for different Presets.
The range of the controller is from -6.0dB to +6.0 dB in steps of 0.5 dB. Ascan be seen in Figure 3.48, a controllersetting of +6.0 will result in apeak-to-peak magnitude responsedeviation of approximately 6 dB,however the maximum deviation froma flat response is only 3 dB.
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Figure 3.48: Magnitude Responses, Fre-quency Tilt controller. Note that this fil-ter is applied to both loudspeakers si-multaneously. Black curves show the re-sult for positive slider values, red curvesshow negative slider values.

3.12.4 Sound Enhance
The Sound Enhance setting is similar tothe Frequency Tilt setting in that itaffects the low and high frequencybands with a single slider. Increasingthe Sound Enhance value will increasethe level of the bass and treble bandswhile reducing the midrange.Decreasing the Sound Enhance valuewill have the opposite effect and willenhance the midrange.
The Sound Enhance setting will haveno effect on this audio signal at itsmiddle setting.
Note that Sound Enhance can havedifferent settings for different Presets.
The range of the controller is from -6.0dB to +6.0 dB in steps of 0.5 dB. Ascan be seen in Figure 3.49, a controllersetting of +6.0 will result in apeak-to-peak magnitude responsedeviation of approximately 6 dB,however the maximum deviation froma flat response is only 3 dB.
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Figure 3.49: Magnitude Responses,Sound Enhance controller. Note thatthis filter is applied to both loudspeak-ers simultaneously. Black curves showthe result for positive slider values, redcurves show negative slider values.

3.12.5 Sound Design
At the end of the development process,all Bang & Olufsen loudspeakers gothrough a final tuning process wherethe loudspeaker’s timbre is evaluatedin different listening environments. Inorder to achieve an optimised balancebetween the on-axis frequencyresponse and the three-dimensional“power response”, filters are includedin the signal path to give theloudspeaker a final sound design.
The BeoLab 90 is no exception to this –as a result, it has a custom-tuned,factory-default sound design for everycombination of beam widths, beamdirections, and latency modes.
However, there may be some specificcases where this tuning is notapplicable. One example of this is acase where the BeoLab 90 is used in alistening room such as a recordingstudio where acoustical absorption hasbeen applied to the various surfaces.In this case, it may be preferable touse the BeoLab 90 as a “studiomonitor” style of loudspeaker, wherethe overall tuning is designed todeliver a flat magnitude responsewhen measured on-axis to theloudspeaker in a free field.
The Sound Design control allows you toswitch between these two tunings. It iscurrently planned that additional sounddesigns will be made available infuture software releases.

3.12.6 Parametric Equaliser
For a general introduction to
equalisation, please see Appendix 2:
Introduction to Parametric Equalisers.
In cases where a more detailed controlof the frequency response of theloudspeaker is needed, a 10-bandparametric equaliser is available. Thisallows you to sculpt the timbralbalance of the loudspeaker with a highdegree of precision.
When the gains of all ten filters in theParametric Equaliser are set to 0 dB,the processing block is automaticallydisabled.
Figures 3.50 and 1.10 are given asrough “maps” of frequency asreference when using the ParametricEqualiser.

440.0 Hz

660.0 Hz

880.0 Hz

1320.0 Hz

220.0 Hz

261.6 Hz

330.0 Hz

110.0 Hz

165.0 Hz

55.0 Hz

55.0 Hz

Figure 3.50: Pitch vs. Fundamentalfrequency for reference purposes whenequalising.
BeoLab 90’s Parametric EQ consists ofone low-shelving filter, onehigh-shelving filter, and 8 reciprocalpeak-dip (or peaking) filters withdifferent frequency ranges as listed inTable 6.4. Each filter has a variableFrequency, Gain, and Q.
The centre frequencies of all filtershave ranges limited to 5 octaves inorder to optimise their signal-to-noiseratios while providing a wide range ofcontrol. Frequencies are limited to ISO1/6th octave centres as listed in Table6.5.
The available Q’s of the filters arelimited to the values listed in Table 6.6.
Note that all filters are implemented inseries, and that frequencies may
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overlap each other in cases whereadditional gain is desired.
All filters in the Parametric EQ sectionare implemented as minimum phasefilters.
In order to ensure phase matching ofthe two loudspeakers and therefore tomaintain phantom imagingcharacteristics, identical ParametricEqualiser parameters are applied toboth loudspeakers simultaneously.

Magnitude Response Plots
Low-Shelving Filter
The BeoLab 90 Parametric Equaliserhas one low-shelving filter availablewith a frequency range of 16.0 Hz to500.0 Hz and a Q range of 0.35 to 1.The gain ranges from -6.0 dB to +6.0dB in steps of 0.5 dB.
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Figure 3.51: Magnitude Responses, Ad-vanced EQ, Low Shelving filter: Fc = 100Hz, Gain varied from -6.0 to +6.0 dB, Q= 1.
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Figure 3.52: Magnitude Responses, Ad-vanced EQ, Low Shelving filter: Fc var-ied from 16 to 500 Hz., Gain = ±6 dB,Q = 1.
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Figure 3.53: Magnitude Responses, Ad-vanced EQ, Low Shelving filter: Fc = 100Hz, Gain =±6 dB, Q varied from 0.35 to1.

Peaking Filters
The BeoLab 90 Parametric Equaliserhas eight reciprocal peak-dip orpeaking filters available. All peakingfilters have a Q value that ranges from0.35 to 8.0 where the Q is based on abandwidth defined by the half-gainpoints3. The gain ranges from -6.0 dBto +6.0 dB in steps of 0.5 dB. Thepeaking filters have a range of 5octaves with differing limits as follows:

• Four low-frequency filters with arange of 16.0 Hz to 500.0 Hz.
• Three mid-frequency filters witha range of 250.0 Hz to 8.0 kHz.
• One high-frequency filter with arange of 2.0 kHz to 63.0 kHz.
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Figure 3.54: Magnitude Responses, Ad-vanced EQ, Peaking filter: Fc = 100 Hz,Gain varied from -6.0 to +6.0 dB, Q = 1.
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Figure 3.55: Magnitude Responses, Ad-vanced EQ, Peaking filter: Examples ofFc varied from 16 Hz to 32 kHz on one-octave centres, Gain = ±6 dB, Q = 1.
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Figure 3.56: Magnitude Responses, Ad-vanced EQ, Peaking filters: Fc = 100 Hz,Gain = ±6 dB, Q varied from 0.35 to 8.

High Shelving Filter
The BeoLab 90 Parametric Equaliserhas one high-shelving filter availablewith a frequency range of 500.0 Hz to16.0 kHz and a Q range of 0.35 to 1.The gain ranges from -6.0 dB to +6.0dB in steps of 0.5 dB.
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Figure 3.57: Magnitude Responses, Ad-vanced EQ, High Shelving filter: Fc =1000 Hz, Gain varied from -6.0 to +6.0dB, Q = 1. Note that this filter is appliedto both loudspeakers simultaneously.

3For more information on this, please see “The Equivalence of Various Methods of Computing Biquad Coefficients for Audio Parametric Equalizers” Robert Bristow-Johnson,Preprint 3906, 97th International Convention of the Audio Engineering Society, November 1994
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Figure 3.58: Magnitude Responses, Ad-vanced EQ, High Shelving filter: Fc var-ied from 500Hz to 16 kHz, Gain = ±6dB, Q = 1.
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Figure 3.59: Magnitude Responses, Ad-vanced EQ, High Shelving filter: Fc =100 Hz, Gain = ±6 dB, Q varied from0.35 to 1.

Factory default settings
The factory default settings for theParametric Equaliser parameters areadjusted to compensate for the timbraleffects of the fabric-covered grillecovering the midrange/tweetersection. If you use your BeoLab 90’swithout this grille, you should reset theParametric Equaliser filters to “Flat”,thus setting the gain parameter of allten filters to 0 dB.

3.13 Triggers
It is not necessary to manually selectPresets using the BeoLab 90 app. It is

possible, instead, to have Presetstriggered to be selected automaticallyusing one of two possible externalcontrols: By Speaker Group (if youhave a Bang & Olufsen television suchas a BeoVision 11 or BeoVision Avant)or By Source.

By Speaker Group
If you have a pair of BeoLab 90’sconnected to a Bang & Olufsentelevision such as a BeoVision 11 orBeoVision Avant as shown in Figure3.60, then it is possible toautomatically trigger presets intandem with the television’s SpeakerGroup. This selection is done in theSpeaker Group menus on thetelevision, where you can select a“Speaker Preset” number for theBeoLab 90 as one of the parameters inthe Speaker Group. See the BeoVisionTechnical Audio Guide for moreinformation about this.
Note that, in cases where amultichannel loudspeakerconfiguration includes more than onepair of BeoLab 90’s connected to aBeoVision television, it will benecessary to ensure that the Preset
numbers are the same for all pairs ofBeoLab 90’s in the system, since thetelevision sends out only one SpeakerPreset number for all loudspeakersconnected to it.

By Source
Imagine you have a pair of BeoLab90’s connected to two non-B&Osources as shown in Figure 3.61.

• an AV Surround Processorconnected to the XLR Line inputs.The device is also connected toother loudspeakers to form amultichannel (surround)configuration for watchingmovies.
• a high-resolution audio playerconnected to the USB Audio input

In addition, you have configured twoPresets in your BeoLab 90’s:
1. Optimised for multichannellistening with a listening zonethat encompasses more than onelistening position (e.g. the wholesofa).
2. Optimised for 2.0 Stereo listeningwith only one “sweet spot” in thecentre of the sofa.

In this situation, you want the AVSurround processor to automaticallyselect Preset 1 and the high-resolutionaudio player to automatically selectPreset 2. In this way, there is no needto manually change BeoLab 90 presets.

Mixed systems
Note that is possible to trigger both bysource and by Speaker Group in mixedsystems such as that shown in Figure3.62. In this case, the BeoVisiontelevision is controlling the BeoLab 90preset within its Speaker Groupparameters. However, the BeoLab 90can also have a preset that isautomatically triggered by thehigh-resolution audio player connectedvia USB Audio.
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Figure 3.60: An example of a pair of BeoLab 90’s connected to a BeoVision 11 using Power Link.
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Figure 3.61: An example of a pair of BeoLab 90’s connected to two sources: an AV Surround Processor via XLR and a high-resolutionaudio player via USB Audio.
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Figure 3.62: An example of a pair of BeoLab 90’s connected to two non-B&O sources: an AV Surround Processor via XLR and a high-resolution audio player via USB Audio.
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Inputs
As can be seen on the connector panelshown in Figure 4.5, the BeoLab 90 hasa total of eight different audio inputs asfollows:
Bang & Olufsen Proprietary

• Power Link (analogue)
• Wireless Power Link (digital)

Digital inputs
• S/P-DIF (or“coaxial”)
• Optical
• USB Audio

Analogue inputs
• XLR (or “balanced line”)
• RCA Phono (or “unbalanced line”)

Wireless inputs
• WiSA

The technical specifications for thesecan be found in Inputs.
It is possible to enable an audio sourceconnected to an input either manually(via the BeoLab 90 iOS application) orautomatically, as described below.

4.1 Inputs Selection
4.1.1 Automatic Selection

Inputs

Power Link

XLR

S/P-DIF

RCA

Optical

USB-Audio

WPL / WiSA

Automatic

AUTOMATIC SENSE

MANUAL SENSE

...Inputs

Power Link

XLR

S/P-DIF

RCA

Optical

USB-Audio

WPL / WiSA

Automatic

AUTOMATIC SENSE

MANUAL SENSE

... RCA

Gain Offset 5 dB

-76 dBV

5 min.

50 kΩ

2.0 V 

Detection threshold

Max input voltage

Input impedance

Time-out

Figure 4.1: The Input Select menu.

Selection Priority
If the BeoLab 90 is set to automaticallydetect an input signal, then it may benecessary to customise theprioritisation of the sources. Forexample, if you have a CD playerconnected to the S/P-DIF input and aturntable connected to the XLR input,and both sources are playing, thisparameter allows you to determinewhich source should “win” and beplayed by the BeoLab 90.
This prioritisation can be personalisedby changing the vertical order of theinputs on BeoLab 90 application in theInput Select menu (press the “...” iconat the top right to enter the edit mode).

Inputs

Power Link

XLR

S/P-DIF

RCA

Optical

USB-Audio

WPL / WiSA

Automatic

AUTOMATIC SENSE

MANUAL SENSE

...Inputs

Power Link

XLR

S/P-DIF

RCA

Optical

USB-Audio

WPL / WiSA

Automatic

AUTOMATIC SENSE

MANUAL SENSE

... RCA

Gain Offset 5 dB

-76 dBV

5 min.

50 kΩ

2.0 V 

Detection threshold

Max input voltage

Input impedance

Time-out

Figure 4.2: The priority of automatically-selected sources can be changed by re-arranging their order.

4.1.2 Manual Selection
There may be cases where you preferto manually select an input. In thiscase, you can drag the input into the“Manual Sense” list at the bottom ofthe Inputs menu screen. In this case, asignal on one of these inputs will notbe automatically detected by theBeoLab 90 and must therefore beswitched on and off manually.

4.2 Individual InputParameters
Note that not all controls are availablefor all inputs.

4.2.1 Re-naming
It is possible to re-name the inputslabels in the BeoLab 90 application byentering the edit mode of the Inputsmenu, selecting an input, and thenpress-and-hold the name of the inputat the top of the screen.
This personalised name (i.e. “CDPlayer” or “Turntable”, for example)will be displayed throughout theBeoLab 90 application.
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Figure 4.3: Rename an input by pressingand holding its name in the Input menu

4.2.2 Gain Offset
You can change the relative levels ofthe individual inputs using the Gain
Offset parameter. For example, if youhave a particular source that has alower output level than the others, itsGain Offset can be increase tocompensate, making it appear to havethe same level as your other audiosources.
Range -12 to 12 dBResolution 1 dBFactory Default 0 dB
Note that the Gain Offset parameter isnot available for the Power Link andWireless Power Link inputs.

4.2.3 Detection Threshold
The BeoLab 90 can be set toautomatically turn itself on bydetecting the presence of a signal onthe XLR and RCA line inputs. However,depending on your source and/or thestyle of music you typically listen to, itmay be necessary to make thedetection more or less sensitive. Thiscan be done using the Detection
Threshold control.
For example, if you listen to music witha large dynamic range, it may benecessary to lower the DetectionThreshold to make the BeoLab 90 moresensitive to the presence of quietsignals. Conversely, if you have anaudio source that has a higher noise

floor, it may be necessary to increasethe Detection Threshold in order tomake the BeoLab 90 less sensitive.
Range -76 to -46 dBVResolution 3 dBFactory Default -76 dBV
See Figure 4.4 for a graphicrepresentation of the the detectionthreshold relative to the signalstrength.
Note that the Detection Thresholdparameter is not available for thePower Link input, since theloudspeaker is automatically turned onand off by the Power Link source.
Note that, for the USB Audio, S/P-DIFand Optical digital inputs, the
Auto-detection control is used insteadof the Detection Threshold.

4.2.4 Auto-detection
The BeoLab 90 can be set toautomatically turn itself on bydetecting the presence of a signal onits digital inputs by setting the
Auto-detection to ON. However, this isslightly different from the detection ofanalogue signals, since the digitalinputs are triggered by the presence ofa digital audio stream rather than asignal on that stream.
Consequently, if you have a digitalaudio source that maintains a digitalaudio stream, even when it is notplaying an audio signal, this will causethe BeoLab 90 to remain powered.
Options On / OffFactory Default On
Note that the Auto-detectionparameter is only available for the USBAudio, S/P-DIF and Optical inputs.
Note that, for the XLR and RCAanalogue inputs, the Detection
Threshold control is used instead of the
Auto-detection.

4.2.5 Maximum Input Voltage
Different audio sources have differentmaximum analogue output levels.

Typically, a maximum level from aline-level RCA output is 2.0 V RMS,however, different manufacturersoccasionally choose to deliver a higheroutput level on some models.
In order to maximise thesignal-to-noise ratio of your audiosystem, the BeoLab 90 gives you theoption to change the Maximum InputVoltage for the the XLR and RCA lineinputs. The datasheet for your audiosource should indicate its maximumoutput level. The value in the BeoLab90 iOS application should be set tomatch this value.
If the source has a higher maximumoutput level than that which is set inthe BeoLab 90 iOS application, thismay cause distortion due to clipping ofthe signal at the loudspeaker’s inputs.
If the source has a lower maximumoutput level than that which is set inthe BeoLab 90 application, this willcause your maximum output of theloudspeaker to be lower, and theoutput noise floor to be increased.
Options 2.0, 4.0, 6.5 V RMSFactory Default 2.0 V RMS
Note that the Maximum Input Voltageparameter is only available for the XLRand RCA line inputs.

4.2.6 Time-out
In cases where the automatic signaldetection is used to turn the on BeoLab90, the Time Out control can be usedto determine the length of time theloudspeaker continues to be poweredup after the audio signal has stopped.
It may be necessary to increase thelength of this time if you listen tomusic with an extreme dynamic range.For example, a quiet passage in apiece of music may be below thedetection threshold. If the duration ofthat passage is longer than the Time
Out value, then the loudspeaker will gointo standby mode while the piece isplaying.
Options 2, 5, 10, 15, 20 MinutesFactory Default 15 Minutes
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Figure 4.4: The “Detection Threshold” and “Time Out” parameters
Note that the Time-out function is notavailable for the Power Link, WirelessPower Link and WiSA inputs.

4.2.7 Input Impedance
If the BeoLab 90’s RCA Line input isconnected to a device’s headphoneoutput that uses a Class-D amplifier,there may be instances where thiscauses the noise floor to rise audibly.This is caused by the input impedanceof the BeoLab 90 being much higherthan that which is expected by theheadphone amplifier’s designer. Inorder to correct this problem, the inputimpedance of the RCA input can be setto a low value of 50 Ω.
However, if the input impedance of theRCA input is set to 50 Ω and it isconnected to a device’s standardlow-impedance line output, this mayhave a detrimental effect on the signal.For example, the maximum possibleoutput level will be reduced. In somecases, incorrectly setting the inputimpedance to 50 Ω may also causedistortion of the audio signal.
Options 50 Ω, 50 kΩFactory Default 50 kΩ
Note that the Input Impedance controlis only available for the RCA line input.

4.2.8 Control Volume ofS/P-DIF (or Optical)input using Power Link
Bang & Olufsen audio products that areable to send the audio signal on anS/P-DIF output additionally send the

volume setting on the data connectionincluded in the Power Link cable. This isused for various reasons. One primaryexample of this is current customerswho connect a BeoSound 9000 to apair of loudspeakers such as BeoLab5’s or BeoLab 90’s via a S/P-DIF digitalconnection. Since the BeoSound 9000does not apply volume regulation tothe S/P-DIF output, the volume settingmust be sent separately on the PowerLink cable and applied to the audiosignal inside the loudspeaker instead.
This parameter on the BeoLab 90allows customers to use the volumecontrol of a Bang & Olufsen source(sent via a Power Link connection) andapply it to an audio signal coming intothe BeoLab 90 via its S/P-DIF input.
Note that, in order for this option tofunction properly, the S/P-DIF inputmust be assigned a higher priority thanthe Power Link input in the SelectionPriority.
This function is also independentlyavailable for signals on the Opticalinput.
When the volume of the BeoLab 90 iscontrolled by an external Power Linksource, the volume wheel in theBeoLab 90 application is greyed outand will not respond to touchcommands. It does, however, displaythe volume setting assigned to theBeoLab 90 by the Power Link datasignal.
Options Enabled / DisabledFactory Default Disabled

4.2.9 USB Volume enabled
When the BeoLab 90 is connectedusing USB Audio to an audio source,you have the option of using thesource’s volume as an external controlfor the gain of the loudspeaker. Thisalso means that the volume of theBeoLab 90 (set by its remote control)would be reflected on the userinterface of the audio source orsoftware player.
However, this external control of theBeoLab 90 may not be desirable in allsituations. For example, it is very easyto instantly change the volume of asoftware audio player to maximum,which will be surprisingly loud with aBeoLab 90 if the change wasaccidental. It also may be preferable toset the BeoLab 90 to a static (e.g. low)volume setting and to have anindependent adjustment on the sourcedevice. In these cases, the USB Volume
Enabled should be set to Disable.
Options Enabled / DisabledFactory Default Disabled
Note that the USB Volume control isonly available for the USB Audio input.

4.3 Connection Panels
The connection panels on the Masterand Slave BeoLab 90’s are slightlydifferent in that audio signals can onlybe connected to the Masterloudspeaker. The audio signalconnections from your source devicesshould be connected to the Masterloudspeaker. The only audio input onthe Slave loudspeaker is the DPL or
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Digital Power Link input.
Note that the “DPL” connectors canalso function as an Ethernet wiredconnection to your network router.

OPTICAL

S/P-DIF

LEFT XLR RIGHTMIC / IR POWER LINK

LEFT RCA RIGHT

USB 
5V    0.5 A

USB 
AUDIO

DPL DPL DPL / 
ETHERNET

USB 
5V    0.5 A

DPL / 
ETHERNET

DPL DPL

Figure 4.5: Audio connection panel –Master loudspeaker. Analogue inputsare shown in blue. Digital audio con-nections are shown in red. Utility con-nections are shown in black.

OPTICAL

S/P-DIF

LEFT XLR RIGHTMIC / IR POWER LINK

LEFT RCA RIGHT

USB 
5V    0.5 A

USB 
AUDIO

DPL DPL DPL / 
ETHERNET

USB 
5V    0.5 A

DPL / 
ETHERNET

DPL DPL

Figure 4.6: Audio connection panel –Slave loudspeaker. Note that the onlyaudio connectors on this loudspeakerare for the Digital Power Link connectionto the Master loudspeaker.

If you are familiar with XLR connectors,you will notice that the push-buttonlock is missing on the XLR input. This is

intentional and has been done to helpto minimise rattling artefacts whenplaying at higher sound pressurelevels.
For specific information regarding thevarious inputs, please see Inputs.
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System
5.0.1 About
The “About” menu allows access toinformation regarding the loudspeakeras well as the audio signal it iscurrently playing. Select the “SpeakerInfo”, and then either the “InputSignal” to display detailed informationabout the input audio signal or“Temperatures” to display the currenttemperatures of the loudspeakerdrivers.

5.0.2 Max Volume
The Max Volume control allows you todetermine the limit of the volumecontrol.
Range 0 – 90Resolution 1 dBFactory Default TBD
Note that the Max Volume parameter isnot available for the Power Link andWireless Power Link inputs.

5.0.3 Startup Volume
The Startup Volume control allows youto determine the volume level whenthe BeoLab 90 wakes as a result of adetected signal, or is manually turnedon.
Range 0 – 90Resolution 1 dBFactory Default 42
Note that the Startup Volumeparameter is not available for thePower Link and Wireless Power Linkinputs. Also note that the Startup
Volume may be overridden by thevolume control from Power Link (ifenabled for S/P-DIF or Optical) or a USBAudio volume control (if enabled).

5.0.4 Power Enhance
At very high listening levels, BeoLab 90can demand a very high current fromthe AC Mains supply. In cases wheremore than one loudspeaker is

connected through the same fuse orcircuit breaker, it is possible that thesimultaneous demands of bothloudspeakers will exceed the allowablecurrent through the circuit breaker,causing it to “trip” and stop power theloudspeakers. In order to reduce thelikelihood of this happening, it isrecommended that the two BeoLab90’s are connected to two differentpower circuits.
In cases where it is not possible toconnect the BeoLab 90’s to separatepower sources, the Power Enhancefeature should be set to Disabled. Thiswill reduce the maximum allowablecurrent demand of the loudspeakers onthe AC mains, thus reducing thepossibility of losing power as a result ofhigh listening levels. Consequently, themaximum sound pressure level of theloudspeaker will be automaticallylimited in order to limit the maximumpower consumption.
Options Enabled / DisabledFactory Default TBD
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Tables
6.1 Loudspeaker Sensitivity
Input dB SPL “Max Input” Level Setting
Power Link 88.0 6.5 V rms (Fixed)XLR, RCA 88.0 6.5 V rmsXLR, RCA 92.2 4.0 V rmsXLR, RCA 98.2 2.0 V rms

Table 6.1: Unweighted Sound Pressure Level (SPL) of the BeoLab90 at 1 m in a free field (200 Hz – 2 kHz). Input signal strength:125 mV rms. Volume Step: 90. All other parameters set to Fac-tory Defaults. Note that the input signal strength on the XLRinput is measured between pins 2 and 3.
Input Output
USB Audio, S/P-DIF, Optical 92.3 dB SPLWireless Power Link 92.3 dB SPLWiSA TBD

Table 6.2: Unweighted Sound Pressure Level (SPL) of the Beo-Lab 90 at 1 m in a free field (200 Hz – 2 kHz). Input signal: -30.0dB FS. Volume Step: 90. All other parameters set to FactoryDefaults.

6.2 Volume Control
Volume Step Output
90 92.3 dB SPL89 91.3 dB SPL88 90.3 dB SPL. .51 53.3 dB SPL50 52.3 dB SPL49 51.3 dB SPL. .2 4.3 dB SPL1 3.3 dB SPL0 -∞ dB SPL

Table 6.3: Unweighted Sound Pressure Level (SPL) of the audiosignal from a BeoLab 90 at 1 m in a free field (200 Hz – 2 kHz).Input signal: -30.0 dB FS. Note that these values consider onlythe output level of the audio signal and assume that thermalprotection has not been engaged.

6.3 Parametric Equaliser
Type Range (Hz) Filters
Low Shelving 16.0 – 500.0 1Peaking (LF) 16.0 – 500.0 4Peaking (MF) 250.0 – 8.0 3Peaking (HF) 2.0 k – 63.0 k 1High Shelving 500.0 – 16.0 k 1

Table 6.4: Frequency ranges of Parametric EQ filters.

Band Frequency (Hz)
Ultrasonic 31.5k 35.5k 40k 45k 50k 56k 63k
Treble 16k 18k 20k 22.4k 25k 28k8k 9k 10k 11.2k 12.5k 14k4k 4.5k 5k 5.6k 6.3k 7.1k
Midrange 2k 2.24k 2.5k 2.8k 3.15k 3.55k1k 1.12k 1.25k 1.4k 1.6k 1.8k500 560 630 710 800 900250 280 315 355 400 450125 140 160 180 200 224
Bass 63.0 71.0 80.0 90.0 100 11231.5 35.5 40.0 45.0 50.0 56.0
Infrasound 16.0 18.0 20.0 22.4 25.0 28.0

Table 6.5: ISO 1/6th octave-spaced centre frequencies (in Hz)of Parametric EQ filters. Frequency Bands are given for approx-imate information only.

Filter Type Q values
Low Shelving 0.35, 0.5, 0.7, 1.0Peaking 0.35, 0.5, 0.7, 1.0, 1.4,2.0, 2.8, 4.0, 5.6, 8.0High Shelving 0.35, 0.5, 0.7, 1.0

Table 6.6: Available Q values of Parametric EQ filters.
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Features
7.1 Resonance-based SoundDesign
A very large part of the sound tuning ofthe BeoLab 90, like many other Bang &Olufsen loudspeakers, is based onacoustical measurements performed atmany locations around, above andbelow the loudspeaker.

Figure 7.1: The first BeoLab 90 pro-totype undergoing acoustical measure-ments in The Cube.

One of the important aspects of thesemeasurements is to find the behaviourof the loudspeaker in time. Forexample, if a sound is sent to theloudspeaker, and then stoppedsuddenly, does the loudspeaker alsostop, or does it “ring” at somefrequencies (in exactly the same waythat a bell rings when struck). Ringingin the time response of a loudspeakeris an indication that it has a resonance– a frequency at which it “wants” tomove. This resonance has adetrimental effect on the overall soundof the loudspeaker, since it “smears”sounds in time.
For example, if you have a loudspeakerthat has a natural resonance at 110 Hz(a “Concert A” to musicians) then it willnaturally ring at that note when it is

“hit” with an impulsive signal such as akick drum. If the song that the band isplaying is not in A (major or minor), butin B-Flat instead, then there will be adissonance between the notes playedmost often in the song, and the notethat is “singing along” with the kickdrum. This can contribute to theloudspeaker sounding “muddy” (to useonly one word...).
This is why the measurement-basedportion of the filtering of all currentBang & Olufsen loudspeakers isprimarily designed to counteract thenatural resonances in the system. So,for example, if one of the woofers inthe BeoLab 90 has a natural resonanceat 110 Hz, then that resonance ismirrored with an equal, but oppositephase behaviour in the Digital SignalProcessing engine. The total result ofthe filter in the DSP and the behaviourof the woofer is that there is nounwanted ringing in the entire system.This, in turn, means that theloudspeaker’s response is controllednot only in the frequency domain but inthe time domain as well.
This is only possible with an extensiveset of measurements of eachloudspeaker driver’s mechanical andacoustical behaviour and acustom-created set of filters for it.

7.2 Phase-Optimised Filtering
Like all audio devices, in order for theBeoLab 90 to deliver its level of soundperformance, filters are used in theDigital Signal Processing (DSP).Generally, an audio filter is a devicethat changes the overall response ofthe the audio signal. In the case ofBeoLab 90, these are used for variousreasons such as controlling therelationship between the differentloudspeaker drivers, acting ascrossovers to distribute the correctsignals to the tweeters, midranges andwoofers, and optimising the overallmagnitude response of the total

system.
An audio filter has an effect on thebehaviour of the signal’s magnitude(how loud it is at a given frequency)and/or its phase (a type of measure ofthe amount of time it takes a givenfrequency to get through the filter).Since the BeoLab 90 uses digitalinstead of analogue filters, we are ableto choose the characteristics of eachfilter’s phase response independentlyof its magnitude response. Forexample, a filter can be implementedto have a “minimum phase” or a“linear phase” (the two most commonresponses) characteristic, regardless ofthe magnitude response it is requiredto deliver.
The phase response of each filter inBeoLab 90’s processing chain havebeen individually tailored according toits particular function. For example,some of the crossover filters have beenimplemented as linear phase filters.Most filters in the Active RoomCompensation algorithm areimplemented as minimum phase filters(since room resonances have aminimum phase characteristic). TheBeam Width Control filters havecustomised phase responses that aredependent on the particularfrequency-dependendentcharacteristics of the individualloudspeaker drivers that they controland are therefore neither minimumphase nor linear phase.

7.3 Automatic BassLinearisation (ABL) andThermal Protection
Almost all loudspeakers in the Bang &Olufsen portfolio (including BeoLab 90)feature Automatic Bass Linearisation or“ABL”. This is an algorithm that waspatented by B&O in 1991 and iscustom-tuned for each of our products.Its purpose is to ensure that, when thephysical limits of a component of theloudspeaker are reached (for example,
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a woofer is approaching its maximumexcursion, or a power amplifier is closeto clipping) the loudspeaker eitherprevents that limit from being reached,or the transition to that limit is“softened” (depending on thecomponent in question).
In addition, BeoLab 90’s processingcontinually monitors the individualtemperatures of many internalcomponents including:

• Individual loudspeaker drivermagnets
• Power Amplifier modules
• DSP circuit boards
• Power Supply circuit boards

Using this information, combined withthe power that the amplifiers deliver tothe loudspeaker drivers, thetemperatures of many morecomponents within BeoLab 90 arecalculated using customised thermalmodels of the loudspeaker.
If the temperature of a componentinside the loudspeaker approaches its“thermal limit” (the temperature atwhich it stops working due tooverheating) the signal processing ofthe BeoLab 90 adjusts the signals toprotect the component. The exact type

of adjustment depends on theparticular component that isapproaching its limits. As a simpleexample, if a tweeter voice coil iscalculated to be approaching its limit,then its gain is reduced to attempt toprotect it from destruction.
It is important to state that this does
not mean that the BeoLab 90 isindestructible – but it does make itvery difficult to destroy.
More information can be found inAppendix 6: ABL - Adaptive BassLinearisation.

7.4 Thermal CompressionCompensation
BeoLab 90’s processing includesautomatic compensation for changes inloudspeaker driver response as a resultof internal changes in temperature.
For more an in-depth explanation ofthis feature, please see Appendix 7:Thermal Compression Compensation.

7.5 Production “Cloning”
Every BeoLab 90 that leaves theproduction line is measured in a

custom-built anechoic chamber toensure that its performance matchesthe master reference loudspeaker. Thisautomated measurement is performedusing 18 microphones (one for eachloudspeaker driver) where smalldifferences in the responses are foundand custom correction filters arecreated and loaded into the DigitalSignal Processing. This ensures thateach loudspeaker’s third-octavesmoothed response matches that ofthe master reference loudspeakerwithin 0.2 dB between 20 Hz and 20kHz.1

Figure 7.2: An early prototype in theanechoic chamber at the end of theBeoLab 90 production line where ev-ery loudspeaker is measured and cali-brated.

1These values have not yet been finalised.
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Technical Specifications
8.1 Total System
Note: Total System measurements performed with Sound Design set to “Flat on-axis” and Active Room Compensation disabled.
Frequency Response TBD (-10 dB, ref. 200 Hz - 2 kHz)Frequency Range TBD (-10 dB, ref. 200 Hz - 2 kHz)Sensitivity see Tables 6.1 and 6.2Maximum SPL TBD (C) @ 1 m, on-axisSelf Noise (Digital input) TBD (A) @ 1 m, on-axisSelf Noise (Analogue input) TBD (A) @ 1 m, on-axis

8.2 Preamplifier and Processor Section
In order to simplify comparison of BeoLab 90’s technical data to other products, the information in this chapter has been divided intothree sections:

• Preamplifier and Processor, equivalent to a surround processor, preamp or receiver
• Power Amplifiers
• Loudspeaker Drivers

Stereo Preamp

BeoLab 90

Power Amps Loudspeakers

Figure 8.1: A block diagram of the BeoLab 90 showing the comparative sections in terms of competing devices.

8.2.1 Overall Specifications
Note: Hardware-only measurement. All filters and equalisation bypassed or removed from signal processing for measurements.
These specifications include the analogue stages that follow the DAC outputs.

Digital input to DAC outputs
Frequency Response 0 Hz to 40 kHz (+ 0 dB, -1 dB)Frequency Range 0 Hz to 75 kHz (+ 0 dB, -3 dB)THD+N 0.001% (997 Hz, -1 dB FS, 22 Hz – 20 kHz)Dynamic Range 122 dB (A) (997 Hz, -60 dB FS, 20Hz – 20kHz, AES17)

Analogue input to DAC outputs
Frequency Response 6 Hz to 40 kHz (+ 0 dB, -1 dB)Frequency Range <2 Hz to 75 kHz (+ 0 dB, -3 dB)THD+N 0.001% (997 Hz, -1 dB FS, 22 Hz – 20 kHz)Dynamic Range 119 dB (A) (997 Hz, -60 dB FS, 20Hz – 20kHz, AES17)
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8.2.2 Inputs
Analogue Inputs
Analogue-to-Digital Converter
Note that the same ADC model is used for all analogue inputs.
Model Texas Instruments PCM4220Sampling Rate 192 kHz (fixed)Resolution 24 bitsFrequency Response 10 Hz – 80 kHz (+ 0 dB, -0.2 dB)Frequency Range < 2 Hz – 85 kHz (-3 dB)Dynamic Range (Typical) 122 dB (A) (997 Hz, -60 dB FS)Dynamic Range (Worst-case) 117 dB (A) (997 Hz, -60 dB FS)THD+N 0.001% (997 Hz, -1 dB FS, 22 Hz – 20 kHz)Channel Separation 100 dB (20 Hz to 20 kHz)Passband Ripple ±0.001 dB
Power Link
Connector RJ45Input Impedance 100 kΩAudio Channels 2Maximum Input Voltage 6.5 V RMSFeatures 5 V control voltage for On/StandbyPower Link Data supportSensitivity see Table 6.1
XLR Line
Input Impedance (Single-ended) 50 kΩ (Fixed)Input Impedance (Balanced) 100 kΩ (Fixed)Maximum Input Voltage 2.0, 4.0, 6.5 V RMS (Selectable)Features Differential and impedance balanced
Pin configuration
Pin 1 Audio groundPin 2 Positive signal input (“hot”)Pin 3 Negative signal input (“cold”)
RCA Line
Input Impedance 50 Ω , 50 kΩ (Selectable)Maximum Input Voltage 2.0, 4.0, 6.5 V RMS (Selectable)

Digital Inputs
Sampling Rate Converter
Note that the SRC is applied to all digital inputs.
Model Texas Instruments SRC4392Output sampling rate 192 kHz (fixed)Output word length 24 bitsTHD+N 0.000014% (f=997 Hz, 0 dBFS, 22 Hz – 40 kHz, unweighted)Dynamic Range 138 dB (f=997 Hz, -60 dBFS, 22 Hz – 40 kHz, unweighted)Passband Ripple ±0.008 dB
S/P-DIF

37



Supported Format Linear PCMSampling rate Standard sampling rates up to 192 kHzWord length 24 bits
Optical Connector
Supported Format Linear PCMSampling rate Standard sampling rates up to and including 96 kHzWord length 24 bits
USB Audio Connector
Supported Format Linear PCMSampling rate Standard sampling rates up to and including 192 kHzWord length 24 bits
Wireless Power Link
Supported Format Linear PCMSampling rate Standard WiSA sampling rates up to and including 96 kHz (48 kHz standard)Word length 24 bits
WiSA
Supported Format Linear PCMSampling rate Standard WiSA sampling rates up to and including 96 kHzWord length 24 bits

8.2.3 Digital Signal Processor
Model Analog Devices ADSP-21489Number 2Instruction Rate 400 MHzSampling rate 192 kHz (fixed)Notes 32-bit floating point

8.2.4 Digital to Analogue Converters
These specifications include the analogue stages that follow the DAC outputs.
Model Texas Instruments / Burr-Brown PCM1798Audio Channels 18Sampling rate 192 kHz (fixed)Word length 24 bitsFrequency Response 0 Hz to 40 kHz (+ 0 dB, -1 dB)Frequency Range 0 Hz to 75 kHz (+ 0 dB, -3 dB)THD+N 0.001% (997 Hz, -1 dB FS, 22 Hz – 20 kHz)Dynamic Range 122 dB (A) (997 Hz, -60 dB FS, 20Hz – 20kHz, AES17)Channel Separation 110 dB (20Hz – 20kHz, AES17)Level Linearity ±1 dB (at -120 dB FS)

8.3 Power Amplifiers
8.3.1 Tweeters and Midrange Sections
One amplifier per loudspeaker driver
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Model Bang & Olufsen ICEpower AM300-XPeak Voltage 50 VPeak Current 20 APeak Power 780 W (into 3.2 Ω)Frequency Range < 2 Hz – > 100 kHz (+0 dB, - 3 dB)THD+N 0.02% (20 Hz – 20 kHz, 100 mW - 300 W, 4 Ω, AES17)Features DualLoop3 - ICEpower’s third-generation Class-D topologyCustom-modified for BeoLab 90

8.3.2 Woofer Section
One amplifier per loudspeaker driver
Model Heliox AM1000-1Peak Voltage 100 V (Software-limited, Hardware capable of 150 V)Peak Current 40 APeak Power 3125 W (into 3.2 Ω)Frequency Range < 1 Hz – > 20 kHz (+0 dB, -3 dB)THD+N 0.05% (20 Hz – 20 kHz, 100 mW - 1000 W, 4 Ω, AES17)Features Unified Class-D (UCD)Custom-modified for BeoLab 90

8.4 Loudspeaker Drivers
8.4.1 Tweeters
Model Scan-Speak Illuminator D3004/602000Number 7Nominal Impedance 4 ΩEffective Diameter 30 mmFeatures Textile dome diaphragmSymmetrical drive, SD-2 motorNon-resonant aluminium rear chamber

8.4.2 Midranges
Model Scan-Speak Illuminator 12MU/4731T00Number 7Nominal Impedance 4 ΩEffective Diameter 86 mmFeatures Under-hung neodymium motor design

8.4.3 Front Woofer
Model Scan-Speak Revelator 32W/4878T00Number 1Nominal Impedance 4 ΩEffective Diameter 260 mmFeatures Paper sandwich cone with patented foam fillingSymmetrical drive motor
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8.4.4 Woofers
Model Scan-Speak Discovery 26W/4558T00Number 3Nominal Impedance 4 ΩEffective Diameter 212 mmFeatures Anodised aluminium coneFibre glass dust cap

8.5 Power Supply
Power Consumption
Low-Power Standby < 0.5 WNetwork Standby < 2 WLow-level audio / Idle Approximately 150 W continuousSustained Max Average 250 WPeak > 18,000 W (Duration < 1 ms)

8.6 Digital Power Link
Technology Audio Video Bridge (AVB)Sampling Rate 192 kHz (fixed)Bit depth 24Features Includes proprietary B&O data channels for inter-loudspeaker communication
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FAQ
9.1 Multichannel systemsetup
In cases where you use more than onepair of BeoLab 90’s in a configuration,there are some recommendations thatshould be followed in order to facilitatedaily use.

9.1.1 Bang & Olufsentelevision as source
As described in Section 3.13.0.3, acurrent Bang & Olufsen television canautomatically switch BeoLab 90Presets as part of the Speaker Groupfunction. However, it should be notedthat a given Speaker Group in thetelevision sends only one SpeakerPreset value on its Power Link outputsto all loudspeakers connected to thetelevision. This means that the presetidentification numbers in all BeoLab90’s must match for a givenconfiguration corresponding to aSpeaker Group in the television.

9.1.2 Third-party device assource
When using a third-party multichanneldevice as a source for more than onepair of BeoLab 90’s, each Master-Slavepair of loudspeakers should beconfigured correctly for a given source.The resulting parameters should besaved to a Preset that is then triggeredby the appropriate input. See SectionTriggers for more information.

9.2 Does BeoLab 90 supportDSD?
DSD and DSD over PCM (DoP) are notcurrently supported by BeoLab 90. Inorder to play DSD audio files, it istherefore necessary to convert to PCMin the audio player before sending thesignal to the loudspeakers.
Note that, since the BeoLab 90 audio

signal path contains a significantamount of digital signal processing(DSP) which is performed on linear PCMsignals, a conversion of DSD to PCM isrequired somewhere in the audiochain. Placing this conversion processahead of the loudspeakers’ inputsgives the user the option to choose hisor her preferred filter for the process.

9.3 Does BeoLab 90 supportDXD?
DXD is not currently supported byBeoLab 90, since its digital inputs willnot operate at sampling rates above192 kHz.
In order to play DXD files on theBeoLab 90, the audio signal will eitherhave to be downsampled to 192 kHz(maximum) or converted to analoguein advance of sending the signals tothe loudspeakers’ input.

9.4 Why does the BeoLab 90sound “different” whenI’m watching television?
Some features of the BeoLab 90 aredisabled when they are connected tocurrent Bang & Olufsen sources. This isto ensure that similar audio processingis not performed twice. There arecases, however, where although twoprocesses are similar, they are notidentical. For example, it may be thecase that the bass or trebleadjustments in the BeoLab 90 do nothave the same frequency responses asthose in the audio source. For moreinformation about this, please seeSection 10.1.
It may also be the case that theadjustment of some of theseprocessors are different in theloudspeakers and the source. Forexample, if the bass is increased in theloudspeakers, and then disabledbecause the Power Link input ischosen, there will be a resultant

change in timbre of the loudspeakers.
There may also be instances where aBang & Olufsen source automaticallychanges the latency mode of theBeoLab 90’s in order to preserve lipsync or synchronisation with multiroomsystems. This will also have apotentially audible effect on the audioquality of the loudspeakers.
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Troubleshooting
10.1 Some features in theBeoLab 90 applicationare disabled
When connected to many Bang &Olufsen sources via Power Link orWireless Power Link, some features inthe BeoLab 90 may be disabled. This isto avoid errors such as mis-calibrationof the volume setting with otherloudspeakers in a surroundconfiguration or duplication ofprocessing (e.g. turning up the Basscontroller twice: once in the sourceand once in the loudspeaker).
See Table 10.1 for a list of the featuresthat are disabled for various Bang &Olufsen products.

10.2 Lip Sync problems
When used with an older Bang &Olufsen television (BeoSystem 3-basedor earlier) or a third-party television,the Latency Mode of the BeoLab 90 isnot automatically controlled by thesource. Consequently, the LatencyMode should be set to “Low” to ensuresynchronisation with the video signal.This can be done manually using theapp (see section 3.12.1), or set as thedefault for the preset triggered by theaudio input connected to the television.

10.3 Echo problems
10.3.1 Multiroom audiosystems
When a BeoLab 90 is used with athird-party multiroom system, theloudspeaker’s Latency Mode should beset to “Low” in order to reduce thedelay time of the BeoLab 90 to aminimum. If the Latency Mode is set to“High” and if it is impossible to adjustthe expected loudspeaker latency inthe multiroom system, then theBeoLab 90’s latency will be highenough that they appear to produce an

audible echo relative to otherloudspeakers in the system.

10.3.2 Surround Processors
When a BeoLab 90 is used with anolder Bang & Olufsen surroundprocessor (such as the BeoSystem 3 orearlier devices) or a third-partysurround processor, the loudspeaker’sLatency Mode should be set to “Low” inorder to reduce the delay time of theBeoLab 90 to a minimum. If theLatency Mode is set to “High” and if itis impossible to adjust the expectedloudspeaker latency in the surroundprocessor, then the BeoLab 90’slatency will be high enough that theyappear to produce an audible echorelative to other loudspeakers in thesystem.
It may be possible to “trick” somesurround processors into compensatingfor BeoLab 90’s latency in HighLatency Mode by adding 27.2 m (89.2feet) to their actual distance from thelistening position. This valuecorresponds to a 79 ms latency.
When used in Low Latency Mode, 9.3m (30.5 feet) should be added to theactual distance from the listeningposition. This value corresponds to an27 ms latency.

10.4 Loudspeakers don’t turnon automatically
If the BeoLab 90’s are set to recognisethe Wireless Power Link / WiSA input,then all cabled inputs are disabled.
If a cabled source is not in the list ofsignals set for auto-detection asdescribed in Auto-detection, then it willnot automatically turn on theloudspeakers.
It is possible that the DetectionThreshold, described in DetectionThreshold, is set to too high a value todetect the signal.

10.5 Loudspeakers nevershut off
10.5.1 Analogue sources
Adjust the Detection Threshold higheras described in Detection Threshold toa higher value to prevent it fromdetecting noise on the input cable.

10.5.2 Digital sources
To be written

10.6 The BeoLab 90application doesn’t work
Ensure that the Digital Power Linkcable between the Master and Slaveloudspeakers is connected.
Ensure that the loudspeakers and theiDevice are connected to the samenetwork.

10.7 Loudspeakers aredistorting
The Maximum Input Level as describedin Maximum Input Voltage may be setto too low a value to be compatiblewith the audio source.

10.8 Loudspeakers are noisy /too quiet
If the source has a variable outputlevel, then the best strategy for gainmanagement is to increase thesource’s output level to maximum anduse the volume control of the BeoLab90’s. This will ensure the lowestpossible noise floor of the overallsystem.
It is also important to ensure that theMaximum Input Level as described inMaximum Input Voltage is set to thecorrect value for the source device.Using too high a setting will result in anelevated noise floor.
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See Input Impedance on InputImpedance

10.9 USB Audio source tooquiet
Setting the USB Volume to “Enabled”may solve this problem (See USBVolume enabled)
Increase the input gain of the USBAudio input.

10.10 USB Audio source tooloud
Setting the USB Volume to “Disabled”may solve this problem (See USBVolume enabled)
Decrease the input gain of the USBAudio input.

10.11 USB Audio not working
The USB Audio input will only acceptPCM signals up to 192 kHz.
If your source is outputting DoP (alsoknown as DSD over PCM) or PCMsignals at higher sampling rates (e.g.DXD at 384 kHz) there will be no audiooutput from the loudspeaker.

10.12 S/P-DIF input notworking
The S/P-DIF input will only accept PCMsignals up to 192 kHz.
If your source is outputting DoP (alsoknown as DSD over PCM) or PCMsignals at higher sampling rates (e.g.DXD at 384 kHz) there will be no audiooutput from the loudspeaker.
If the volume control of the S/P-DIF

input using Power Link has beenenabled, then it is important to set thepriority of the S/P-DIF input higher thanthat of the Power Link. If this is notdone, then the Power Link signal willoverride the S/P-DIF input and thelatter will not be heard.

10.13 Optical input notworking
Note that the Optical input will notaccept sampling rates above 96 kHzdue to unreliability of Optical at highersampling rates.
If the volume control of the Opticalinput using Power Link has beenenabled, then it is important to set thepriority of the Optical input higher thanthat of the Power Link. If this is notdone, then the Power Link signal willoverride the Optical input and thelatter will not be heard.

10.14 Disabled Features with B&O Sources
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BeoPlay V1 x x x x x x x x xBeoVision 11 x x x x x x x x xBeoVision Avant x x x x x x x x xBeoSystem 4 x x x x x x x x xBeosound Moment x x x x x x x xPlaymakerBeoSound Essence * * * * * * * *BeoSound 5 x x x x xBeoSound 5 Encore x x x x xLegacy B&O x
Table 10.1: Disabled features according to source device. Preliminary information: to be updated.
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Appendix 1: Recommendations for Critical Listening
11.1 LoudspeakerConfiguration
The BeoLab 90 provides you with anextremely wide range of parametersthat can be used to adjust the timbraland spatial presentation of yourrecordings for various listening rooms,loudspeaker placements and listeningpositions. However, it is always best tostart with an optimal configuration inyour listening room.
First consider the relationship betweenthe loudspeakers and the listeningposition itself. The two loudspeakersand the listening position should be thethree corners of an equilateral triangle.This means that the distance from eachloudspeaker to the listening positionshould be the same as the distancebetween each loudspeaker. (See theexact position for measurements inFigure 11.1.) This also means that theloudspeakers will be 30◦ away fromthe front, centre location, directly infront of the listening position.

Beam Origin Centre 
for Front

Figure 11.1: The centre of the soundbeam in the vertical plane is level with aposition between the bottom two tweet-ers and the top midrange driver asshown (at a height of 108.6 cm from thefloor).

Secondly, the two loudspeakers shouldbe “toed-in” by 30◦. This means thatthey should be slightly rotated so thatthey are both facing the listeningposition. This is shown in Figure 11.2.

"Reflection-free Zone"

Figure 11.2: A “perfect” loudspeakerconfiguration with BeoLab 90’s. Bothloudspeakers are aimed at the listeningposition. The distance from the listen-ing position to each loudspeaker is thesame as the distance between the twoloudspeakers.

If possible, the height of the listeningchair should be set so that thelistener’s ears are level with the centreof the vertical beam, shown in Figure11.1. This point is 108.6 cm above thefloor.
The next consideration is symmetrywithin your listening room. It iscommonly recognized that the beststereo imaging will be achieved if thelistening configuration (the triangleformed with the listener and the twoloudspeakers) is placed in left–rightcentre of the room. Therefore, the sidewalls will both be the same distancefrom the listening position, and theloudspeakers will have the samedistance to its adjacent walls. This is tosay that the distance from the leftloudspeaker to the left wall is the sameas the distance between the rightloudspeaker and the right wall. Thedistance to the front wall (behind theloudspeakers) should be the same forboth loudspeakers, but certainly doesnot have to be the same as thedistance to the side walls.

Figure 11.3: An optimal placement forthe loudspeakers with respect to adja-cent walls. Note how the distance be-tween each loudspeaker and its clos-est side wall are identical, and that thedistances from the loudspeakers to thefront wall are also matched.

Figure 11.4: An less-optimal placementfor the loudspeakers with respect to ad-jacent walls. Note how the distancesfrom the loudspeakers to the front wallarematched , however, the distance be-tween each loudspeaker and its closestside wall are not identical.

Figure 11.5: Another example of a less-optimal placement for the loudspeak-ers with respect to adjacent walls. Thedistances from the loudspeakers to thefront wall are matched, however, theright loudspeaker and lacks a side wallnearby.
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Figure 11.6: An example of a worst-caseplacement of loudspeakers with respectto the listening room. No two distancesbetween a loudspeaker and an adjacentwall match each other.

It should be noted that the primarycasualty of poor loudspeakerplacement in a listening room will bethe spatial representation of yourrecordings. The precision and accuracyof the stereo imaging, as well as thesensation of envelopment from therecording will be adversely affected byearly reflection patterns that are notmatched for the two loudspeakers.This problem is minimised by usingBeoLab 90’s narrow beam width,however, even this mode can benefitfrom correct loudspeaker placement inthe room.
Finally, it is recommendable (butcertainly not required) that theloudspeakers be positioned a minimumof 1 m from the closest walls. TheActive Room Compensation algorithmwill compensate for changes in theBeoLab 90’s timbral response causedby adjacent boundaries. However,placing the loudspeakers slightlydistant from reflective surfaces willreduce these boundary effects, andtherefore also reduce the amount ofcompensation that is required by theARC filters.

11.2 Listening RoomAcoustics
The BeoLab 90 has two features thatcan overcome some detrimentaleffects of the listening room’sacoustical behaviour (Beam WidthControl and Active Room

Compensation). However, the sound ofany loudspeaker can be optimised byimproving the room’s acoustics.
One of the main acoustical problems inlistening rooms is that of room modesor resonances. These occur becausethe room behaves very much like anorgan pipe, naturally “singing” atspecific frequencies that aredetermined by the dimensions of theroom. Without professional acousticaltreatment, these resonances arealmost unavoidable. It is preferred toensure that the resonances in theroom’s three dimensions (length,width, and height) do no overlap eachother. This means that the betterlistening rooms have complexrelationships between these threedimensions. For example, a “worstcase” for a listening room would be acube, where all three dimensions areidentical, thus all resonances have thesame frequencies. A next-worst case isone where a dimension is a multiple ofanother, for example, a room that is9m x 6m x 3m. In a best case, theratios of the room’s dimensions wouldhave non-simple values (e.g. 1 : 2.16 :2.96 – so, as an example, 3m x 6.48mx 8.88m).1
A second issue in many listening roomsis that of hard, reflective surfaces –particularly in locations where thesound from the loudspeaker is directlyreflected to the listening position.There are two ways to alleviate thisproblem: absorption and diffusion. Inorder to absorb a sound wave so that itdoes not reflect off a surface, anabsorptive material such as fibreglassinsulation or acoustical foam must beplaced on the surface, or in the pathtaken by the reflection. A reflection canbe diffused by making the reflectivesurface irregular. For example, placinga bookcase at the point of reflectionwill help as a diffusor if the books arearranged in random heights anddepths.
Finally, it is wise to absorb the soundwaves that would be reflected off thefloor (e.g. with carpet or a rug) andceiling (using absorptive ceiling tiles).

This will also help to reduce the overallreverberation time of the room.

11.3 Loudspeakers
For “critical” or “serious” listeningsessions, it is recommended that theupper fabric frame be removed fromthe loudspeaker’s high speaker section.
Note that the factory-default setting forthe Parametric Equaliser parametersprovide a compensation for the upperfabric frame. Therefore, if the frame isremoved, then the equaliser should beset to “flat” (thus setting the gainvalues of all ten filters to 0 dB). SeeParametric Equaliser for information onhow this is done.

11.4 Source Devices
When connecting an audio source tothe BeoLab 90, there are some basic,general rules that should be followed inorder to get the optimal performancefrom your system. Note that these aregeneral rules – so there are exceptions.

• If possible, the source should beconnected to the BeoLab 90using a digital audio connection.
• If the source device has a volumecontrol it should be disabled andthe BeoLab 90’s volume controlshould be used instead
• If the source has two analogueoutputs: one volume-regulatedand the other at a fixed level, thefixed-level output should be used
• If you are connecting a sourceusing a line-level analogue input(RCA or XLR), check the sourcedevice’s datasheet to find itsmaximum output level and setthe value appropriately on theBeoLab 90 (See Maximum InputVoltage). If the maximum outputof your device is greater than theBeoLab 90’s maximum possiblesetting (6.5 V RMS) then it isrecommendable that the sourcedevice’s output level is reduced if

1See “Room dimensions for small listening rooms” by Dr. Trevor Cox for a good introduction to this topic.
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possible, either within its ownsettings or using an externalattenuator. Table 11.1 and Figure11.7 show the necessaryattenuation to reduce variousvoltage levels to 6.5 V RMS.
Max Output Attenuation
7.0 V RMS -0.64 dB9.0 V RMS -2.83 dB11.0 V RMS -4.57 dB13.0 V RMS -6.02 dB

Table 11.1: External attenuation re-quired to convert the Maximum OutputLevels from a source device to 6.5 VRMS at the input of the BeoLab 90.
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Figure 11.7: The attenuation required toapply to a source with a given MaximumOutput level to reduce it to 6.5 V rms inorder to prevent clipping the BeoLab 90analogue inputs.

11.5 Cable recommendations
There are innumerable beliefs andopinions, both founded and unfounded,regarding cables used for connectingaudio devices. The following is a smallset of recommendations that are basedon common practices for wiringprofessional audio systems such as arefound in recording and masteringstudios. Decisions regarding thespecific the brand or construction ofthe cables used for connecting BeoLab90 are left to the reader’s preferences.

11.5.1 Analogue cables
In order to ensure that the noise floorof analogue sources is as low aspossible, the following guidelines arerecommended:

Use cables with good shielding (orscreening) to reduce RF (RadioFrequency) interference on the audiosignals from external sources.
When connecting the XLR input to theXLR output of a source device, usetwisted pair (preferably bonded-pair)or “starquad” cables to ensure the bestpossible matching of low-frequencymagnetic interference noise at thedifferential input. This will ensure thehighest possible common moderejection and lowest noise floor. Note,however, that the use of starquadcable construction generally has ahigher inherent capacitance than atwisted pair cable of the same lengthand will therefore have a higher loss ofhigh-frequency signals over longercable runs.
Avoid ground loops when connectingaudio devices to each other.
In order to reduce magnetic inductanceof interference (typically 50 Hz or 60Hz “hum”) from power cables on theaudio inputs, it is also good practice tophysically separate signal cables andmains cables as much as possible. Incases where these cables must crosseach other, it is recommended thatthey cross at a 90◦ angle.
For a thorough guide to installation ofhigh-end audio equipment, “AudioSystems Design and Installation” byPhilip Giddings is highly recommended.Although this is book intended forinstallation of audio devices inrecording and mastering studios, thepractices and recommendationsdetailed therein are also applicable toconsumer-level audio equipment.

11.5.2 Optical cables
It is recommended that high-qualityoptical cables are used for the BeoLab90, particularly for longer cable runs.This is due to the fact that there isattenuation (dimming or loss of lightintensity) of the optical signal on theplastic or glass fibre in the cable. Thisattenuation is proportional (in dB) tothe length of the cable. Therefore, in

order to ensure that the opticalreceiver on the BeoLab 90 has anadequate signal at its input, the lightattenuation on the cable should beminimised either by using short cablesor high-quality optical fibre.
Traditionally, many people haveclaimed that optical digital signals areless reliable than electrical connections(such as the AES/EBU and S/P-DIFprotocols) due to higher levels of jittercaused by the limitations of the riseand fall time of the LED in thetransmitter. The BeoLab 90 uses avery-high-quality sampling rateconverter at its input for all digitalsignals which attenuates the jitter ofincoming sources, thereby reducingthis concern considerably.

11.5.3 S/P-DIF cables
When connecting a source to BeoLab90’s S/P-DIF input, it is recommendedthat a cable with a 75 Ω impedance isused. This will ensure that there are noreflections of the signal on the cablewhich may increase the level of jitter atthe input of the BeoLab 90. Note thatthis recommendation is particularlytrue for longer cable runs. It should,however, be stated that the samplingrate converter at the digital inputs ofthe BeoLab 90 is very effective atattenuating jitter artefacts causedeither by the signal source or problemsin the cabling.

11.6 AC mains cables
It is highly recommended that anadditional device used to filter the ACpower from the mains (sometimescalled an “audiophile mains filter” or“power purifier”, for example) not beused with the BeoLab 90. This isbecause the internal power supply ofthe BeoLab 90 has a custom-designedfilter that reduces noise on its ACmains input. This filter has beenoptimised for the time-variant currentdemands of the BeoLab 90, making ageneric external filter redundant (atbest) or detrimental (at worst) to the
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performance of the loudspeaker.
Similarly, it is unnecessary to use aso-called “exotic” or “audiophile”mains cable for the BeoLab 90.
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Appendix 2: Introduction to Parametric Equalisers
Almost all sound systems offer bassand treble adjustments for the sound –these are basically coarse versions of amore general tool called an equaliserthat is often used in recording studios.
Once upon a time, if you made along-distance phone call, there was anactual physical connection madebetween the wire running out of yourtelephone and the telephone at theother end of the line. This caused a bigproblem in signal quality because a lotof high-frequency components of thesignal would get attenuated along theway due to losses in the wiring.Consequently, booster circuits weremade to help make the relative levelsof the various frequencies more equal.As a result, these circuits becameknown as equalisers. Nowadays, ofcourse, we don’t need to useequalisers to fix the quality oflong-distance phone calls (mostlybecause the communication paths usedigital encoding instead of analoguetransmission), but we do use them tocustomise the relative balance ofvarious frequencies in an audio signal.This happens most often in a recordingstudio, but equalisers can be a greatpersonalisation tool in a playbacksystem in the home.
The two main reasons for usingequalisation in a playback system suchas the BeoLab 90’s are personalpreference and compensation for theeffects of the listening room’sacoustical behaviour.
Equalisers are typically comprised of acollection of filters, each of which hasup to 4 “handles” or “parameters” thatcan be manipulated by the user. Theseparameters are

• Filter Type
• Gain
• Centre Frequency
• Q

12.1 Filter Type
The Filter Type will let you decide therelative levels of signals at frequencieswithin the band that you’re affecting.
Although there are up to 7 differenttypes of filters that can be found inprofessional parametric equalisers, theBeoLab 90 contains the threemost-used of these:

• Low Shelving Filter
• High Shelving Filter
• Peaking Filter

12.1.1 Low Shelving Filter
In theory, a Low Shelving Filter affectsgain of all frequencies below the centrefrequency by the same amount. Inreality, there is a band around thecentre frequency where the filtertransitions between a gain of 0 dB (nochange in the signal) and the gain ofthe affected frequency band.
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Figure 12.1: Example of a low shelvingfilter with a positive gain. Frequenciesbelow approximately 80 Hz have beenaffected.
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Figure 12.2: Example of a low shelvingfilter with a negative gain. Frequenciesbelow approximately 80 Hz have beenaffected.

Note that the low shelving filters usedin the BeoLab 90 define the centrefrequency as being the frequencywhere the gain is one half themaximum (or minimum) gain of thefilter. For example, in Figure 12.1, thegain of the filter is 6 dB. The centrefrequency is the frequency where thegain is one-half this value or 3 dB,which can be found at 80 Hz.
Some care should be taken when usinglow shelving filters since their affectedfrequency bands extend to 0 Hz or DC.This can cause a system to be pushedbeyond its limits in extremely lowfrequency bands that are of little-to-noconsequence to the audio signal. Note,however, that this is less of a concernfor the BeoLab 90, since it is protectedagainst such abuse.

12.1.2 High Shelving Filter
In theory, a High Shelving Filter affectsgain of all frequencies above thecentre frequency by the same amount.In reality, there is a band around thecentre frequency where the filtertransitions between a gain of 0 dB (nochange in the signal) and the gain ofthe affected frequency band.
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Figure 12.3: Example of a high shelvingfilter with a positive gain. Frequenciesabove approximately 8 kHz have beenaffected.
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Figure 12.4: Example of a high shelvingfilter with a negative gain. Frequenciesabove approximately 8 kHz have beenaffected.

Note that the high shelving filters usedin the BeoLab 90 define the centrefrequency as being the frequencywhere the gain is one half themaximum (or minimum) gain of thefilter. For example, in Figure 12.4, thegain of the filter is -6 dB. The centrefrequency is the frequency where thegain is one-half this value or -3 dB,which can be found at 8 kHz.
Some care should be taken when usinghigh shelving filters since their affectedfrequency bands can extend beyondthe audible frequency range. This cancause a system to be pushed beyondits limits in extremely high frequencybands that are of little-to-noconsequence to the audio signal.

12.1.3 Peaking Filter
A peaking filter is used for a more localadjustment of a frequency band. In thiscase, the centre frequency of the filter

is affected most (it will have the Gainof the filter applied to it) and adjacentfrequencies on either side are affectedless and less as you move furtheraway. For example, Figure 12.5 showsthe response of a peaking filter with acentre frequency of 1 kHz and gains of6 dB (the black curve) and -6 dB (thered curve). As can be seen there, themaximum effect happens at 1 kHz andfrequency bands to either side areaffected less.
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Figure 12.5: Example of two peaking fil-ters. The black curve shows a filter witha positive gain, the red curve shows thereciprocal with a negative gain. Thecentre frequency of this filter is 1 kHz.

You may notice in Figure 12.5 that theblack and red curves are symmetrical –in other words, they are identicalexcept in polarity of the gain. This is aparticular type of peaking filter called a
reciprocal peak/dip filterl – so-calledbecause these two filters, placed inseries, can be used to cancel eachother’s effects on the signal.
Note that BeoLab 90 uses reciprocalpeak/dip filters.

12.2 Gain
If you need to make all frequencies inyour audio signal louder, then you justneed to increase the volume. However,if you want to be a little more selectiveand make some frequency bandslouder (or quieter) and leave otherbands unchanged, then you’ll need anequaliser. So, one of the importantquestions to ask is “how much louder?”or “how much quieter?” The answer to

this question is the gain of the filter –this is the amount by which is signal isincreased or decreased in level.
The gain of an equaliser filter is almostalways given in decibels or dB1. This isa scale based on logarithmic changesin level. Luckily, it’s not necessary tounderstand logarithms in order to havean intuitive feel for decibels. There arereally just three things to remember:

• a gain of 0 dB is the same assaying “no change”
• positive decibel values arelouder, negative decibel valuesare quieter
• Adding approximately 6 dB to thegain is the same as saying “twotimes the level”. (Therefore,subtracting 6 dB is half the level.)

12.3 Centre Frequency
So, the next question to answer is“which frequency bands do you wantto affect?” This is partially defined bythe centre frequency or Fc of the filter.This is a value that is measured in thenumber of cycles per second2, labelled
Hertz or Hz.
Generally, if you want to increase (orreduce) the level of the bass, then youshould set the centre frequency to alow value (roughly speaking, below125 Hz). If you want to change thelevel of the high frequencies, then youshould set the centre frequency to ahigh value (say, above 8 kHz).

12.4 Q
In all of the above filter types, thereare transition bands – frequency areaswhere the filter’s gain is changing from0 dB to the desired gain. Changing thefilter’s Q3 allows you to alter the shapeof this transition. The lower the Q, thesmoother the transition. In both thecase of the shelving filters and thepeaking filter, this means that a wider

1The “B” is a capital because it’s named after Alexander Graham Bell.2This is literally the number of times a loudspeaker driver will move in and out of the loudspeaker cabinet per second.3Note that, although the term “Q” is used throughout this manual and the BeoLab 90 application for both peaking and shelving filters, this is incorrect. To be technically correct,the term “S” (or shelf slope) should be used for shelving filters.
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band of frequencies will be affected.This can be seen in the examples inFigures 12.6 and 12.7.
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Figure 12.6: Example of two low shelv-ing filters. The black curve shows a fil-ter with a Q of 0.35, the red curve showsthe a filter with a Q of 1. For both filters,the centre frequency is 1 kHz and thegain is +6 dB.

10 100 1,000 10,000

−6

−4

−2

0

2

4

6

Frequency (Hz)

G
ai

n 
(d

B
)

Figure 12.7: Example of two peaking fil-ters. The black curve shows a filter witha Q of 0.35, the red curve shows the afilter with a Q of 8. For both filters, thecentre frequency is 1 kHz and the gainis +6 dB.

It should be explained that the Qparameter can cause a shelving filterto slightly differently than a peakingfilter. When the Q of a shelving filterexceeds a value of 1, the gain of thefilter will “overshoot” its limits. Forexample, as can be seen in Figure 12.8,a filter with a gain of 6 dB and a Q of 8will actually have a gain of over 10 dBand will attenuate by more than 4 dB.
This over- and undershooting of thefilter’s magnitude response is thereason the Q of the high shelving andlow shelving filters in the BeoLab 90’sparametric equaliser have been limitedto a maximum value of 1.
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Figure 12.8: Example of low shelving fil-ters with a Q of more than 1. The blackcurve shows a filter with a Q of 1 for ref-erence, the red curves shows the a filterwith Q’s of 2, 4, and 8. The centre fre-quency of this filter is 1 kHz and the gainis +6 dB.
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Appendix 3: The Influence of Listening Room Acoustics on Loudspeakers
A room comprised of large flatreflective surfaces with little acousticalabsorption has a very differentacoustical behaviour from a recordingor mastering studio where the finaldecisions about various aspects of arecording are made. Consequently,this must have an effect on a listener’sperception of a recording playedthrough a pair (assuming stereoreproduction) of loudspeakers in thatroom. The initial question to be askedis “what, exactly, are the expectedeffects of the room’s acousticalbehaviour in such a case?” The secondis “if the room has too much of aneffect, how can I improve the situation(e.g. by adding absorption or changingthe physical configuration of thesystem in the room)?” The third, andpossibly final question is “how can aloudspeaker compensate (or at leastaccount) for these effects?”
The effect a room’s acousticalbehaviour has on a loudspeaker’ssound can, at a simple level, beconsidered under three generalheadings:

• Early Reflections
• Room Modes
• Reverberation

13.1 Early Reflections
Early reflections, from sidewalls andthe floor and ceiling, have an influenceon both the timbre (tone colour) andthe spatial characteristics of a stereoreproduction system. Let’s only thinkabout the timbral effects for thisarticle.

Figure 13.1: The sound arriving at a lis-tener from a loudspeaker in a room withonly one wall. Note that the sound ar-rives from two directions – the first isdirectly from the loudspeaker (in red).The second is a “first reflection” off thewall (in blue).

Let’s start by assuming that you havea loudspeaker that has a magnituderesponse that is perfectly flat – at leastfrom 20 Hz to 20 kHz. We will alsoassume that it has that responseregardless of which direction youmeasure it in – in other words, it’s aperfectly omnidirectional loudspeaker.The question is, “what effect does thewall reflection have on the measuredresponse of the loudspeaker?”
Very generally speaking, the answer isthat you will get a higher level at somefrequencies (because the direct soundand the reflection add constructivelyand reinforce each other) and you willget a lower level at other frequencies(because the direct sound and thereflection work against each other and“cancel each other out”). What ispotentially interesting is that thefrequencies that add and thefrequencies that cancel alternate asyou go up the frequency range. So thetotal result looks like a comb (as in acomb that you use to comb your hair,if, unlike me, you have hair to comb).For example, take a look at Figure 13.2.
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Figure 13.2: Distance to loudspeaker =2 m. Distance to wall = 1 m. Wall is per-fectly reflective and the loudspeaker isperfectly omnidirectional. The red lineis the magnitude response of the directsound. The blue line is the magnituderesponse of the reflected sound. Theblack line is the magnitude response ofthe combination.

You can see that, at the very low end,the reflection boosts the level of theloudspeaker by a approximately 5 dB(or almost two times the level) at thelistening position. However, as you goup in frequency, the total level drops toabout 15 dB less before it starts risingagain. As you go up in frequency, thelevel goes up and down. Thisalternation actually happens at aregular frequency spacing (e.g. a notchat multiples of 200 Hz) but it doesn’tlook regular because the X-axis of theplot is logarithmic (which betterrepresents how we hear differences infrequency).
What happens if we move the wallfurther away? Well, two things willhappen. The first is that the reflectionwill be quieter, so the peaks andnotches won’t be as pronounced. Thesecond is that the spacing of the peaksand notches in frequency will getcloser together. In other words, theeffect starts at a lower frequency.
For example, take a look at Figure 13.3.
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Figure 13.3: Distance to loudspeaker =2 m. Distance to wall = 3 m. Wall is per-fectly reflective and the loudspeaker isperfectly omnidirectional. The red lineis the magnitude response of the directsound. The blue line is the magnituderesponse of the reflected sound. Theblack line is the magnitude response ofthe combination.

Conversely, if we move the wall closer,we do the opposite (the problem getsworse, but at a higher frequency), ascan be seen in Figure 13.4.
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Figure 13.4: Distance to loudspeaker =2 m. Distance to wall = 0.25 m. Wall isperfectly reflective and the loudspeakeris perfectly omnidirectional. The redline is the magnitude response of thedirect sound. The blue line is the mag-nitude response of the reflected sound.The black line is the magnitude re-sponse of the combination.

So, if you have a room with only onewall which is perfectly reflective, andyou have a perfectly omnidirectionalloudspeaker, then you can see thatyour best option is to either put theloudspeaker (and yourself) very far orvery close to the wall. That way theartefacts caused by the reflection areeither too quiet to do any damage, orhave an effect that starts at too high afrequency for you to care. Then again,most room have more than one wall,the walls are not perfectly reflective,and the loudspeaker is not perfectlyomnidirectional.

So, what happens in the case wherethe loudspeaker is more directional oryou have some absorption (betterknown as “fuzzy stuff”) on your walls?Well, either of these cases will havebasically the same effect in most casessince loudspeakers are typically moredirectional at high frequencies – so youget less high end directed towards thewall. Alternatively, fuzzy stuff tends tosoak up high frequencies. So, in eitherof these two cases, you’ll get less highend in the reflection. Let’s simulatethis by putting a low pass filter on thereflection, as shown in Figure 13.5,13.6 and 13.7 which have identicaldistances as the simulations in Figures13.2, 13.3, and 13.4 – for comparison.

10 100 1,000 10,000
−20

−15

−10

−5

0

Frequency (Hz)

G
ai

n 
(d

B
)

Figure 13.5: Distance to loudspeaker =2 m. Distance to wall = 1 m. Wall is ab-sorptive and/or the loudspeaker is direc-tional at high frequencies. The red lineis the magnitude response of the directsound. The blue line is the magnituderesponse of the reflected sound. Theblack line is the magnitude response ofthe combination.
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Figure 13.6: Distance to loudspeaker =2 m. Distance to wall = 3 m. Wallis absorptive and/or the loudspeakersis directional at high frequencies. Thered line is the magnitude response ofthe direct sound. The blue line is themagnitude response of the reflectedsound. The black line is the magnituderesponse of the combination.
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Figure 13.7: Distance to loudspeaker =2 m. Distance to wall = 0.25 m. Wallis absorptive and/or the loudspeaker isdirectional at high frequencies. The redline is the magnitude response of the di-rect sound. The blue line is the mag-nitude response of the reflected sound.The black line is the magnitude re-sponse of the combination.

What you can see in all three of theprevious plots is that, as the highfrequency content of the reflectiondisappears, there is less and less effecton the total. The bottom plot isbasically a proof of the age-old rule ofthumb that says that, if you put aloudspeaker next to a wall, you’ll getmore bass than if it’s farther from thewall. Since there is not much highfrequency energy radiated from therear of most loudspeakers, Figure 13.7is a pretty good general representationof what happens when a loudspeaker isplaced close to a wall. Of course, theexact behaviour of the directivity of theloudspeaker will be different – but thegeneral shape of the total curve will bepretty similar to what you see there.
So, the end conclusion of all of this isthat, in order to reduce undesirableartefacts caused by a wall reflection,you can do any combination of thefollowing:

• move the loudspeaker very closeto the wall
• move the loudspeaker fartherfront the wall
• sit very close to the wall
• sit farther away from the wall
• put absorption on the wall

However, there is one interestingeffect that sits on top of all of this –that is the fact that what you’ll see in a
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measurement with a microphone is notnecessarily representative of whatyou’ll hear. This is because amicrophone does not have two ears.Also, the direction the reflection comesfrom will change how you perceive it. Asidewall reflection sounds differentfrom a floor reflection. This is becauseyou have two ears – one on each sideof your head. Your brain uses thesidewall reflections (or, more precisely,how they relate to the direct sound) todetermine, in part, how far away asound source is. Also, since, in thecase of sidewall reflections, your twoears get two different delay times onthe reflection (usually), you get twodifferent comb-filter patterns, wherethe peaks in one ear can be used to fillin the notches in the other ear and viceversa. When the reflection comes fromthe floor or ceiling, your two ears getthe same artefacts (since your twoears are the same distance to the floor,probably). Consequently, it’s easilynoticeable (and it’s been proven usingscience!) that a floor or ceilingreflection has a bigger timbral effecton a loudspeaker than a lateral (orsideways) reflection.

13.2 Room Modes
Room modes are a completely differentbeast – although they exist because ofreflections. If you pluck a guitar string,you make a deflection in the string thatmoves outwards until it hits the ends ofthe string. It then bounces back downthe string, bounces again, etc. etc. Asthe wave bounces back and forth, itsettles in to a total result where it lookslike the string is just bouncing up anddown like a skipping rope. The longerthe string, the lower the note, becauseit takes longer for the wave to bounceback and forth on the string. You canalso lower the note by lowering thetension of the string, since this will slowdown the speed of the wave movingback and forth on it. The last way tolower the note is to make the stringheavier (e.g. by making it thicker) –since a heavier string is harder to

move, the wave moves slower on it.
The air in a pipe behaves exactly thesame way. If you “pluck” the air in themiddle of a pipe (say, by clapping ourhands, or coughing, or making anynoise at all) then the sound wavetravels along the pipe until it hits theend. Whether the end of the pipe iscapped or not, the wave will bounceback and travel back through the pipein the opposite direction from whenceit came.1 As the wave bounces backand forth off he two ends of the pipe, italso settles down (just like the guitarstring) into something called a“standing wave”. This is the pipe’sequivalent of the skipping ropebehaviour in the string. The result isthat the pipe will “resonate” or ring ata note. The longer the pipe, the lowerthe note because the speed of thesound wave moving in air in the pipestays the same, but the longer thepipe, the longer it takes for the wave tobounce back and forth. This is basicallyhow all woodwind instruments work.
What’s interesting is that, in terms ofresonance, a room is basically a bigpipe. If you “pluck” the air in the room(say, by making sound with aloudspeaker) the sound wave will movedown the room, bounce off the wall, goback through the room, bounce of theopposite wall, etc. etc. (Of course,other things are happening, but we’llignore those). This effect is mostobvious on a graph by putting somesound in a room and stoppingsuddenly. Instead of actually stopping,you can see the room “ringing”(exactly in the same way that a bellrings when it’s been hit) at a frequencythat gradually decays as time goes by.However, it’s important to rememberthat this ringing is always happening –even while the sound is playing. So, forexample, a kick drum “thump” comesout of the speaker which “plucks” theroom mode and it rings, while themusic continues on.

Time (sec)

Figure 13.8: The concept of the effectof a room mode and Active Room Com-pensation. See the associated text foran explanation.

Figure 13.8 shows the concept of theeffect of a room mode and how it’sdealt with by Active RoomCompensation. The sound coming outof the loudspeaker is shown on the topplot, in black. The response of theloudspeaker and a single room mode isshown below, in red. You can see therethat the room mode keeps “ringing” atone frequency after the sound from theloudspeaker stops.
There are two audible effects of this.The first is that, if your music containsthe frequency that the room wants toresonate at, then that note will soundlouder. When you hear people talk of“uneven bass” or a “one-note-bass”effect, one of the first suspects toblame is a prominent room mode.
The second is that, since the mode isringing along with the music, theoverall effect will be muddiness. This isparticularly true when one bass notecauses the room mode to start ringing,and this continues when the next bassnote is playing. For example, if yourroom room rings on a C#, and the bassplays a C# followed by a D – then theroom will continue to at C#, conflictingwith the D and resulting in “mud”. Thisis also true if the kick drum triggers theroom mode, so you have a kick drum“plucking” the room ringing on a C# allthrough the track. If the tune is in thekey of F, then this will not be pretty.2
In order for the loudspeaker tocompensate for the effect of the roommode, it has to not only produce the

1Whether the pipe is closed (capped) or open only determines the characteristic of the reflection – there will be a reflection either way.2Do a search for “tritone” or “diabolus in musica”.
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signal it should (shown in black) but itmust also produce a signal thatcounter-acts the ringing in the roommode. This is shown in the lower plotin blue. As can be seen there (mosteasily in the ringing after the signalhas stopped), the loudspeaker’scompensation signal (the blue curve) isthe mirror image of the room’s“misbehaviour” (in red). If you addthese two curves together, the result isthat they cancel each other out, andthe result is the black curve.
If you would like to calculate aprediction of where you’ll have aproblem with a room mode, you canjust do the following math:

• metric version:frequency = 172 / (length in m)
• imperial version:frequency = 558 / (length in feet)

This calculation will produce thefundamental frequency of the roommode in Hz for the dimension of theroom represented by “length”. Yourmost audible modal problems will be atthe frequencies calculated using eitherof the equations above, and multiplesof them (e.g. 2 times the result, 3times the result, and so on).
So, for example, if your room is 5 mwide, your worst-case modes will be at172 / 5 = 34.4 Hz, as well as 68.8 Hz,103.2 Hz and so on. Remember thatthese are just predictions – but they’llcome pretty close. You should alsoremember that this assumes that youhave completely immovable walls andno absorption – if this is not true, thenthe mode might not be a problem at all.
Sadly, there is not much you can doabout room modes. There are ways tomanage them, including, but notexclusive to the following strategies:

• make sure that the threedimensions of your listeningroom are not related to eachother with simple ratios
• put up membrane absorbers orslot absorbers that are tuned tothe modal frequencies

• place your loudspeaker in a node– a location in a room where itdoes not couple to a problematicmode (however, note that onemode’s node is another mode’santinode)
• sit in a node – a location in aroom where you do not couple toa problematic mode (see warningabove)
• use room correction DSP softwaresuch as ARC in the BeoLab 90

13.3 Reverberation
Reverberation is what you hear whenyou clap your hands in a big cathedral.It’s the collection of a lot of reflectionsbouncing from everywhere as you gothrough time. When you first clap yourhands, you get a couple of reflectionsthat come in separated enough in timethat they get their own label – “earlyreflections”. After that, there are somany reflections coming from so manydirections, and so densely packedtogether in time, that we can’tseparate them, so we just call them“reverberation” or “reverb” (althoughyou’ll often hear people call it “echo”which is the wrong word to use for this.
Reverb is what you get when you havea lot of reflective surfaces in your room– but since it’s so irregular in time andspace, it just makes a wash of soundrather than a weird comb-filter effectlike we saw with a single reflection. So,although it makes things “cloudy” – it’smore like having a fog on your glassesinstead of a scratch, or a soft-focuseffect on a kitschy photograph of afield of flowers.

13.4 Solutions
As we’ve seen, if your listening room isnormal, you have at least these threebasic acoustic problems to deal with.Each problem has a different solution...
The first solution has already beenstarted for you. As is explained in thesection on Sound Design, the finaltuning of every Bang & Olufsen

loudspeaker (including the BeoLab 90)is voiced in at least 4 or 5 rooms withvery different acoustical behavioursranging from a very “dead” living roomwith lots of absorptive and diffusivesurfaces to a larger and very “live”space with a minimalistic decorating,and large flat surfaces (just like thedescription in the original question).Once we have a single sound designthat is based on the common elementsthose rooms, we test the loudspeakersin more rooms to ensure that they’llbehave well under all conditions.
The second solution is BeoLab 90’sActive Room Compensation which willcorrect the effects of boundaries(walls) and room modes on the timbreof the loudspeaker at the listeningposition(s). Using measurements of thecharacteristics of the loudspeaker atthe listening positions, the ARCalgorithm then creates a filter that isused to “undo” these effects. Forexample, if the loudspeaker is close toa wall (which will generally result in aboosted bass) then the filter willreduce the bass symmetrically.Similarly, ringing caused by roommodes will be actively cancelled byboth BeoLab 90’s. That way, the loss inthe filter and the gain due to the roomwill cancel each other.
The third solution is unique to theBeoLab 90 – Beam Width Control. Thisallows you to customise the relativelevels of the direct sound and thereflected sound at the listeningposition. The result of this is that, evenif you have acoustically reflective sidewalls, the BeoLab 90 can still deliveran accurate and precise representationof the spatial presentation of yourstereo recordings.

13.5 Conclusions
Of course, this section does not covereverything there is to know about roomacoustics. And, of course, you can’texpect a loudspeaker to sound exactlythe same in every room. If that weretrue, there would be no such thing as a“good” concert hall. A room’s
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acoustical behaviour affects the soundof all sound sources in the room. Onthe other hand, humans also have anamazing ability to adapt – in otherwords you “get used to” thecharacteristics of your listening room.
However, there is no debate that, dueto many issues (the first two that cometo mind are frequency range anddirectivity) two different loudspeakerswill behave differently from each otherin two different rooms. In other words,if you listen to loudspeaker “A” andloudspeaker “B” in a showroom of ashop, you might prefer loudspeaker “A”– but if you took them home, you mightprefer loudspeaker “B”. This would notbe surprising, since what you hear isnot only the loudspeaker but theloudspeaker “filtered” by the listeningroom. This is exactly why, even withautomated room compensationalgorithms, some fine tuning will benecessary to achieve a sound that bestsuits your room and your tastes, whichis why the BeoLab 90 interface includesadditional tuning tools including a10-band Parametric Equaliser.
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Appendix 4: Loudspeaker Directivity and Distance Perception in Stereo Imaging
14.1 Distance Perception inReal Life
Go to the middle of a snow-coveredfrozen lake with a loudspeaker and afriend. Sit there and close your eyesand get your friend to place theloudspeaker some distance from you.Keep your eyes closed, play somesounds out of the loudspeaker and tryto estimate how far away it is. You willbe wrong (unless you’re VERY lucky).Why? It’s because, in real life with realsources in real spaces, distanceinformation (in other words, theinformation that tells you how far awaya sound source is) comes mainly fromthe relationship between the directsound and the early reflections fromwalls in your listening room. If youdon’t have any early reflections, thenyou don’t have any distanceinformation. Add the early reflectionsand you can very easily tell how faraway it is.1

14.2 Distance Perception in aStereo Recording
Recording engineers have a basic trickfor controlling the apparent distance toa sound source in a stereo recordingusing the so-called “dry-to-wet” ratio— in other words, the relative levels ofthe direct sound and the reverberation.To be honest, this is a bit of anover-simplification, but it’s at the levelof knowledge one would typically haveif one were just starting out recording abudding rock band in a garage.
Many classical recordings are madewith a pair of microphones. Aninstrument that is on the left side ofthe pair will produce a sound that isslightly louder or slightly earlier in theleft microphone than in the rightmicrophone. This means that, whenyou sit in the sweet spot and listen tothe stereo recording, you will hear thatsource on the left side of the stereo

image. This effect is true not only forthe direct sound of the instrumentsarriving at the microphone pair, butalso for the acoustic reflections off thevarious surfaces in the recordingspace. So, if the recording engineerhas been paying attention, thedistance information (the relationshipbetween the direct sound and thereflections) has been captured in therecording. This means that when youlisten to the recording, you not onlycan tell where the instruments arefrom left to right, but also their relativedistances.

14.3 Combining the Two
So, we know that early reflections tellyour brain how far away the soundsource is. Now think to a loudspeakerin a listening room:
Case 1: If you have a listening roomthat has no sidewalls, then there areno early reflections, and, regardless ofhow far away the loudspeakers are, asound source in the recording withoutearly reflections (e.g. a close-mic’edvocal) will sound closer to you than theloudspeakers.
Case 2: If you have a listening roomwith early reflections, and theloudspeakers are less directional suchas BeoLab 90’s with their Beam Widthset to Wide or Omni, then the earlyreflections from the side walls tell youhow far away the loudspeakers are.Therefore, the close-mic’ed vocal trackfrom Case 1 cannot sound any closerthan the loudspeakers – your brain istoo smart to be told otherwise.
Case 3: If you have a listening roomwith sidewalls and therefore earlyreflections, but the loudspeakers aredirectional such that there is no energybeing delivered to the side walls, thenthe result is the same as in Case 1.This time there are no early reflectionsbecause of loudspeaker directivity

instead of wall absorption, but theeffect at the listening position is thesame. This is the case with BeoLab 90when its Beam Width is set to Narrow.
The conclusion is that, in order to getan accurate and precise representationof the spatial properties in a stereorecording, you should try to minimisethe levels of the early reflections fromthe sidewalls in your listening room.However, this means that you areoptimising the sound for the sweetspot – on-axis to both loudspeakers.When listening with friends, it may benecessary to widen the loudspeakers’Beam Widths.

1This has been proven in various listening tests. For example, go check out “Psychoacoustic Evaluation of Synthetic Impulse Responses” by Per Rubak & Lars G. Johansen as astarting point.
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Appendix 5: Microphone Placement Strategy when creating ARC Zones
As is discussed in Active RoomCompensation, it is possible to createsettings for different ARC Zones (orlistening areas). This is done byplacing a microphone in the zone andperforming an ARC measurement. Inorder to optimise the ARC filter for alarger zone, multiple microphoneplacements should be used,performing a measurement at eachposition. This section gives somerecommendations regarding where toplace the microphone for themeasurements.

15.1 General information
15.1.1 MicrophoneOrientation and Holder
The microphone should be securelyheld (e.g. on a camera tripod ormicrophone stand), pointing upwardsas is shown in Figure 15.1.

Figure 15.1: Recommended micro-phone orientation.

It is not recommended that themicrophone be hand-held due to thelength of the measurement procedureand the fact that the microphoneshould not move during themeasurement. Extraneous noisecaused by holding the microphone mayalso affect the measurement accuracy.

15.1.2 Height
The height of the microphone shouldbe roughly the same as the height ofthe listeners’ ears. Thus for example, ifall listeners are seated, themicrophone should be roughly 100 –120 cm above the floor.

Figure 15.2: Recommended micro-phone placement height shown in gray.

15.1.3 Doors and Windows
Doors and windows in the listeningroom should have the same positionduring the measurement as when theroom will be used for listening. So, ifyou normally listen to music with thedoors closed, then they should also beclosed during the measurementprocedure. This is because opening adoor or a window can have asignificant effect on the acousticalbehaviour of a listening room.
If doors may be opened or closed fordifferent listening situations (e.g. patiodoors leading from the living room tothe outdoors) then two different ARCZones should be created separately forthe two different scenarios.

15.2 One listening position
If an ARC Zone consists of only onelistening position, it is recommendedthat a minimum of two microphoneplacements be used for themeasurements. These should be toeither side of the listening position(approximately 30 cm from the centreof the listening position). Oneplacement should be slightly forward(approximately 20 cm) and the othershould be slightly behind(approximately 20 cm). As mentionedabove, the microphone should beplaced at ear-height. If desired, a thirdmeasurement position can be added atthe location of the listener’s head, asshown in Figure 15.3.

Figure 15.3: Recommended ARC micro-phone placements (in red) for a singlelistening position.

15.3 More than one listeningposition
If an ARC Zone consists of more thanone listening position (e.g. a sofa) thenthe measurement should be performedonce for each position. Figure 15.4shows an example of a zone consistingof 5 possible listening positions. Themicrophone should placed at eachposition (at ear-height) to create theARC filter for this situation.

Figure 15.4: Recommended ARC micro-phone placements (in red) for a multiplelistening positions.

Note that, in cases where there isoverlap between different ARC Zones,the measurements can be combinedby combining ARC Profiles in theBeoLab 90 app instead of duplicatingmeasurements. An example of this isshown in Figure 15.5.
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Figure 15.5: An example of avoidingduplicatemicrophone placements whenARC Zones overlap. The “sweet spot”zone is measured using the microphoneplacements shown in red. The other lis-tening positions on the sofas are mea-sured for a second ARC Zone usingthe microphone placements shown inblue. These two are combined by se-lecting both in the interface to com-pletely cover the entire area.

15.3.1 Passive ListeningSituations
In passive listening situations, it is notnecessary to perform as manymeasurements. For example, in thecase of a scenario where the BeoLab90’s are providing background musicfor persons seated around a diningtable, a smaller number ofmeasurements (2 to 3) may beadequate to improve the timbralbalance of the audio signal. This isillustrated in Figure 15.6.

Figure 15.6: Example ARC microphoneplacements (in red) for a passive listen-ing and background music situations ata dining table.
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Appendix 6: ABL - Adaptive Bass Linearisation
16.1 A General Introductionto ABL
Almost all loudspeakers made by Bang& Olufsen include Adaptive BassLinearisation or ABL. This includes notonly our “stand alone” loudspeakers(the BeoLab series) but also ourdocking loudspeakers and televisions.The only exceptions in the currentportfolio are our passive loudspeakers,headphones, and the BeoLab 5.
There is no one technical definition forABL, since it is in continual evolution –in fact it may change from product toproduct as we learn more and asdifferent products require differentalgorithms. Speaking very broadly,however, we could say that it reducesthe low frequency content sent to theloudspeaker driver(s) (e.g. the woofer)when the loudspeaker is asked to playloudly – but even this is partiallyinaccurate.
It is important to note that it is not thecase that this replaces a “loudnessfunction” which may (or may not) beequalising for Equal Loudness Contours(sometimes called “Fletcher-MunsonCurves”). However, since (generally)the bass is pulled back when things getloud, it is easy to assume this to betrue.
When we are doing the sound designfor a loudspeaker (which is based bothon measurements and listening), weensure that we are operating at alistening level that is well within the“linear” behaviour of the loudspeakerand its components. (Typically, thesound design is done at a standardplayback level where a -20 dB FSfull-band pink noise produces 70 dB (C)at the listening position.)
This means that

• the drivers (usually the woofers)aren’t being asked to move toofar (in and out)
• the amplifier is operating withinits limits

• the power supply is operatingwithin its limits, and
• nothing (not the power supply,the amplifiers, or the voice coils)is getting so hot that theloudspeaker’s behaviour isaltered.

This is what is meant by “linear” — it’sfancy word for “predictable”. Inaddition, it should be stated that if wewere listening to loudspeakers at highlevels daily, we would get increasinglybad at our jobs due to hearing loss.
So, we do the tuning at a listening levelwhere we know things are behaving –remember that we always do it at thesame calibrated level every time forevery loudspeaker so that we don’tchange sound design balance due toshifts associated with equal loudnesscontours. (If you tune a loudspeakerwhen it’s playing loudly, you’ll wind upwith a loudspeaker with less bass thanif you tuned it quietly. This is becauseyou’re automatically compensating fordifferences in your own hearing atdifferent listening levels.)
After that tuning is done, then we goback to the measurements to seewhere things will misbehave. Forexample, in order to compensate forthe relatively small cabinet behind thewoofer(s) in the BeoSound 8 / BeoPlayA8, we increase the amount of bassthat we send to the amplifiers for thewoofers as part of the sound design. Ifwe left that bass boost in the tuningwhen you turn up the volume, theloudspeaker would go up in smoke – orat least sound very bad. This could bebecause:

• the woofer is being pushed orpulled beyond its limits, or
• because the amplifier clips or
• the power supply cannot supplymore current or
• something else.

So, after the tuning process iscomplete, we put the loudspeaker in a

small torture chamber roughly the sizeof a clothes closet, put on some dancemusic (or modified pink noise) and turnup the volume. While that’s playing,we’re continually monitoring the signalthat we’re sending to the loudspeaker,the driver excursion, the demands onthe electronics (e.g. the amp’s, DAC’s,power supply, etc.) and thetemperature of various components inthe loudspeaker, along with a numberof other parameters.
Armed with that information, we areable to “know” how those parametersbehave with respect to thecharacteristics of the music that isbeing played (e.g. how loud it is, invarious frequency bands, for how long,in both the short term and the longterm). This means that, when you playmusic on the loudspeaker, it “knows”:

• how hot it is at various locationsinside,
• what the velocity of the air in theport is (if it has a port),
• the loudspeaker drivers’excursions,
• amplifier demands,
• power supply demands,
• and so on. (The actual list variesaccording to product – these arejust some typical examples...)

So, when some parameter gets closeto a maximum (e.g. the amplifier startsto get too hot, or the woofer is nearingmaximum allowable excursion) then
something will be pulled back.
What is pulled back? It depends on theproduct and the conditions at the timeyou’re playing the music. It could be aband of frequencies in the bass region,it could be the level of the woofer. In aworst-case-last-ditch situation, theloudspeaker might even be required toshut itself down to protect itself fromyou (or the guests attending yourparty). Of course, there is noguarantee that you cannot destroy theloudspeaker somehow – but we do our
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best to build in enough protection tocover as many conditions as we can.
How is it pulled back (i.e. how quicklyand by how much)? That also dependson the product and some decisions wemade during the sound design process,as well as what kind ofstate-of-emergency your loudspeakeris in (some people are very mean toloudspeakers...).
Note that all this is done based on thesignals that the loudspeaker is beingasked to produce. So it doesn’t knowwhether you’ve turned up the bass orthe volume – it just knows you’reasking it to play this signal right nowand what the implications of that

demand are on the current conditions(voice coil temperature, for example)This is similar to the fact that the seatbelts in my car don’t know why the caris stopping quickly – maybe it’sbecause I hit the brakes, maybe it’sbecause I hit a concrete wall – the seatbelts just lock up when they’re askedto move too quickly. Your woofer’svoice coil doesn’t know the differencebetween Eminem and Stravinsky with abass boost – it just knows it’s hot and itdoesn’t want to get hotter.

16.2 ABL and BeoLab 90
In spite of BeoLab 90’s massive powerreserves and four capable woofers, it

still benefits from the inclusion of ABLin its processing. This is due to the factthat the BeoLab 90’s sound designresulted in a frequency range thatextends to approximately 10 Hz1.Playing at high listening levels, such alow frequency extension would resultin over-excursion of the woofers if ABLwere not included in the loudspeaker’sprocessing. However, it should be saidthat whereas a typical Bang & Olufsenloudspeaker will have an ABL operatingat frequency bands from approximately100 Hz and down, the BeoLab 90’s ABLonly operates below approximately 20Hz.

1This value is to be finalised at a later date.
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Appendix 7: Thermal Compression Compensation
17.1 Introduction
Note: Some of the figures in this
section are taken from BeoLab 5
measurements. These will be replaced
with data from the BeoLab 90 as soon
as possible.
Take a woofer and put it in anappropriately-sized cabinet, connect itto an amplifier. Set the roomtemperature to 20◦ C. Wheneverything in the room is the sametemperature, measure the woofer’son-axis magnitude response.
Turn up the room temperature to 100◦C. When everything in the room is thesame temperature again, measure thewoofer’s magnitude response oncemore.
You will notice that these twomeasurements look very different – butwhy?
When you read a magazine review of aloudspeaker, it will include ameasurement of its “frequencyresponse” (more accurately called its“magnitude response”) which shows(ignoring many things) how louddifferent frequencies are when theycome out of the loudspeaker assumingthat they all came in at the same level.Unfortunately, this is only a small partof the truth.
We can explain a loudspeaker driver’selectromechanical characteristics bybreaking it down into differentcomponents (both actual andanalogical). For example, thesuspension (which is comprised of thesurround and the spider) can bethought of as a spring. The electricalanalogy for this is a capacitor. If youtake all of the moving parts in theloudspeaker driver, they all add up to amass that has to be moved – theelectrical analogy for that mass is aninductor (since an inductor has someelectrical “inertia”). Some of thecomponents are not an electricalanalogy – they are real electrical

components. For example, the voicecoil, since it’s a coil, acts as aninductor. Since it is a thin bit of wire, italso has some resistance to the flow ofelectrical current through it, so it’s alsoa resistor. A simple version of thisbreakdown is shown in Figure 17.1.

Amplifier

Voice Coil 
Resistance

Electrica Components Mechanical Components

Voice Coil 
Inductance

Energy Losses in 
Suspension

Inertia of Mass of 
Moving Parts

Springiness of 
Suspension

Figure 17.1: A simplified version of theactual electrical and electrical analogiesof mechanical components in a loud-speaker driver.

This shows the components of amoving coil dynamic loudspeaker as avery simplified “circuit” . If thesecomponents don’t look familiar to you,don’t worry, it’s not that important fornow. Some components in the circuitare actual electrical things (like theresistance of the voice coil, shown inred) and others are analogies –electrical representations for amechanical component in the system(such as a capacitor representing the“spring” of the surround and thespider).
If you know how each of thesecomponents behaves, and you knowthe correct values to put in for a givenloudspeaker, and you know how to dothe right math, then you can comeclose to getting a prediction of theresponse of the loudspeaker thatyou’re modelling with the circuit.However, if you just put in one valuefor each component, then you’reassuming that they never change – inother words that you’re dealing with a“linear” system.
The problem is that this assumption isincorrect. For example, the voice coilresistance – the amount that the wirein the voice coil resists the flow ofcurrent through it when theloudspeaker driver is not moving –changes with temperature. The hotterthe wire gets, the higher the resistance

goes. (This is a normal behaviour formost resistors.) If the voice coilresistance changes, then the wholesystem behaves differently, since itisn’t the only component in the circuit.So, as we change the temperature ofthe voice coil, the total response of theloudspeaker changes.
Sadly, the temperature of the voice coilisn’t only dependent on the roomtemperature as it seemed to be in thebeginning of this discussion. As soonas you start playing sound using theloudspeaker, it starts heating up. Thelouder the signal the hotter it gets. Soas you play music, it heats and cools.The speed with which it heats up andcools down is dependent on its“thermal time constant” – a big wooferwith a large magnet will take longer toheat up and cool down (and thereforehave a longer thermal time constant)than a small tweeter.
This raises at least four questions:

• How much does the temperaturevary when I play music?
• How does the response of theloudspeaker change withtemperature?
• How much does the response ofthe loudspeaker change withtemperature?
• What can we do about it?

17.2 Voice coil temperature
A typical loudspeaker driver is, give ortake, about 1% efficient. This meansthat approximately 1% of the poweryou push into the loudspeaker from theamplifier is converted into sound. Theremaining 99% is lost as heat – almostall of it at the voice coil of theloudspeaker. So, the louder yourmusic, the hotter your voice coil gets.Of course, if you have a way of coolingit (by using other parts of theloudspeaker as a radiator to yourlistening room) then it won’t get ashot, and it will cool down faster.
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For example, play pop music that hasbeen mastered at a high level and playit at maximum volume on a BeoLab 90whilst monitoring the temperature ofthe voice coils. What you’ll see if youdo this is something like the Figure17.2.

Figure 17.2: The temperatures (in ◦C)of the voice coils of the front woofer ina BeoLab 5 as a result of playing popmusic at full volume. The X-axis is thetime in minutes.

As you can see in Figure 17.2, whileplaying music, the woofer varied froma maximum temperature of about200◦ C down to about 110◦C.
This means that the worst-casevariation in temperature of the wooferwas about 90◦C whilst playing music,and 180◦C relative to roomtemperature.
Unfortunately, this temperature cannotbe measured directly, since we cannotput a thermal sensor directly on thevoice coils. Instead, we measure thetemperature of the loudspeaker drivermagnets, and use that real-time datainput in addition to the signal thatwe’re sending to the drivers tocalculate the temperatures of the voicecoils based on thermal models of eachof them. As you can see in Figure 17.3,the magnet temperature reacts muchmore slowly. These measurementswere taken at exactly the same time asthe ones shown in Figure 17.2.

Figure 17.3: The temperatures of themagnets of the loudspeaker drivers in aBeoLab 5 as a result of playing pop mu-sic at full volume. The X-axis is the timein minutes.

17.3 Loudspeaker responsechanges
So, now the question is “what does thischange in temperature do to theresponse of the loudspeaker driver?”.
As I mentioned above, the thing thatchanges most in the model shown inFigure 17.1 is the loudspeaker driver’svoice coil resistance. For those of youwith a background in reading electricalcircuits, you may notice that the oneshown in Figure 17.1 has some reactivecomponents in it which will result in aresonance at some frequency. Forthose of you without a background inreading electrical circuits, what thismeans is that a loudspeaker driver (likea woofer) has some frequency at whichit “wants” to ring – if you thump it withyour thumb, that’s the note that youwill hear ringing – a little like a bell witha low pitch.
As the voice coil resistance goes up, itsresistance increases, and we generallylose sensitivity (i.e. level or loudness)from the woofer. In other words, thehotter it gets, the quieter it gets.However, this only happens at thefrequencies where the resistor is not“overridden” by another component –say the mechanical resonance of thewoofer or the inductance of the voicecoil.
The total result is shown for varioustemperature differences in Figure 17.4.Notice that these plots show thechange in magnitude response of the

driver with changes in temperature.So, the curve at the top is the changein the woofer’s magnitude response(which is 0 dB at all frequencies – inother words no change) when theloudspeaker is playing at the sametemperature at which it was measured(let’s say, 20◦C or room temperature).As the temperature of the voice coilincreases above that temperature, youcan see that you lose output in twofrequency bands on either side of a“bump” in the response – that bump isat the resonant frequency of theloudspeaker driver.
So, the louder you play, the more lowend you lose, apart from a peak in theresponse (which also rings in time) atthe resonant frequency of the driver.
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Figure 17.4: Sensitivity of BeoLab 90’sfront woofer vs. the change in temper-ature of its voice coil.

17.4 The solution
Interestingly, everything I said above istrue for every moving coil loudspeaker.So, if you’re the kind of person whobelieves that the only “proper”loudspeaker is one where you havenothing but a loudspeaker driver (in acabinet of any kind, or not) and anamplifier – and no active filtering, thenyou’ll have to live with the kind ofunpredictable behaviour that you seeabove. However, since a BeoLab 90“knows” the temperature of the voicecoil of its loudspeaker drivers, andsince it has been programmed with thecurves like the one shown in Figure17.4, we can actively linearise itsresponse, making it much morepredictable.
In essence all we need to do is to takeFigure 17.4, flip it upside down and
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make a filter that “undoes” the effectof temperature on the loudspeaker’sresponse. For example, if the woofer’svoice coil gets 160◦C above roomtemperature (where we originallymeasured it), it drops 3.2 dB at 20 Hz,the BeoLab 90 knows this and adds 3.2dB at 20 Hz. In order to do this, theprocessing of the BeoLab 90 includes aset of filters (one for each driver)whose response varies in time with thetemperatures of the the drivers. Thetemperature-dependent filters for thefront woofer are shown in Figure 17.5.
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Figure 17.5: Magnitude responses ofthe compensating filter for BeoLab 90’sfront woofer vs. the temperature of itsvoice coil.

It’s important to note three things here.
• This can only be done becausewe know how the response of thewoofer changes at differenttemperatures (this behaviourwas found as part of thedevelopment process).
• This can be done because theloudspeaker “brain” (the DSP)knows the temperature of thevoice coil in real time as you’replaying music
• This particular filter shown inFigure 17.5 should only be

applied to the appropriateloudspeaker driver. The otherwoofers and the other drivershave different behaviours andshould be processed with theirown correction curves. In otherwords, this filtering can only bedone because the BeoLab 90 isan active loudspeaker withindependent filtering for each ofthe 18 loudspeaker drivers.

17.5 Some extra information
You should be left with at least onequestion. I said above that, as themusic gets loud, the woofer heats up,so you lose output, so we add a filterthat compensates by putting moresignal into the driver. However, thismeans that the problem is caused bythe signal being too loud, and theresult is that we make the signallouder.
However, there is one more trick upour sleeve. In Appendix 6: ABL -Adaptive Bass Linearisation, BeoLab90’s Thermal Protection algorithm isdescribed. This means that the DSPbrain knows the temperature of thedrivers and, in a worst-case situation,turns the levels down to protect thingsfrom burning up. So, if we go back tothe example of a BeoLab 90 playing atfull volume, let’s see what’s happeningto the signal levels.

Figure 17.6: The gains (in dB) applied tothe signals sent to the woofer in a Beo-Lab 5 as a result of playing pop musicat full volume. The X-axis is the time inminutes.

These curves in Figure 17.6 show thegains applied to the front woofer in aBeoLab 90 at the same time as themeasurements shown in Figures 17.2and 17.3 were being made. In fact, ifyou look carefully at Figure 17.2around the XX minute mark, you’ll seethat the temperature dropped – whichis why the gain in Figure 17.6 increases(because it can!) in response.
Now, don’t panic. The BeoLab 90 isn’tmessing about with the gains of thedrivers all the time. Remember thatthis test was done at full volume –which, for a BeoLab 90 is extremely
loud. The gains shown in Figure 17.6are a “last-ditch” effort of theloudspeaker to protect itself from avery mean customer (or the very meanchildren of a customer who is away forthe weekend). This is the equivalent ofthe airbags deploying in your car. Youcan guess that, if the airbags areoutside the steering wheel somethingsignificant has occurred.
Many thanks to Gert Munch for his help
in writing this section.

63



Index
ABL, 30, 54active listening, 3active room compensation, 5, 16Adaptive Bass Linearisation, 54ADC, 33Analogue Inputs, 33analogue-to-digital converter, 33ARC, 5, 16, 52audio formatsDoP, 37, 39DSD, 37DSD over PCM, 39DXD, 39automatic bass linearisation, 30
background music, 3bass, 17beam direction, 4control, 14beam widthcontrol, 4, 10narrow, 10omni, 13wide, 11, 14BeoVision television, connection to, 21
centre frequency, 44cloning in production, 31coaxial digital, 33converter, digital to analogue, 34
DAC, 34dB, 44decibel, 44digital to analogue converter, 34distance, 14DSP, 34
early reflections, 46echo, 38edit mode, menu, 9enhance, power, 28equaliser, parametric, 20, 29
Fc, 44features, 30features disabled, 38filter high-shelving, 21, 43low-shelving, 20, 43peaking, 21, 44phase response, 30Q, 44reciprocal peak/dip, 44formats

DXD, 37frequency tilt, 19
gain, 44equaliser, 44filter, 44offset, 25
Hertz (Hz), 44
imaging, 3, 10impedance, input, 26input auto-detection, 25detection threshold, 25gain offset, 25impedance, 26manual selection, 24maximum input voltage, 25priority, 24renaming, 24time-out, 25volume control, 26input, labels, 24
latency, 18level, 15lip synch, 38loudness, 19
maximum input voltage, 25menu map, 8microphone placement, 52minimum phase, 20modes, room, 48mute, 17
optical digital, 34volume control via Power Link, 26
parametric equaliser, 20, 29passive listening, 3peaking filter, 44phantom imaging, 10power enhance, 28Power Link, 33preset, 9creating, 9edit parameters, 9rename, 9selecting, 9preset automation, 21production, 31protection, thermal, 30
Q, 44

64



RCA, 33re-name inputs, 24reflections, early, 46reverberation, 49role, 15room modes, 48
S/P-DIF, 33volume control via Power Link, 26sampling rate converter, 33sensitivity, 15, 17, 29signal detection, automatic, 25sound design, 20, 30sound enhance, 19speaker distance, 14speaker group, 22speaker level, 15Speaker Preset, 22speaker role, 15specificationsamplifiers, 34analogue inputs, 33digital inputs, 33DPL, 36DSP, 34loudspeaker drivers, 35power supply, 36preamp, 32total system, 32

SRC, 33stereo imaging, 3, 10
temperature, 28thermal compression compensation, 31, 56thermal protection, 30threshold, detection, 25time-out, 25tone controlsbass, 17frequency tilt, 19sound enhance, 19treble, 18treble, 18trigger, 21
USB Audio, 34volume, 26
volumecontrol, 17, 29maximum, 28startup, 17, 28
Wireless Power Link, 34WiSA, 34WPL, 34
XLR, 33

65


