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(54) A method and a system to adjust the acoustical performance of a loudspeaker

(57)  The invention relates to a method and a system
for optimizing the performance of a loudspeaker system
as perceived by user.

The physical part of the speaker system is adjustable
which enables the speaker units to be placed in positions

Figure 5
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that imply maximal acoustical performance. This is ob-
tained by combined means to: 1) bring the speaker in a
specified position and 2) apply accordingly position de-
pendant individual acoustical filters inserted in the signal
path to each individual speaker.
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Description
Field of the Invention

[0001] The present invention relates to improvements in sound experience as perceived by the user in a listening
room. Specifically - but not exclusively the means to obtain the increased performance is by adjusting the speaker
position according to the listening position of the user and accordingly adjust individual filter means in the signal path to
the loudspeaker.

Background of the Invention

[0002] When aloudspeakeris placed within an enclosed space the timbre of the loudspeaker as perceived by a listener
is highly affected by the acoustical properties of the space.

Traditionally built-in loudspeaker in walls, ceiling’s and floors has a very poor performance due to the difficult radiation
properties out from the speaker units.

[0003] The designer of the sound reproduction system usually wishes to give the listener the same intended listening
experience regardless of the acoustical properties of the listening space.

[0004] Attempts of providing systems which addresses this desire has been suggested in the art, see for example
JP58218294, JP58170195 and JP57116495.

From JP58218294 is known a system where the mid and high range speaker units are arranged in a convex rotatable
member relative to the loudspeakers surface. By rotating the member, the sound emitting angle due to the convex shape
of the member from the mid and high range speakers, relative to the speaker’s surface may be altered, in order to
improve the overall sound emission.

In JP58170195 is disclosed a system where the loudspeaker type may be changed by rotating a member. The mid and
high range loudspeaker units are mounted in the rotatable member. Furthermore by rotating the member a bus reflex
port may be opened or closed in the front surface of the loudspeaker, thereby changing the properties of the loudspeaker.
Finally in JP57116495, the tweeter speaker unit of a loudspeaker construction, has been mounted such that it may tilt
relative to a woofer speaker. In this manner it is possible to adjust the tweeters emission relative to the woofers emission,
simply by directing the tweeters sound emission in a different direction.

[0005] With the current invention the loudspeaker system may adapt dynamically to the listeners position in a room.
[0006] Thus the object of the invention is to provide a loudspeaker system concept with dynamic properties such that
not only the sound properties are optimised but also the listeners position is taken into account such that it is possible
to create an optimum listening experience for the listener regardless of the listeners position in the room.

[0007] This object is achieved by a speaker system according to independent claim 1.

[0008] In further embodiments according to the dependent claims further advantageous objects are achieved, for
example by:

- Including one or more speaker units,

- the speaker units are mounted into a frame that is rotate able and tilt able,

- individual filters may be adapted according to the individual speaker positions,

- positioning the speakers according to the listener position may be user commanded and/or automatically controlled,
and

- active loudspeakers are applied for efficiency.

Description of the Invention

[0009] Inthefollowing, preferred embodiments of the invention will be described with reference to the drawing wherein

Fig. 1 illustrates a top view of the invention with the speaker units in the default position.

Fig.2a &b illustrates a top view of the invention with the speaker units in two different positions.
Fig.2c &d illustrates a side view of the invention with the speaker units in two different positions.

Fig. 3 illustrates the coordinate systems related to rotation- and tilt positions.

Fig. 4 illustrates the signal path including filters, amplifiers and two speaker units.

Fig. 5 illustrates how to set of speaker systems adjust according to the listing position in a room.
Fig. 6 illustrates the control system of the invention.

[0010] In a first aspect, the invention relates to:
[0011] A speaker system, where the speaker units mounted in the speaker system may be configured into different
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positionstoincrease the acoustical performance perceived by the user, where said speaker system contains amechanical
structure consisting of four members:

- afirstmember(1), where said first member may have any geometrical shape, where said member has a first surface
and defining a circular innermost periphery of said first member;

- asecond member(2), where said second member may be arranged within the circular periphery provided on the
firstmember(1), such that the second member may be rotate able around an axis perpendicular to, or close to being
perpendicular to, the plane of the surface of the first member(1), and with the second member(2) fully or partly
having a material surface;

- athird member(3) being an integrated part of the second member(2) or being a separate object mounted on top of
the second member(2), and where said third member (3) includes one or more speaker units(5,6) mounted to deliver
acoustical output directed away from the surface of the third member (3);

- afourth member (4), where said fourth member is support structure including a hinge for the third member (3) and
enables the third member(3) to be tilt able around an axis horizontal to, or close to being horizontal to, the plane of
the surface of the second member(2) and with the fourth member (4) attached to the second member(2).

[0012] In a preferred embodiment the motorized means (31, 32, 33) control the position of the loudspeaker units (5,
6) in the speaker system. The motor means controls the rotating of the second member (2) and controls the tilting of the
third member (3).

[0013] Standard means are applied to control the motors and to determine the position of each motor relative to a
polar coordinate system for each of the movements, i.e. the rotation(8) of the second object(2) and the tilt(9) of the third
object (3).

[0014] Inone aspect the required position of the speakers are obtained by passing information of the X, Y coordinates
related to the rotation of the second member to the second member motor means and by passing information of the X,
Y coordinates related to the tilting of the third member to the third member motor means.

[0015] A predefined set of X, Y parameters for each of the motor means may be applied as the initial setting of the
second- and third members upon start up of the speaker system. The same set of parameters may be applied as a
default position that may be returned to during operation, thus to act as a Reset position for the loudspeakers.

[0016] In another aspect the rotation and the tilting of the loudspeaker units may be controlled by the user via a
command from a wireless control device. Standard means (e.g. Infrared, Radio Frequency, Bluetooth or alike) may be
applied for the communication from/to the remote terminal.

Specific X, Y coordinate values may be transferred to the speaker system and/or relative commands like: ’rotate left;
rotate right; tilt up; tilt down; reset or similar commands.

Other functional related commands like ’bigger’; ’smaller’; ’light’; heavy’ may be sent from a remote device for further
mapping into specific X, Y parameter by the speaker system.

[0017] Inthe preferred embodiment this flexible addressing speaker units positions are that:

- the X, Y coordinates of the second member position may be forced to given values, and thus forced to a given
position of the speaker, specified from an external control device, and

- the X, Y coordinates of the third member position may be forced to given values, and thus forced to a given position
of the speaker, specified from an external control device.

[0018] In yet another aspect the position of the speaker units of one speaker system may automatically be oriented
towards a detected location of a source signal in a room. This room location may be the listing position. Standard means
are applied to generate the source signal; e.g. an infrared signal from a control device may be applied, and issued from
the device upon a user command. The speaker system has a built in infrared receiver and detects the infrared beam.
In a sequential flow of ocperation each of the motor means, i.e. the rotation motor means and the tilt motor means, are
positioned fromtheir respective min. to the max. positions in combinations to detectthe maximum of the received IR signal.
Alternatively to the IR signal and - detection method, an RF signal and - detection method or a sound signal and -
detection method may be applied.

[0019] In the preferred embodiment these automated speaker units positions are where: the position of the second
member and the position of the third member are determined from a detected maximum and or a detected minimum in
a signal beam issued from a source located in the listening position of the user towards the speaker system.

[0020] In yet another aspect individual correction filters are applied in the signal path of every speaker according to
the orientation/position of the speaker; this to maximize the sound quality as perceived by the listener. A predefined set
of filter attributes are available for a set of defined X, Y positions related rotation and related to tilting of the loudspeaker
units.

[0021] Inthe preferred embodiment these correction filter attributes may be used dynamically and consists of:
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- apredefined set of filter attributes are applied as the default correction filters to be in the signal path for each of the
one or more speakers, and

- apredefined plurality of individual set of filter attributes are related to different speaker positions for each of the one
or more speakers, and

- apredefined set of filter attributes are selected and applied as the actual correction filter to be in the signal path for
each of the one or more speakers, where the set of filter attributes are selected based on the X,Y position of the
speaker.

- apredefined plurality of individual set of filter attributes related to speaker positions for each of the one or more
speakers may be replaced with data from an external source.

[0022] In the preferred embodiment these correction filter attributes are related to the X, Y position of the rotation
means and to the X, Y position of the tilt means in a simple index table in a discrete manner:
[0023] If X, Y position is in the interval pos1 -> pos2 Then apply filter set1

Rotate position | Tilt position Filter Index

Rpos1 -> Rpos2 | Tpos1 -> Tpos2 Fset1 1
Tpos2 -> Tpos3 Fset2 2

+++ +++ /!

TposN->  TposM | FsetN N

Rpos2 -> Rpos3 | Tposl1 -> Tpos2 Fset1.1 N+1

Tpos2 -> Tpos3 Fset2.1 N+2

+++ +++ /I
TposN->  TposM | FsetN.1 N+N
/

Rpos3 -> Rpos4 | Tpos1 -> Tpos2 Fset1.2 | 2N+1
Tpos2 -> Tpos3 Fset2.2 | 2N+2

+++ +++ /I

TposN->  TposM | FsetN.2 | //

+++

RposP -> RposQ | Tpos1 -> Tpos2 Fseti.p | //
Tpos2 -> Tpos3 Fset2.p | //

+++ +++ /!

TposN->  TposM | FsetN.p | //

[0024] The table above illustrates the mapping of positions into filter index:

- apredefined plurality of individual set of X, Y coordinates are related to the second member position and where a
predefined plurality of individual set of other X, Y coordinates are related to the third member position and where
an index is related to a set of corresponding filter attributes that applies in that specific speaker position, and

- apredefined plurality of individual set of X, Y coordinates are related to the second member position and where a
predefined plurality of individual set of other X, Y coordinates are related to the third member position and where
an index is related to a set of corresponding filter attributes that applies in that specific speaker position and where
the complete set of definitions may be replaced with data from an external source.

[0025] Infigure 1 the invention is displayed with the main elements:
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- The basic structure as a first element (1) may act as the fixture of other parts of the construction. The outer shape
of this element is primarily determined by the requirement set up for the end user product, into which the invention
will be a part of.

- Adcircular cavity in the first element is the room for the second (2) and the third (3) elements. Those elements are
mounted so they have the freedom to rotate. According to requirements the allowed rotation may be whatever subset
of the full rotation capability of O -> 360 deg. Preferable the axis of rotation is perpendicular to the surface of the
first element(1).

- The third element (3) is attached to the rotational part of the construction (2) via a hinge (4) or alike, that allows the
third member (3) to tilt. According to requirements the allowed tilting may be whatever subset of the full movement
capability of 0 -> 90 deg. Preferable the axis of tilting is parallel to the surface of the second element (2).

- The loudspeaker units (5, 6) are mounted into the third element (3) such that the acoustical output is radiated away
from the surface of the third element.

One or more speaker units may be implemented according to product requirements. In a preferred embodiment two
speakers are applied: one for high frequency sound radiation and one for medium frequency sound radiation.

- Aspartof the subsystem that detects a listening position (37) the detector of an infrared receiver (7) may be integrated
into the surface of the third element. Alternative means may be implemented applying RF- or sound signal technol-
ogies.

[0026] Figure 2 illustrates different positions of the third element. The positions are examples of how the loudspeaker
speaker units (5, 6) may be oriented towards a specific position in a listening room:

- Infigure 2.a the second - and third element is rotated approximately - 45 deg. relative to the initial position in figure 1.

- Infigure 2.b the second - and third element is rotated approximately - 90 deg. relative to the initial position in figure 1.

- Infigure 2.cthe second - and third element is rotated approximately - 90 deg. relative to the initial position in figure 1.

- In figure 2.d the second - and third element is rotated approximately - 90 deg., and the third element is tilted
approximately - 45 deg. relative to the initial position in figure 1.

[0027] Figure 3 illustrates how ordinary X, Y coordinate systems defined the position of the speaker units (5, 6). A
specific position may be defined by X, Y coordinates (8, 9) or an angle relative to the x-axis (8’, 9'):

- Figure 3.a display an example of the rotation of the second - and third element into a position (8).
- Figure 3.b display an example of the tilting of the third element into a position (9).

[0028] Figure 4 illustrates how one of more speaker units is configured:

- Compensation filters (12, 12’) are inserted into the signal path (11, 11’). The parameters determining the charac-
teristics of a filter may be replaced dynamically according to an actual position of the speaker units. Individual filters
are applied per speaker unit (14, 14’).

- Individual amplifiers (13, 13’) are applied per speaker unit (14, 14°). Active speakers may be applied. For efficiency
reasons, i.e. to optimize physical size and power consumption versus output power performance, a technology like
ICEpower from Bang & Olufsen may be used.

[0029] Typical applications of the speaker system as outlined may be into a stand alone loudspeaker or to be applied
as an in-wall loudspeaker, or as an in-ceiling loudspeaker or as an in-floor loudspeaker, or as a loudspeaker in a home
appliance and in media systems.

[0030] |In figure 5 it is illustrated how two in-wall speaker systems (22, 23) are located in a room (20). One of the
loudspeaker systems (22) is vertically aligned towards the listening position (21) and the other of the loudspeakersystems
(23) is horizontally aligned towards the listening position (21).

[0031] Inaroomwith aplurality of loudspeaker systems according to the invention, the filters to be applied dynamically
per loud speaker unit in all systems may be configured according to different methods based on:

- Positions commanded externally from a user remote control device (36).

- A detected listener position, as deduced from an incoming source signal beam, e.g. an infrared signal (37).

- A detected position of other loudspeakers in the room, as deduced from an incoming sound signal received by the
actual speaker system, e.g. a sound signal issued by another speaker unitin the room and received via amicrophone
(34°) by the actual speaker system.

[0032] Figure 6 display the controller (30) of the loudspeaker system of one embodiment according to the invention:
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- The sound signal (40, 11) is via the filters (12, 12’) and the amplifiers connected to the loud speaker units (14, 14’).

- The dynamic load and reload of the filter attributes is supported by data sourced in a table (39).

- The support of the filter management that is related to actual X, Y positions of the speaker units is supported by
data sourced in a table (38).

- Archivedfilter attributes may be updated or modified by a reload af new data from an external source (35). The load
may via a wired data link or via a wireless data link and sourced e.g. from a PC.

- Asubsystem (37) supports the detection of the listening position by detecting the maximum of an incoming source
signal e.g. infra red light beam. The system detects the maximum by analyzing different combinations of the rotation
position and the tilt position.

- Asubsystem (34) supports the detection of position of other loudspeakers in the room, as deduced from an incoming
sound signal received via a microphone (34’) by the actual speaker system.

- Asubsystem (31) controls the motorthat supports the rotational movement (33) and the tilt movement (33’). Standard
means are applied for the control and the position of each of the motors, one to detect the X, Y position of the rotation
(32) and one to detect the X,Y position of the tilt (32’).

Claims

1. Aspeaker system, where the speaker units mounted inthe speaker system may be configured into different positions
to increase the acoustical performance perceived by the user, where said speaker system contains a mechanical
structure consisting of four members:

- a first member, where said first member may have any geometrical shape, where said member has a first
surface and defining a circular innermost periphery of said first member;

- a second member, where said second member may be arranged within the circular periphery provided on the
first member, such that the second member may be rotate able around an axis perpendicular to, or close to
being perpendicular to, the plane of the surface of the first member, and with the second member fully or partly
having a material surface;

- a third member being an integrated part of the second member or being a separate object mounted on top of
the second member, and where said third member includes one or more speaker units mounted to deliver
acoustical output directed away from the surface of the third member;

- a fourth member, where said fourth member is support structure including a hinge for the third member and
enables the third member to be tilt able around an axis horizontal to, or close to being horizontal to, the plane
of the surface of the second member(2) and with the fourth member (4) attached to the second member(2).

2. Aspeakersystem according to claim 1 wherein motor means controls the rotating of the second member and controls
the tilting of the third member.

3. A speaker system according to claim 2 wherein the position of the speakers are obtained by passing information of
X, Y coordinates related to the rotation of the second member to the second member motor means and by passing

information of X, Y coordinates related to the tilting of the third member to the third member motor means.

4. Aspeakersystemaccordingtoclaim 3, wherein apredefined set of filter attributes are applied as the default correction
filters to be in the signal path for each of the one or more speakers.

5. A speaker system according to claim 4, wherein one of the predefined set of X, Y coordinates defines the initial
position of the second member.

6. A speaker system according to claim 4, wherein one of the predefined set of X, Y coordinates defines the initial
position of the third member.

7. Aspeaker system according to claim 6, wherein the X, Y coordinates of the second member position may be forced
to given values, and thus forced to a given position of the speaker, specified from an external control device.

8. A speaker system according to claim 6, wherein the X, Y coordinates of the third member position may be forced
to given values, and thus forced to a given position of the speaker, specified from an external control device.

9. Aspeakersystem according to claim 8, wherein a predefined plurality of individual set of X, Y coordinates are related
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to the second member position and where a predefined plurality of individual set of other X, Y coordinates are related
to the third member position and where an index is related to a set of corresponding filter attributes that applies in
that specific speaker position.

A speaker system according to claim 9, wherein a predefined plurality of individual set of X, Y coordinates are related
to the second member position and where a predefined plurality of individual set of other X, Y coordinates are related
to the third member position and where an index is related to a set of corresponding filter attributes that applies in
that specific speaker position and where the complete set of definitions may be replaced with data from an external
source.

A speaker system according to claim 10, wherein the position of the second member and the position of the third
member are determined from a detected maximum and or a detected minimum in a signal beam issued from a
source located in the listening position of the user towards the speaker system.

A speaker system according to one or more of the claims above, wherein a predefined plurality of individual set of
filter attributes are related to different speaker positions for each of the one or more speakers.

A speaker system according to one or more of the claims above, wherein a predefined set of filter attributes are
selected and applied as the actual correction filter to be in the signal path for each of the one or more speakers,
where the set of filter attributes are selected based on the X,Y position of the speaker.

A speaker system according to one or more of the claims above, wherein a predefined plurality of individual set of
filter attributes related to speaker positions for each of the one or more speakers may be replaced with data from
an external source.

Use of the speaker system according to any of the claims 1 to 14, implemented as a stand alone loudspeaker.

Use of the speaker system according to any of the claims 1 to 14, implemented as a built in loudspeaker, to be
applied as in-wall loudspeaker, and/or as in-ceiling loudspeaker and/or as in-floor loudspeaker.

Use of the speaker system according to any of the claims 1 to 14, implemented as a loudspeakerin a home appliance
and/or in media systems.

LINKPLAY EXHIBIT 1004
Page 1936 of 4822



EP 2 043 381 A2

Figure 1

Figure 2
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Figure 3
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Description
Field of the Invention

[0001] The present invention relates to a method and system for dynamic reconfiguring an audio reproduction system
comprising two or more sound channels. The premises of the reconfiguring are being based on the position of one or
more listeners andthe one ormore soundchannelsinthe reproduction system. The feature obtained is a sound distribution
into individual zones of sound fields.

[0002] The invention includes digital signal processing, sound transducers, filters and ampilifier configurations to be
applied in surround sound systems and traditional stereophonic system, and to be applied in any domain like a home,
in a vehicle, in a boat, in an airplane, in an office or in any other private or public domain, this being airports, shopping
centres, sports arenas and theatres, i.e. in a PA system.

Background of the Invention

[0003] It is a well known problem in prior art loudspeaker systems operating in closed rooms/spaces e.g. a car, that
the sound expired by the user may vary according to the listeners position in a space relative to the loudspeaker system
transducers.

[0004] Furthermore systems have been developed for simplistic sound distribution, for example for use inside rooms
or cars. The systems detect the configuration of the space and the presence of listeners, and reconfigure the sound
output according to the number of listeners and their position relative to the loudspeakers. Such systems are disclosed
in US2007/0211908, US2004/0240676 and DE102004022379.

Object of the Invention

[0005] Thus to obtain a certain perceived quality level of a loudspeaker system, e.g. in a car, the individual sound
channels incorporating one or more loudspeaker modules must be calibrated and adjusted individually and according
to the number of persons in the car, and their position in the space e.g. their seated positions.

[0006] This principle may be applied in any type of room like airplanes, boats, theatres, arenas, and shopping centres
and alike.

[0007] In the public domain applications it would be a huge advantage to direct the sound fields primarily into zones
where people are located and /or seated, this to avoid acoustical reflections from distributed speakers in areas where
no people are located.

Description of the Invention

[0008] The invention discloses a surround sound system where different sound settings may be enabled via digital
signal processing means controlling the individual sound channels parameters e.g. the equalization (filters), the delay,
the gain (amplification). The premise for the control is based upon the listener’s position in the listening room/space.
[0009] In amore advanced embodiment of the invention the control and sound setting may work in a contextual mode
of operation to accommodate for:

¢ the position of the one or more listeners;

+ afunctional mode of operation, e.g. adjust the sound system settings to be in movie mode;
* the type of music, e.g. rock;

¢ the time of the day; e.g. morning/day/night/Christmas etc.

[0010] The invention discloses a solution that in an automatically mode of operation may fulfil the stated requirements
and solve the related technical problems.
[0011] In summary the invention includes:

* sensor means to detect a listener position;

¢ amode of operation related to a user position or a required function;

* Information available according to context (place, time and music content);

¢ multi channel sound system, e.g. two channels stereo, a 5.1 surround sound system;
¢ digital controlled sound system e,g. digital control of gain, equalization and delay;

¢ active speakers including amplifiers and filters for each loudspeaker transducer.
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[0012] The digital control of the sound system is based on standard means for:

e gain: adjust the signal by a certain level, i.e. + /- xx dB, e.g. +0.1 dB;

¢ delay: the signal is delayed by a specific time, i.e. yy ms, e.g. 100 ms;

* EQ:the signal is filtered according to the Finite Impulse Response principle (FIR) or the signal is filtered according
to the Infinite Impulse Response principle (iiR); a number of coefficients are specified; the number of parameters
typically to be from 1 -> 1000.

[0013] The invention may be implemented in different embodiments, in which the alternative reconfiguring procedures
may be implemented as:

¢ a traditional algorithm in terms of a sequential software program in which the values of the resulting adjustment
parameters are embedded in the code itself; the algorithm validates according to a specified system structure of an
actual loudspeaker configuration;

* atable based concept in which one or more tables defines the attributes to be applied per loudspeaker channel
versus the mode of operation, the listener position and other context related information (e.g. time).

[0014] In afirst aspect of the invention a method for automatic reconfiguring an audio reproduction system comprising
two or more sound channels where the reconfiguring has the steps:

¢ determine the physical position of one or more listeners,

* apply the physical position as information to select a set of predefined or calculated (in situ) sound parameters, the
set of parameters to include settings for equalization, gain and delay per sound channel,

¢ optionally apply other context related information to select a set of predefined sound parameters,

e optionally apply other user commanded information to select a set of predefined sound parameters, and

¢ provide the set of parameters per sound channel accordingly.

[0015] Thefundamental goal ofthe inventionisto enhance the perceivedsound quality seenfrom a listener prospective.
Regardless of the physical position of the loudspeakers, a virtual sound field may be generated and directed so it appears
to be anywhere the listener may desire. This is obtained by adjusting the gain, the delay and the equalization parameters
of the individual sound channels in a multichannel sound system.

[0016] In another aspect the reconfiguring process validates the position of the one or more users, and/or functional
premises and/or context related premises and or content related premises as part of the reconfiguring of the one or more
sound channels that constitutes the configured loudspeaker system, and where the validation prioritizes the position of
one or more listeners.

[0017] According to specific requirements of a sound providing system miscellaneous features may be offered and
controlled automatically and/or commanded by the user. The features may be used individually and/or mixed in a way
that accommodates the user's demands. A predefined combination of sound settings per channel and the functional
options supports the processing. Examples of functional options are:

e seat priority: driver, all, back, front, centre, left, right etc.;

¢ apersons physical position: in a room, in a car, in a PA domain etc.;

e zone priority: a zone includes one or more specific sound channels;

¢ mode priority: movie, music, speech;

* channel mode: stereo, surround sound 5.1, or other multi channel system of any order;
e group of people: one or more listeners in a zone;

e the time of an event.

[0018] The reconfiguring process is provided as one or more algorithms to provide the calculation of each of the values
of the sound channel adjustment variables.

[0019] Inapreferred embodimentthe reconfiguring processis provided as atable with relations providedto be accessed
by the digital signal processor to provide each of the values of the sound channel adjustment with variables.

The saved attributes and key parameters are loaded into the reconfiguring means supported by electronic means, means
that is connected wirelessly or connected by wire to the audio reproduction system.

[0020] In athird aspect of the invention the reconfiguring process provides the settings of the sound parameters; gain,
equalization and delay for one sound channel, to be applied in one sound field zone related to the physical position of
first group of people including one or more listeners.

To accommodate for the handling of more zones including different groups of people the reconfiguring process provides
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the settings of the sound parameters; gain, equalization and delay for one sound channel, to be applied in one sound
field zone related to the physical position of one or more other groups of people including one or more listeners.
[0021] Inyetanotheraspecta listener position is detected via standard sensor means like switches or infrared detectors
or strain gauges or temperature sensitive detectors.

[0022] The configuring processisto be automatically executed and/or controlled by the audio amplifier means, including
a digital signal processor, which drives the loudspeaker system. The reconfiguring means is embedded into an audio
reproduction system.

[0023] In apreferred embodiment, the reconfiguring is controlled via a table mapping the mode of operation to adjust-
ment parameters for each speaker in every channel or just relevant channels. The adjustment parameters are e.g. but
not limited to: equalization, delay and gain.

[0024] The table may be represented as one or more data set as most appropriate to the digital controller unit.

E.g. one data set may contain the relations among:

¢ listener position,
* loud speaker channel #,
e parameter settings (EQ, delay, and gain).

[0025] Anocther data set may contain the functional/mode related information like:

* functional settings (movie, audio only),
* |oud speaker channel #,
* parameter settings (EQ, delay, and gain).

[0026] This table concept is considered to be a data driven control systems, and enables for easy updates of the
functional behaviour of a specific system simply by loading alternative data set into the controller.

[0027] In addition, the invention includes a constraint Solver, which comprises a table with digital data representing
the constraints of the passenger(s) position(s) and related acoustical adjustment, attributes and corresponding variable
values.

The constraint solver processing enables an arbitrary access mode to information with no order of sequences required.
This is an important advantage over prior art tree-like programming structure, where the starting point is given by the
root of the tree. Especially, when finding ways from nodes within the tree-like program to a specific target location in the
tree, it may be obscure with regard to which way to chose, whether backwards or forwards, and the final solution may
be a new start from the root.

[0028] According to the invention, the product configuration domain table is organized as relations among variables
in the general mathematical notation of 'Disjunctive Form’:

AttribVariable 1.1 and AttribVariable 1.2 and AttribVariable 1.3 and Attrib Variable 1.n

Or AttribVariable 2.1 and AttribVariable 2.2 and AttribVariable 2.3 and Attrib-Variable 2.n
Or ...

Or ...

Or AttribVariable m.1 and AttribVariable m.2 and AttribVariable m.3 and AttribVariable m.n

[0029] Forexample, AttribVariable 1.1 may be defining a passenger seat position, AttribVariable 1.1 a speaker trans-
ducer unit, AttribVariable 1.3 a speaker system/subsystem and AttribVariable 1.n gain value for the transducer unit. In
another example, AttribVariable 2.n may be a reference to another table.

[0030] An alternatively definition term is the ’Conjunctive Form’:

AttribVariable 1.1 or AttribVariable 1.2 or AttribVariable 1.3 or AttribVariable 1.n

And AttribVariable 2.1 or AttribVariable 2.2 or AttribVariable 2.3 or AttribVariable 2.n
And ....

And ....

And AttribVariable m.1 or AttribVariable m.2 or AttribVariable m.3 or AttribVariable m.n

[0031] With this method of defining the problem domain, it becomes a multi-dimensional state space enabling equal
and direct access to any poeint in the defined set of solutions. The term multidimensional has to be understood as a
contrast to a tree-like programming structure, which is two-dimensional.

[0032] According to the invention, the product configuration function proceeds by finding the result of the interrogation
in the set of allowed and possible combinations in one or more Configuration Constraint Tables. According to definitions
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made in the configuration constraint tables, the result might be:

- alistof variables usefulinthe application e.g. gain, andfilter setting i.e. equalization, for the one ormore transducers;

- alist of variables useful in the application e.g. delay for the one or more transducers;

- alist of variables useful in the application to configure individual sound domains to related to zone of sound of
targeted to one or more users.

[0033] Alternative configurations may be evaluated by the constraint solver, the alternatives being one or more of the
defined set of legal combination in the constraint table.

The example illustrates alternative solutions for x, y when y is given:

[0034] The: If x Then y may be represented as x -> y

[0035] With the truth table:

Xx->y

- = O O| X
- O = O
_ O = =

Given the premise x is "1’ the conclusion y is "1’
Given the conclusion  y is ’1’ the premises for x may be ’1’ or ’0’.

Thus, when y is 1’ the alternative for x are '1’ or '0".
[0036] Represented in a constraint table the x -> y has the legal combinations of x, y:

- O O | X

y
0
1
1

[0037] Table entries in a constraint table may be combined into legal/illegal combination such that all the well known
logical operators known from the Boolean algebra will be included as required. The logical operators being: AND, OR,
NQOT, XOR, Logical Implication (->), Logical Bi-implication (=).

[0038] An example of a table definition is displayed below:

Mode or position | Speakerchannel# | Other (e.g. time, Equalization EQ | Delay Gain
content)

Driver 1 p-val-d1 g-val-d1 r-val-d1
2 p-val-d2 g-val-d2 r-val-d2
n p-val-dn g-val-dn r-val-dn

Front 1 p-val-f1 q-val-f1 r-val-f1
2 p-val-f2 g-val-f2 r-val-f2
n p-val-fn g-val-fn r-val-fn

Rear 1 p-val-r1 g-val-r1 r-val-ri
2 p-val-r2 g-val-r2 r-val-r2

5
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(continued)

Mode or position | Speakerchannel# | Other (e.g. time, Equalization EQ | Delay Gain
content)
n p-val-rn g-val-rm r-val-rn
All 1 p-val-at g-val-al r-val-al
2 p-val-a2 g-val-a2 | r-val-a2
n p-val-an g-val-an r-val-an
Movie 1 p-val-m1 g-val-m1 | r-val-m1
2 p-val-m2 g-val-m2 | r-val-m2
n p-val-mn g-val-mn | r-val-mn
Other 1 p-val-o1 g-val-o1 r-val-o1
2 p-val-02 g-val-02 r-val-02
n p-val-on g-val-on r-val-on

[0039] Thus in an aspect of the invention the reconfiguring means is embedded into an audio reproduction system.
Thus the system becomes the controller of the re- configuring process that provides a reconfiguration of the system itself.

Description of the Drawing
[0040] Inthefollowing, preferred embodiments ofthe invention will be described with reference to the drawings wherein:

Figure 1 displays components that constitute examples of loudspeaker module configurations, that represent one
sound channel configuration;
Figure 2 displays an example of an embodiment of the invention displaying a plurality of sound channels;

[0041] Figure 1 display components that constitute examples of loudspeaker module configurations related to one
sound channel.

A loudspeaker transducer unit (1) is the fundamental means that transforms the electrical signal to the sound waves
produced by movements of the membrane of the transducer unit. Any standard transducer unit may be applied in the
invention.

The characteristics of each loudspeaker transducer unit are determined by measurement and/or from specifications
delivered by the supplier of the unit.

[0042] In the preferred embodiment an audio reproduction system comprising active sound transducers including an
amplifier (2) is provided for each transducer unit (1). This type of amplifier is e.g. the technology ICEpower from Bang
& Olufsen DK.

[0043] In a high quality audio reproduction system a dedicated filter means, an equalizer, (3) is provided per amplifier
(2). The means (3) provides a frequency dependent amplification to control the overall gain, which may be regulated up
or down as required. Means for down regulation may be as simple as adjustment of a resistive means serial connected
to the loudspeaker module.

[0044] To control the sound distribution into individual zones of sound fields the sound delay among channels must
be controlled. In a preferred embodiment the delay (4) is controlled individually per sound channel.

[0045] Figure 2 displays the example of an audio reproduction system comprising loudspeaker modules configured
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in a multi channel concept e.g. a 5.1 surround sound system.

In fact any number of channels (22) may be handled; having a corresponding table complex related according to the
actual functional system requirements.

[0046] The audio reproduction system may be an audio amplifier (20), including a digital signal processor, for controlling
and driving the loudspeaker channels (22), and to provide a signal (21) that’s amplified and filtered and delayed accord-
ingly.

[0047] Input from sensor means (23) detemines the mode and functional operation of the control system and may
be of a different nature e.g. but not limited to: simple switch, accelerometer, infrared detection, thermal sensing etc.

In the preferred embodiment the sensors primarily detects the position of a user in a room/space, the position to be
related to the sound field that’s relevant for the one or more users /listeners.

E.g. in a vehicle the detection of a user’s position is where the individual user is seated. The detection in this system
may be via a simple switch in every seat, or via switches related to the security belts.

[0048] Additional control signals may be received as usercommands (24), e.g. acommand to ’enable automatic sound
control’ and a context related information (25), e.g. information about the time of the day and/or the type of music actual
in play. The additional control signal information to be used as input into the digital signal processor to control mode and
functional operation of the sound system.

[0049] In a preferred embodiment the reconfigure means is imbedded into the controller of the audio sound system.
Thus the audio sound system is the master having the digital signal processor means (20) that initiates, controls and
applies the reconfiguring process. Alternative table definitions may be loaded into the digital signal processor (20) from
external means e.g. a laptop/PC (26).

[0050] The invention may be applied in relation to automatically adjusting an audio sound system to a maximum level
of quality taking into account the position of individual listeners in dedicated zone of sound fields.

[0051] The invention includes sound channel configurations to be applied in surround sound systems and traditional
stereophonic system, and to be applied in any domain like a home, in a vehicle, in an airplane in a boat, in an office or
in any other public domain and alike.

Claims

1. A method for dynamic and automatic reconfiguring an audio reproduction system comprising two or more sound
channels where the reconfiguring has the steps:

* determine the physical position of one or more listeners,

* apply the physical position as information to select a set of predefined or calculated sound parameters, the
set of parameters to include settings for equalization, gain and delay per sound channel and/or per loudspeaker
transducer,

* optionally apply other context related information to select a set of predefined sound parameters,

« optionally apply other user commanded information to select a set of predefined sound parameters, and

» provide the set of parameters per sound channel and/or per loudspeaker transducer accordingly,

and where the reconfiguring method is characterized by a constraint solver, which constraint solver finds one or
more legal combinations among defined legal combinations predefined in a constraint table.

2. A method according to claim 1, where the reconfiguring process validates the position of the one or more users,
and/or functional premises and/or context related premises and/or content related premises as part of the reconfig-
uring of the one ormore sound channels that constitutes the configured loudspeaker system, and where the validation
prioritizes the position of the one or more listeners.

3. A method according to any preceding claim where the reconfiguring process provides the settings of the sound
parameters; gain, equalization and delay for one sound channel, to be applied in one sound field zone related to
the physical position of a first group of people including one or more listeners.

4. A method according to claim 3 where the reconfiguring process provides the settings of the sound parameters; gain,
equalization and delay for one sound channel, to be applied in one sound field zone related to the physical position
of one or more other groups of people including one or more listeners.

5. A method according to claim 1, where a listener’s position is detected via sensor means like switches or infrared
detectors or strain gauges or temperature sensitive detectors.
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A method according to any preceding claim, where the reconfiguring means is embedded into an audio reproduction
system.

A method according to claim 1,characterised in that the constraint table comprises digital data representing the
constraints of the

1) Passenger(s) position(s), and related acoustical adjustment, attributes and corresponding variable values,
and/or

2) Passenger(s) position(s)" loud speaker channel number, parameter settings (EQ, delay, gain) and/or

3) Functional settings, such as movie,audio only, loudspeaker channel number, parameter settings (EQ, delay,

gain).

A method according to claim 1, characterised in that the constraint table is configured as a multi dimensional state
space, defining relations among variables in either disjunctive form or conjunctive form.

A audio system comprising means for carrying out the method according to any of claims 1 to 8, characterised in
that the automatic reconfiguring is applied on an audio reproduction system comprising two or more sound channels,
each channel being active and with individual means for equalization and amplification, the system to constitute an
audio reproduction equipment in a room, in a vehicle, in an airplane, in a boat, in a PA system and alike.
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Description
TECHNICAL FIELD
[0001] The invention relates generally to a method and a system for controlling loudspeakers in a room and more
specifically to such methods and systems optimised for use in small and/or closed enclosures, such as the cabin of a

vehicle, for instance a car.

BACKGROUND OF THE INVENTION

[0002] Methods and systems having the capability to adjust a speaker system to its environment are known within the
art. Such methods and systems comprise for instance single point room equalization, obtained by measuring sound
pressure in one point near the listening position and subsequent direct inverse filtering. Another prior art procedure
comprises adjusting a loudspeaker to its acoustic environment and controlling the acoustic energy in the sound field.
Still another procedure comprises adjusting the loudspeaker according to the listening position.

SUMMARY OF THE INVENTION

[0003] The invention is defined by the appended claims.
[0004] The present invention differentiates from the prior art at least with respect to the following aspects:

- Adjustment of the performance in the full audible frequency range.

- According to the invention there are provided a number of individual options for adjustment, such as:
- Acoustic power output (distributed energy);

- Room gain, which may vary according to the actual room design;

- Optimal listening position;

- Listening position combined with supplemental measurements in several positions;

- Real-time adaption, by applying a subset of measurement points from the complete set of possible measurement
points;

- Pre-shaped adjustments according to predefined knowledge data.

[0005] A specific embodiment of the method and system according to the invention will be described in detail in the
following, but it is understood that other embodiments, for instance of the various functional entities used in the method
and system would also be possible and would fall within the scope of the present invention which is defined by the

appended claims.

BRIEF DESCRIPTION OF THE DRAWINGS

[0006] The presentinvention will be better understood by reading the following detailed description of an embodiment
of the invention in conjunction with the drawings, wherein:

Figure 1 shows the three main elements (the acoustic power output from the loudspeakers, the room gain and the
listening position interface) of the present invention;

Figure 2 shows sampling of energy or power in a sound field in a room;

Figure 3 shows the measurement of room gain in a room or enclosure by using a special measurement loudspeaker
that could be placed at any position in the room or enclosure;

Figure 4 shows an example of a special measurement loudspeaker placed in a car at one of the listening positions.
The measurement loudspeaker is fitted with special means to allow easy and reproducible measurement of sound
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pressure in two positions in the close near field of the loudspeaker diaphragm;
Figure 5 shows measuring the listening position interface at a particular listening position; and

Figure 6 shows real time adaptation that tracks changes of the energy or power in the sound field based on meas-
urements of sound pressure at a subset of random positions, for instance three positions as shown in this figure.

DETAILED DESCRIPTION OF THE INVENTION

[0007] In the following, a specific embodiment of the invention will be described in detail, but it is understoad that this
embodiment only constitutes an example of how the general concepts of the present invention can be implemented in
practice.

[0008] A basic concept of the present invention is that the total transmission path from the electrical input terminal(s)
of the loudspeaker(s) to the sound pressure generated at the ears of a listener in an enclosure can be described to
constitute three main elements: (i) the acoustic power emitted from the one or more loudspeakers into the enclosure
when the one or more loudspeakers are provided with electrical input signals, (ii) the influence of the acoustic properties
of the enclosure itself on the sound field created in the enclosure, i.e. on the distribution of sound pressure and hence
on average sound pressure generated in the enclosure by the one or more loudspeakers emitting acoustic power into
the enclosure, and (iii) the coupling or interface between the created sound field in the enclosure and a listener located
at a given position in the enclosure. This is illustrated with reference to figure 1 that shows the three elements that
participate in creating a sound field 10 in an enclosure 1 such as a listening room or automobile cabin. An example of
how these three elements can be measured in practice is illustrated with reference to figures 2 through 6.

[0009] As shown in figure 1, one or more loudspeaker drive units 2, 3, 4 emit a total acoustic power into the sound
field 10 depending on the coupling to the sound field 10 from each driver position and the interaction between the drive
units. Depending on the acoustic properties of the listening room/enclosure, more or less power averaged sound pressure
will be created in the room/enclosure for a given acoustic power output into the sound field. In order to characterize the
influence of the room on the sound field generated herein, the quantity room gain is introduced. Room Gain is here
defined as the ratio between the squared power averaged sound pressure in aroom and the acoustic power into this room.
[0010] A listener’s access to the sound field 10, i.e. his ability to receive sound energy from a sound field and at the
specific place herein in which he is located, depends on the coupling to the sound field at the actual listening position.
A listener is in figure 1 schematically indicated by the head 6. This coupling can be described by the radiation resistance
at the listening position, for instance measured by placing a loudspeaker (14 in figures 3, 4 and 5) in the listening position
and measuring the radiation resistance seen by this loudspeaker into the sound field.

[0011] Below follows a detailed description of methods for calculating the above three contributions to the total trans-
mission path and how to determine an electronic filter for obtaining a specific target transmission from the electrical input
to the loudspeakers to the ears of the listener.

[0012] Figure 2 shows how the energy or power in a sound field can be measured by power averaging a number of
measured sound pressures at random positions 9 scattered across the entire space in both x, y and z directions (length,
width and height directions). It is understood that although the figures represent the sound field in only two dimensions,
the actual field will of course be three-dimensional, and measurement points generally should be distributed throughout
the three-dimensional space. Equation | below shows how to calculate the power averaged sound pressure. The number
of random positions must be higher than 1 and in a preferred embodiment it will be 9 positions, but good results can be
obtained with 4 positions.

N

z pclmnnel_i (fxz

i=1
N

(1)

P chaunnel _average ™~

[0013]  Penannel average IS the power averaged sound pressure for a given content channel, e.g. front left channel.
Pchannel i 18 the measured transfer function from the input 5 to a power amplifier (not shown)to the sound pressure at
the i'th random position, for instance the one designated by 9" in figure 2.

[0014] Figure 3 illustrates a method of measuring the room gain in a room/enclosure by using a special measurement
loudspeaker 14 that can be placed anywhere in the room.

[0015] After placing the special measurement loudspeaker 14 at a chosen position in the room/enclosure as shown
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in figure 3, sound pressure at a number of random positions | 1 is measured while emitting acoustic signals through the
measurement loudspeaker 14. Equation 2 shows how to calculate the power averaged sound pressure P ayerage Of
the sound pressures at these random positions.

{2)

Pre _average =

[0016] PRG_average is the power averaged sound pressure when emitting acoustic signals through the special meas-
urement loudspeaker 14 (the abbreviation RG stands for Room Gain). Figure 4 shows a practical example of such a
special measurement loudspeaker mounted at a specific location in an automobile cabin. pgg ;is the transfer function
between the inputs to the power amplifier to the measured sound pressure at the i'th random position. (It should be
noted that throughout this specification, all generated sound pressures are normalised with respect to the input voltage
to the respective amplifiers. It is hence correct to designate for instance the quantity prg_; as a transfer function).
[0017] While keeping the measurement loudspeaker 14 in the same position (see figure 3), the transfer function from
the input of the power amplifier to the sound pressure at two positions 12 and 13 differently spaced from the loudspeaker
diaphragm but both in the very near field of the diaphragm is then measured. The distance from the diaphragm to the
closest position 12, in which position the sound pressure p4 is measured, could be e.g. 4 cm while the distance to the
other position, in which position the sound pressure p, is measured, could be e.g. 9 cm. Equation 3 shows how to
calculate the mechanical radiation resistance, R, s = Re(Zm,r), from the two sound pressures p4 and p; in the near field
of the measurement loudspeaker 14.

K, =rd jg- __P;__) . @
” g{!gf n-p :

[0018] g is a real valued constant describing the scaling due to geometry etc. But g is unimportant in the application
and can be set to 1.

[0019] Figure 4 displays one example of a special measurement loudspeaker 14 placed in a car at one of the listening
positions. The measurement loudspeaker 14 is fitted with special means 15 to allow easy and reproducible measurement
of sound pressure in two positions in the close near field of the loudspeaker diaphragm.

[0020] After calculating the mechanical radiation resistance from equation 3 it is possible to calculate the acoustic
power output using equation 4.

PaRG_-M = % ! Rﬂl,r ' ‘VRGI2 ’ (4)

[0021] vgg is the diaphragm velocity of the measurement loudspeaker, which can be estimated from the difference
between the two near field sound pressures p; and p, as given in equation 5. As for the constant g mentioned above,
h is also a real valued constant, which is a function of geometry, out which can be set to | here.

vio She——s(p, - p;) ©)
j@

[0022] The Room Gain in the actual room/enclosure can now be calculated from the definition given by equation 6.

2
Prc _averagy

(6)

Room Gain =
: aRG_aclual’ .
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[0023] Figure 5 shows how the special measurement loudspeaker 14 is used to determine the listening position
interface at a particular listening position. This measurement can be repeated for as many listening positions as desired.
Individual filters can then be designed for each listening position or an average filter can be designed. According to a
specific embodiment of the invention, the listening position interface filter is left out, whereby a global equalizing can
then be designed. The listening position interface and the corresponding part of the speaker equalization filter, Listener(f),
is hence to be regarded as an option.

[0024] The listening position interface is obtained from a similar measurement of two sound pressures at positions 12
and 13, respectively, in near field of the measurement loudspeaker. Again equation 3 can be used to calculate the
mechanical radiation resistance from the two measured sound pressures.

Adaptive Sound Field Control Equalization Filters:

[0025] The total equalization filter is splitinto two main components: a speaker equalization filter and a listening position
interface equalization filter as described in equation 7.

ASFC(f)= Speaker(f)s Listener(f) v

[0026] The speaker equalization filter ensures generation of a desired sound field in the room/enclosure while the
listening position interface equalization filter compensates for the actual access to the generated sound field.

[0027] The total acoustic power output from the loudspeaker driver(s) for a given content channel can be calculated
from the power averaged sound pressure and the measured Room Gain by using equation 8.

2

b gl:mmul average
P admnnuf__ucumf = N (8)
Room Gain

[0028] Then the speaker equalization filter can be calculated from equation 9.

(9)

P azlrlaﬁnvu Target

Speaker(f)= Pa—(f')
channel _actuol

[0029] Papgaptive Target 1S @ desired target function for the acoustic power output, which may be fixed, selectable or
adaptive as a function of the measured total acoustic power output. This target function may also include the difference
between a desired Room Gain and the actual Room Gain measured in the room/enclosure. A desired Room Gain may
also be fixed, selectable or adaptive to the actual room. According to one embodiment of the invention, the desired
Room Gain is equal to the actual Room Gain, i.e. preserving the natural Room Gain in the actual room. An alternative
embodiment is to use a desired Room Gain equal to the Room Gain in a particular room of choice, e.g. an IEC 268-13
standard listening room.

[0030] A procedure of pre-shaping and aligning the response of the loudspeakers in the room/enclosure may precede
all the measurements described in this document. This is equivalent to designing the basic loudspeaker in a particular
room different or equal to the room of usage before applying this procedure for adapting to the actual room/enclosure
of usage. E.g. a general trend of decreasing level with increasing frequency can be imposed onto the loudspeaker system
before starting the described procedure for adapting the loudspeaker to the room/enclosure. Another example is per-
forming dedicated equalization on a specific loudspeaker driver to correct known problems with that loudspeaker driver,
which may be independent of the actual room of usage. Also specific egqualization in the actual room/enclosure of usage
may be applied before the room adaptation procedure is started.

[0031] Equation 10 gives the listening position interface equalization filter target.
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Rm.r.rnﬁmm listening position (f 7 ( 10)
Rm.r.acma! listener postion (f )

Listener(f)=

[0032] The radiation resistance in a reference listening position, Ry,  reference._listening_position 8N b€ measured in a
listening position where the access to the sound field is considered to be optimal. E.g. a listening position where the
step of pre-shaping and equalization before the procedure of adapting to the room/enclosure is optimized may be used
forthisreference. A preferred embodiment is, however, touse Ry, reference_istening_position €9Ual to the radiationresistance
in free field because in free field, a listener has equal access to all frequencies. The theoretical radiation resistance in
free field for a point source is frequency squared multiplied by a constant depending on geometry.

[0033] Egquation 11 now gives the complete equalization filter for an Adaptive Sound Field Control (ASFC) system
according to the described embodiment of the invention.

A < FC( ﬂ - P al‘d;lpllw.‘ 7 arget (-f). Rm,r.rt.‘jrzra:cc lixtening position (f ) { 1 1)
o P, QA hannet _actual (f ) ¢ Rm.r.m'lnal Hstener postion (f)

[0034] A special case is when no specific listening position is considered, i.e. equalization globally valid to the whole
room/enclosure. Then the total equalization filter reduces to the speaker equalization filter, as in equation 12.

P a;lddpuve T mget O ) (12)

SFC(f )=
4 (f ) P achmmcl _actual (f )

Real time adaptation

[0035] Another aspect of the present invention is the possibility of real time adaption to any changes of loudspeaker
drivers and acoustic properties of the room/enclosure. Loudspeaker drivers are known to change as a function of aging
and environment changes like temperature and humidity. Also playing loud music will heat the loudspeaker drive units
and in particular the voice coils, which will also change the characteristics of the drive units,

[0036] Changing the acoustic properties of the room/enclosure can occur for numerous reasons, for instance as a
consequence of how many people are present in the room/enclosure, opening or closing a window/door, opening or
closing the roof in a car, fitting more or less furniture/baggage etc. into the room/enclosure. Using room adaptation
according to the present invention provides a new possibility of tracking such changes in real time. The whole procedure
can be repeated under different configurations, e.g. open/closed windows, and the corresponding equalization filters
can be stored and selected manually or automatically when the same configuration happens during use. Alternatively,
the whole or a part of the procedure can be performed during actual use in the actual configuration.

[0037] According to a preferred embodiment of the present invention, a subset of the random positions is chosen that
has been proved to contain the major part of information obtained by the full set of random positions. Experiments show
that a subset of 3 positions can be selected to track the changes due to changes in loudspeaker drive units and/or
acoustic properties in the room/enclosure. This is shown in figure 6.

[0038] Thethree positions are sufficientwhen combining with the knowledge obtained in the full setof random positions
in an initial design or calibration step. The initial or calibration step may be a collection of measurements in different
configurations that can be manually selected or automatically selected when the configuration changes.

[0039] Figure 6 shows a real time adaptation tracking changes from measurement of sound pressure at a subset of
random position, e.g. three positions.

[0040] In order to be able to carry out the adaptation in real time, i.e. during actual operation of for instance an
automobile, those parts of the filter that are determined by means of the dedicated measurement loudspeaker 14 either
located at the described position used for determining room gain RG(f) or for determining the listening position interface,
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are preferably pre-recorded during an initial or calibration phase, as the measurement of p1 and p2 in front of the
measurement loudspeaker and/or the use of a measurement loudspeaker at different positions in the enclosure would
be difficult or in some situations even impossible to implement during actual operation. Hence, according to a preferred
embodiment of the invention, in an initial or calibration phase these quantities are determined for all relevant conditions

5 in the particular enclosure, whereas the acoustic power output from the one or more loudspeakers 2, 3, 4 can be estimated
during actual operation, for instance by means of the simplified three-microphone setup shown in figure 6, which only
applies three microphones, whereas a larger number of microphones (or measurement positions) is typically used in
the initial or calibration phase. With reference to figures 2 and 3, respectively, nine measurement positions are used in
this phase.

10 [0041] For instance, an event can activate the adaption procedure to take place. The event is a trigger to start the
adaption algorithm and to perform the measurements, with the three microphones for instance, the calculations and the
adjustments accordingly. The trigger may be of different types according to actual product requirements e.g. but not
limited to: a) automatically when the car is entered or the engine is started, or b) upon a specific control command given
by the user.

15 [0042] The command given by the user may be e.g. a pressure on button, a touch on a touch panel, a spoken command
or a given gesture from a hand or the like.

[0043] The information about the mode of the adaption procedure may be displayed, with an indication of the transition

from off -> initiated -> completed -> active. The type of display maye.g.bea LCD screen,an OLED panel, an LED or the like.

[0044] In the preferred embodiment, a combined key input device (switch button) and display device (an LED with
20 multiple colour mode indications) constitute the user interface to the adaption procedure.

Claims

25 1. A method for determining an equalization filter for one or more loudspeakers provided in an enclosure, such as a
listening room or an automobile cabin, the method comprising the steps of:

(i) providing said one or more loudspeakers (2, 3, 4) with an audio input signal (5) whereby a sound field (10)

is generated in the enclosure (1), and determining a power averaged sound pressure emitted from the one or
30 more loudspeakers (2, 3, 4) into said enclosure (1) by power averaging a number of measured sound pressures

at a first set of positions (9) in the enclosure (1);

(ii) determining a room gain RG(f) of the enclosure (1), by

- placing a measurement sound source (14) at a measurement position in said enclosure (1);
35 - determining a power averaged sound pressure emitted by said measurement sound source (14) into said
enclosure by power averaging a number of measured sound pressures at a second set of positions (11);
- measuring sound pressures p, and p,, respectively, at two positions (12) and (13), respectively, in the
near field of the measurement sound source (14);
- based on the measured sound pressures at said two positions (12, 13), calculating a mechanical radiation
40 resistance in the near field of the measurement sound source (14);
- based on said mechanical radiation resistance, calculating the acoustic power output from the measure-
ment sound source (14); and
- calculating said room gain RG(f) of the enclosure (1) to the generated sound field (10) as the ratio between
the square of the power averaged sound pressure emitted by the measurement sound source (14) and
45 said acoustic power output from the measurement sound source (14).

(iii) forming a speaker equalization filter (Speaker(f)) as the square root of a ratio between a target acoustic
power output and the actual acoustic power output from the loudspeaker driver(s), which actual acoustic power
output is calculated as the square of the power averaged sound pressure divided by the room gain RG(f);

50 (iv) determining said equalization filter as said speaker equalization filter (Speaker(f)).

2. The method according to claim 1, further comprising:

- determining a listening position interface equalization filter (Listener (f)) for a specific listening position in the
55 sound field by:

placing a measurement sound source (14) at this specific listening position in said enclosure, and
measuring sound pressures p, and p,, respectively, at two positions (12) and (13), respectively, in the near
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field of the measurement sound source (14)

based on the measured sound pressures at said two positions (12, 13), calculating a mechanical radiation
resistance in the near field of the measurement sound source (14);

determining the listening position interface equalization filter as the square root of a ratio between the
mechanical radiation resistance determined at a reference listening position and the mechanical radiation
resistance determined at said specific listening position; and

- determining said equalization filter as the product of said speaker equalization filter (Speaker(f)) and said
listening position interface equalization filter (Listener(f)).

3. A method according to claim 2, wherein said reference listening position is a position in free field.
4. A method according to any of the preceding claims, comprising the steps of:

(i) during an initial or calibration phase, measuring said room gain RG(f) and optionally the listening position
interface equalization filter for different conditions of said enclosure and storing the measurement results in
storage means;

(ii) either during said initial or calibration phase determining said power average of measured sound pressures
for one or more of said different conditions of said enclosure and storing the measurement results in storage
means;

or during said initial or calibration phase determining said power average of measured sound pressures for one
condition, such as a reference condition, of said enclosure and storing the measurementresultin storage means
and during actual use of the loudspeakers (2, 3, 4) in the enclosure carrying out measurements of said sound
pressures for up-dating the power averaged sound pressures, thereby to carry out up-dating of characteristics
of said equalization filter to correspond to changed conditions of the enclosure.

5. A method according to claim 4, wherein the number N, of measurement positions used for real-time updating of the
filter characteristic is less than the corresponding number N of measurement positions used in the initial or calibration
phase.

6. A method according to claim 5, wherein N, is equal to 3.

7. A system for determining an equalization filter for one or more loudspeakers provided in an enclosure, such as a
listening room or an automobile cabin, the system comprising:

(a) one or more microphones for measuring sound pressure at a first set of positions (9) and a second set of
positions (11) in a sound field (10) in the enclosure;

(b) a measurement sound source (14) that can be placed at chosen positions in said sound field (10) in said
enclosure (1);

(c) means for determining a power averaged sound pressure emitted from the one or more loudspeakers (2, 3,
4) into said enclosure (1) by power averaging a number of measured sound pressures at said first set of positions
9);

(d) means for determining a room gain RG(f) of the enclosure (1) by:

determining a power averaged sound pressure emitted by said measurement sound source (14) into said
enclosure by power averaging a number of measured sound pressures at said second set of positions (11);
calculating a mechanical radiation resistance in the near field of the measurement sound source (14) based
on measured sound pressures p; and p, at two positions (12, 13) in the near field of the measurement
sound source (14);

calculating the acoustic power output from the measurement sound source (14) based on said mechanical
radiation resistance; and

calculating said room gain RG(f) of the enclosure (1) to the generated sound field (10) as the ratio between
the square of the power averaged sound pressure emitted by the measurement sound source (14) and
said acoustic power output from the measurement sound source (14),

(e) means for forming a speaker equalization filter (Speaker(f)) as the square root of a ratio between a target
acoustic power output and the actual acoustic power output from the loudspeakerdriver(s), which actual acoustic
power output is calculated as the square of the power averaged sound pressure divided by the room gain RG(f);
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(f) means for determining said equalization filter characteristic as said speaker equalization filter (Speaker(f)).

The system in claim 7, further comprising means for determining a listening position interface equalization filter
(Listener (f)) for a specific listening position in the sound field by:

calculating a mechanical radiation resistance in the near field of the measurement sound source (14) based on
measured sound pressures at two positions (12, 13) in the near field of the measurement sound source (14)
placed in a specific listening position in said enclosure, and

determining the listening position interface equalization filter as the square root of a ratio between the mechanical
radiation resistance determined at a reference listening position and the mechanical radiation resistance de-
termined at said specific listening position; and

wherein said means for determining said equalization filter are arranged to determine said equalization filter as
the product of said speaker equalization filter (Speaker(f)) and said listening position interface equalization filter
(Listener(f)).

A system according to claim 7 or 8, further comprising means for storing said speaker equalization filter, Speaker(f),
and optionally said listening position interface equalization filter, Listener(f) corresponding to different conditions of
said enclosure (1), or means for storing those quantities that are derived from measurements of said sound pressures
in the enclosure and that are used for determining the speaker equalization filter, Speaker(f), and a listening position
interface equalization filter, Listener(f).

A system according to claim 9, further comprising a set of microphcnes that can carry out real time measurements
of sound pressure during use of the enclosure and use these measurements together with appropriately stored
quantities to determine real time changes of characteristics of said equalization filter or said speaker equalization
filter, Speaker(f), and optionally a listening position interface equalization filter, Listener(f).

A system according to claim 9 or 10 further comprising means for triggering said real time changes of equalization
filter characteristics, for instance when the acoustic properties of the enclosure change, or when the acoustic prop-

erties of the loudspeakers (2, 3, 4) that create the acoustic field (10) in the enclosure (1) change.

A system according to claim 11, wherein said triggering is performed manually by an operator, such as by the driver
or a passenger in a car.

A system according to claim 11, wherein said triggering is performed automatically, for instance by opening of a
window in a car or when the number of persons in the cabin is changed.

The system according to any one of claims 7 to 13, wherein said enclosure is the cabin of vehicle, such as a car.

Use of the system according to any of the claims 7 to 14 for implementing the method according to any of the claims
1to 6.

Patentanspriiche

1.

Verfahren zum Bestimmen eines Entzerrungsfilters fir einen oder mehrere Lautsprecher, die in einer Umfassung,
z.B. in einem Hdorsaal oder der Kabine eines Automobils, bereitgestellt werden, wobei das Verfahren die folgenden
Schritte umfasst:

(i) Versehen des einen oder der mehreren Lautsprecher (2, 3, 4) mit einem Audioeingangssignal (5), wodurch
ein Klangfeld (10) in der Umfassung (1) erzeugt wird, und Bestimmen eines Uber die Leistung gemittelten
Schalldrucks, der aus dem einen oder den mehreren Lautsprechern (2, 3, 4) in die Umfassung (1) emittiert wird,
durch Mitteln einer Anzahl gemessener Schalldriicke an einer ersten Gruppe von Positionen (9) in der Umfas-
sung (1) Uber die Leistung;

(ii) Bestimmen einer Raumverstarkung (Room Gain) RG(f) der Umfassung (1) durch

- Anordnen einer Messtonquelle (14) an einer Messpasition in der Umfassung (1);
- Bestimmen eines Uber die Leistung gemittelten Schalldrucks, der aus der Messtonquelle (14) in die Um-
fassung emittiert wird, durch Mitteln einer Anzahl gemessener Schalldriicke an einer zweiten Gruppe von
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Pasitionen (11) tber die Leistung;

- Messen von Schalldriicken p7 bzw. p2 an zwei Positionen (12) bzw. (13) im Nahbereichsfeld der Mess-
tonquelle (14);

- Berechnen eines mechanischen Strahlungswiderstands im Nahbereichsfeld der Messtonquelle (14) auf
der Grundlage der gemessenen Schalldriicke an den zwei Positionen (12, 13);

- Berechnen der akustischen Leistungsausgabe aus der Messtonquelle (14) auf der Grundlage des me-
chanischen Strahlungswiderstands und

- Berechnen der Raumverstarkung RG(f) der Umfassung (1) fir das erzeugte Klangfeld (10) als das Ver-
haltnis zwischen dem Quadrat des Uber die Leistung gemittelten Schalldrucks, der aus der Messtonquelle
(14) emittiert wird, und der akustischen Leistungsausgabe aus der Messtonquelle (14);

iii) Bilden eines Lautsprecher-Entzerrungsfilters (Lautsprecher(f)) als die Quadratwurzel aus einem Verhaltnis
zwischen einer angestrebten akustischen Leistungsausgabe und der tatsachlichen akustischen Leistungsaus-
gabe aus dem (den) Lautsprechertreiber(n), wobei die tatsachliche akustische Leistungsausgabe als das Qua-
drat des Uber die Leistung gemittelten Schalldrucks, dividiert durch die Raumverstarkung RG(f), berechnet wird;
iv) Bestimmen des Entzerrungsfilters als der Lautsprecher-Entzerrungsfilter (Lautsprecher(f)).

2. Verfahren nach Anspruch 1, ferner umfassend:

- Bestimmen eines Horpositions-Schnittstellen-Entzerrungsfilters (Horer(f)) fiir eine spezielle Horposition indem
Klangfeld durch:

Anordnen einer Messtonquelle (14) an dieser speziellen Horposition in der Umfassung und

Messen von Schalldriicken p? bzw. p2 an zwei Positionen (12) bzw. (13) im Nahbereichsfeld der Mess-
tonquelle (14);

Berechnen eines mechanischen Strahlungswiderstands im Nahbereichsfeld der Messtonquelle (14) auf
der Grundlage der gemessenen Schalldriicke an den zwei Positionen (12, 13);

Bestimmen des Hérpositions-Schnittstellen-Entzerrungsfilters als die Quadratwurzel eines Verhaltnisses
zwischen dem mechanischen Strahlungswiderstand, bestimmt an einer Referenz-Hdérposition, und dem
mechanischen Strahlungswiderstand, bestimmt an der speziellen Horpaosition; und

- Bestimmen des Entzerrungsfilters als das Produkt aus dem Lautsprecher-Entzerrungsfilter (Lautsprecher(f))
und dem Hdérpositions-Schnittstellen-Entzerrungsfilter (Horer(f)).

3. Verfahren nach Anspruch 2, wobei die referenz-Hoérposition eine Position in einem freien Feld ist.
4. Verfahren nach einem der vorhergehenden Anspriche, welches die folgenden Schritte umfasst:

(i) Messen der Raumverstarkung RG(f) und gegebenenfalls des Hérpositions-Schnittstellen-Entzerrungsfilters
fir verschiedene Bedingungen der Umfassung und Speichern der Messergebnisse in einem Speichermittel
wahrend einer Anfangs- oder Kalibrierungsphase;

(ii) entweder Bestimmen des Leistungsmittelwerts gemessener Schalldriicke fur eine oder mehrere der ver-
schiedenen Bedingungen der Umfassung und Speichern der Messergebnisse in einem Speichermittel wahrend
der Anfangs- oder Kalibrierungsphase oder Bestimmen des Leistungsmittelwerts gemessener Schalldriicke fir
eine Bedingung, z.B. eine Referenzbedingung, der Umfassung und Speichern der Messergebnisse in einem
Speichermittel wahrend der Anfangs- oder Kalibrierungsphase und Durchfiihren von Messungen der Schall-
driicke zum Aktualisieren der Uberdie Leistung gemittelten Schalldriicke wahrend der tatséchlichen Verwendung
der Lautsprecher (2, 3, 4) in der Umfassung, um dadurch eine Aktualisierung von Eigenschaften des Entzer-
rungsfilters durchzuftihren, damit diese veranderten Bedingungen der Umfassung entsprechen.

5. Verfahren nach Anspruch 4, wobei die Anzahl N, an Messpositionen, die fiir die Echtzeitaktualisierung der Filter-
eigenschaften verwendetwerden, geringer als die entsprechende Anzahl N an Messpositionen ist, die in der Anfangs-
oder Kalibrierungsphase verwendet werden.

6. Verfahren nach Anspruch 5, wobei N, gleich 3 ist.

7. System zum Bestimmen eines Entzerrungsfilters fur einen oder mehrere Lautsprecher, die in einer Umfassung, z.
B. einem Hoérsaal oder in der Kabine eines Automobils, bereitgestellt werden, wobei das System das Folgende

10
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umfasst:

(a) ein oder mehrere Mikrofone zum Messen des Schalldrucks an einer ersten Gruppe von Positionen (9) und
einer zweiten Gruppe von Positionen (11) in einem Klangfeld (10) in der Umfassung;

(b) eine Messtonquelle (14), welche an ausgewahlten Positionen in dem Klangfeld (10) in der Umfassung (1)
angeordnet sein kann;

(c) ein Mittel zum Bestimmen eines Uber die Leistung gemittelten Schalldrucks, der aus dem einen oder den
mehreren Lautsprechern (2, 3, 4) in die Umfassung (1) emittiert wird, durch Mitteln einer Anzahl gemessener
Schalldriicke an der ersten Gruppe von Positionen (9) Uber die Leistung;

(d) ein Mittel zum Bestimmen einer Raumverstarkung RG(f) der Umfassung (1) durch:

Bestimmen eines Uber die Leistung gemittelten Schalldrucks, der durch die Messtonquelle (14) in die
Umfassung emittiert wird, durch Mitteln einer Anzahl gemessener Schalldriicke an einer zweiten Gruppe
von Positionen (11) Uber die Leistung;

Berechnen eines mechanischen Strahlungswiderstands im Nahbereichsfeld der Messtonquelle (14) auf
der Grundlage der gemessenen Schalldricke p4 und p, an zwei Positionen (12, 13) im Nahbereichsfeld
der Messtonquelle (14);

Berechnen der akustischen Leistungsausgabe aus der Messtonquelle (14) auf der Grundlage des mecha-
nischen Strahlungswiderstands und

Berechnender Raumverstarkung RG(f) der Umfassung (1) fiir das erzeugte Klangfeld (10) als das Verhaltnis
zwischen dem Quadrat des lber die Leistung gemittelten Schalldrucks, der durch die Messtonquelle (14)
emittiert wird, und der akustischen Leistungsausgabe aus der Messtonquelle (14),

(e) ein Mittel zum Bilden eines Lautsprecher-Entzerrungsfilters (Lautsprecher(f)) als die Quadratwurzel aus
einem Verhéltnis zwischen einer angestrebten akustischen Leistungsausgabe und der tatsachlichen akusti-
schen Leistungsausgabe aus dem (den) Lautsprechertreiber(n), wobei die tatsachliche akustische Leistungs-
ausgabe als das Quadrat des Uber die Leistung gemittelten Schalldrucks, dividiert durch die Raumverstarkung
RG(f), berechnet wird;

(f) ein Mittel zum Bestimmen der Entzerrungsfiltereigenschaft als der Lautsprecher-Entzerrungsfilter (Lautspre-
cher(f)).

System nach Anspruch 7, ferner umfassend ein Mittel zum Bestimmen eines Hdérpositions-Schnittstellen-Entzer-
rungsfilters (Horer(f)) fir eine spezielle Hdrposition in dem Klangfeld durch:

Berechnen eines mechanischen Strahlungswiderstands im Nahbereichsfeld der Messtonquelle (14) auf der
Grundlage von gemessenen Schalldriicken an zwei Positionen (12, 13) im Nahbereichsfeld der Messtonquelle
(14), die an einer speziellen Horposition in der Umfassung angeordnet sind; und

Bestimmen des Horpositions-Schnittstellen-Entzerrungsfilters als die Quadratwurzel eines Verhéltnisses zwi-
schen dem mechanischen Strahlungswiderstand, bestimmt an einer Referenz-Hdérposition, und

dem mechanischen Strahlungswiderstand, bestimmt an der speziellen Hérposition; und

wobei das Mittel zum Bestimmen des Entzerrungsfilters dafiir eingerichtet ist, den Entzerrungsfilter als das
Produkt aus dem Lautsprecher-Entzerrungsfilter (Lautsprecher(f)) und dem Horpositions-Schnittstellen-Entzer-
rungsfilter (H&rer(f)) zu bestimmen.

System nach Anspruch 7 oder 8, ferner umfassend ein Mittel zum Speichern des Lautsprecher-Entzerrungsfilters,
Lautsprecher(f), und gegebenenfalls des Horpositions-Schnittstellen-Entzerrungsfilters, Horer(f), entsprechend ver-
schiedenen Bedingungen der Umfassung (1) oder ein Mittel zum Speichern jener GréRen, die aus Messungen der
Schalldricke in der Umfassung abgeleitet werden und die zum Bestimmen des Lautsprecher-Entzerrungsfilters,
Lautsprecher(f), und eines Hérpositions-Schnittstellen-Entzerrungsfilters, Horer(f), verwendet werden.

System nach Anspruch 9, ferner umfassend eine Gruppe von Mikrofonen, welche Echtzeitmessungen des Schall-
drucks wahrend der Verwendung der Umfassung durchfihren kdnnen und diese Messungen zusammen mitgeeignet
gespeicherten GroRen verwenden kdnnen, um Echtzeitveranderungen von Eigenschaften des Entzerrungsfilters
oder des Lautsprecher-Entzerrungsfilters, Lautsprecher(f), oder gegebenenfalls eines Horpositions-Schnittstellen-
Entzerrungsfilters, Hérer(f), zu bestimmen.

System nach Anspruch 9 oder 10, ferner umfassend ein Mittel zum Ausldsen der Echtzeitveranderungen von Ent-
zerrungsfiltereigenschaften, zum Beispiel wenn sich die akustischen Eigenschaften der Umfassung andern oder
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wenn sich die akustischen Eigenschaften der Lautsprecher (2, 3, 4) &ndern, welche das Klangfeld (10) in der
Umfassung (1) erzeugen.

12. System nach Anspruch 11, wobei das Auslésen manuell durch einen Operator durchgefiihrt wird, z.B. durch den
Fahrer oder einen Passagier in einem Automobil.

13. System nach Anspruch 11, wobei das Ausldsen automatisch durchgefiihrt wird, zum Beispiel durch Offnen eines
Fensters in einem Automobil oder wenn sich die Anzahl der Personen in der kabine &ndert.

14. System nach einem der Anspriiche 7 bis 13, wabei die Umfassung die Kabine eines Fahrzeugs, z.B. eines Auto-
mobils, ist.

15. Verwendung des Systems nach einem der Anspriiche 7 bis 14 zum Realisieren des Verfahrens nach einem der
Ansprlche 1 bis 6.

Revendications

1. Dispositif de détermination d’un filtre d’égalisation pour un ou plusieurs haut-parleurs fournis dans une enceinte,
comme une salle d’écoute ou une cabine automobile, le procédé comprenant les étapes de :

(i) la fourniture d’un signal d’entrée audio (5) aux dits un ou plusieurs haut-parleurs (2, 3, 4) de maniere a
générer un champ de son (10) dans I'enceinte (1), et la détermination d’une pression de son de puissance
moyenne émise a partir de 'un ou plusieurs haut-parleurs (2, 3, 4) dans ladite enceinte (1) en calculant la
moyenne de puissance d’'un nombre de pressions de son mesurées a un premier ensemble de positions (9)
dans I'enceinte (1) ;

(i) la détermination d’un gain de salle, RG(f), de I'enceinte (1) par

- le placement d’'une source de son de mesure (14) a une position de mesure dans ladite enceinte (1) ;

- la détermination d’'une pression de son de puissance moyenne émise par ladite source de son de mesure
(14) dans ladite enceinte par le calcul de la moyenne de puissance d’'un nombre de pressions de son
mesurées a un deuxiéme ensemble de positions (11) ;

- la mesure de pressions de son p; et p, respectivement & deux positions (12) et (13) respectivement dans
le champ proche de la source de son de mesure (14) ;

- sur la base des pressions de son mesurées aux dites deux positions (12, 13), le calcul d’'une résistance
de rayonnement mécanique dans le champ proche de la source de son de mesure (14) ;

- sur la base de ladite résistance de rayonnement mécanique, le calcul de la sortie de puissance acoustique
de la source de son de mesure (14) ; et

- le calcul dudit gain de salle, RG(f), de I'enceinte (1) dans le champ de son généré (10) en tant que rapport
entre le carré de la pression de son de puissance moyenne émise par la source de son de mesure (14) et
ladite sortie de puissance acoustique de la source de son de mesure (14) ;

(iii) la formation d'un filtre d’égalisation de haut-parleurs (Speaker(f)) en tant que racine carrée d’'un rapport
entre une sortie de puissance acoustique cible et la sortie de puissance acoustique réelle du ou des pilotes de
haut-parleurs, ladite sortie de puissance acoustique réelle étant calculée en tant que carré de la pression de
son de puissance moyenne divisé par le gain de salle, RG(f) ;

(iv) la détermination dudit filtre d’égalisation en tant que ledit filtre d’égalisation de haut-parleurs (Speaker(f)).

2. Procédé selon la revendication 1, comprenant en outre :

- la détermination d’un filtre d’égalisation d’interface de position d’écoute (Listener(f)) pour une position d’écoute
spécifique dans le champ de son par :

le placement d’'une source de son mesure (14) a cette position d’écoute spécifique dans ladite enceinte, et
la mesure de pressions de son p4 et p; respectivement & deux positions (12) et (13) respectivement dans
le champ proche de la source de son de mesure (14),

sur la base des pressions de son mesurées aux dites deux positions (12, 13), le calcul d’une résistance
de rayonnement mécanique dans le champ proche de la source de son de mesure (14) ;
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la détermination dufiltre d’égalisation d’interface de pasition d’écoute en tant que racine carrée d’un rapport
entre la résistance de rayonnement mécanique déterminée a une position d’écoute de référence et la
résistance de rayonnement mécanique déterminée a ladite position d’écoute spécifique ; et

- la détermination dudit filtre d’égalisation en tant que produit dudit filtre d’égalisation de haut-parleurs (Spea-
ker(f)) et dudit filtre d’égalisation d’interface de position d’écoute (Listener(f)).

3. Procédé selon la revendication 2, dans lequel ladite position d’écoute de référence est une position dans un champ
libre.

4. Procédé selon 'une quelconque des revendications précédentes, comprenant les étapes de :

(i) au cours d’une phase initiale ou d’étalonnage, la mesure dudit gain de salle RG(f) et facultativement le filtre
d’égalisation de 'interface de position d’écoute pour différentes conditions de ladite enceinte et la mémorisation
des résultats de mesure dans un moyen de mémocrisation ;

(ii) au cours de ladite phase initiale ou d'étalonnage, la détermination de ladite moyenne de puissance de
pressions de son mesurées pour une ou plusieurs desdites conditions différentes de ladite enceinte et la mé-
morisation des résultats de mesure dans le moyen de mémorisation ; ou

au cours de ladite phase initiale ou d’étalonnage, la détermination de ladite moyenne de puissance de pressions
de son mesurées pour une condition, comme une condition de référence, de ladite enceinte, et la mémorisation
du résultat de mesure dans le moyen de mémorisation et, au cours de l'utilisation réelle des haut-parleurs (2,
3, 4) dans I'enceinte, 'exécution de mesures desdites pressions de son pour mettre a jour les pressions de son
de puissance moyenne, afin d’effectuer de ce fait la mise a jour de caractéristiques dudit filtre d’égalisation pour
correspondre a des conditions changées de I'enceinte.

5. Procédé selon la revendication 4, dans lequel le nombre N,, de positions de mesure utilisées pour la mise a jour en
temps réel des caractéristiques de filtre est inférieur au nombre correspondant N de positions de mesure utilisées
dans la phase initiale ou d’étalonnage.

6. Procédé selon la revendication 5, dans lequel N, est égal a 3.

7. Systéme de détermination d’un filtre d’égalisation pour un ou plusieurs haut-parleurs fournis dans une enceinte,
comme une salle d’écoute ou une cabine automobile, le systéme comprenant :

(a) un ou plusieurs microphones pour mesurer une pression de son a un premier ensemble de positions (9) et
un deuxiéme ensemble de positions (11) dans un champ de son (10) dans I'enceinte ;

(b) une source de son de mesure (14) qui peut étre placée a des positions choisies dans ledit champ de son
(10) dans ladite enceinte (1) ;

(c) un moyen pour déterminer une pression de son de puissance moyenne émise a partir de I'un ou plusieurs
haut-parleurs (2, 3, 4) dans ladite enceinte (1) en calculant la moyenne de puissance d’'un nombre de pressions
de son mesurées au dit premier ensemble de positions (9) ;

(d) un moyen pour déterminer un gain de salle, RG(f), de I'enceinte (1) par:

la détermination d’une pression de son de puissance moyenne émise par ladite source de son de mesure
(14) dans ladite enceinte par le calcul de la moyenne de puissance d’'un nombre de pressions de son
mesurées au dit deuxiéme ensemble de positions (11) ;

le calculd’une résistance de rayonnement mécanique dans le champ proche de la source de son de mesure
(14) sur la base de pressions de son mesurees p; et p, a deux positions (12, 13) dans le champ proche
de la source de son de mesure (14) ;

le calcul de la sortie de puissance acoustique de la source de son de mesure (14) sur la base de ladite
résistance de rayonnement mécanique ; et

le calcul dudit gain de salle, RG({f), de I'enceinte (1) dans le champ de son généré (10) en tant que rapport
entre le carré de |la pression de son de puissance moyenne émise par la source de son de mesure (14) et
ladite sortie de puissance acoustique de la source de son de mesure (14) ;

(e) un moyen pour former un filtre d’égalisation de haut-parleurs (Speaker(f)) en tant que racine carrée d’'un

rapport entre une sortie de puissance acoustique cible et la sortie de puissance acoustique réelle du ou des
pilotes de haut-parleurs, ladite sortie de puissance acoustique réelle étant calculée en tant que carré de la

13

LINKPLAY EXHIBIT 1004
Page 1963 of 4822



10

15

20

25

30

35

40

45

50

55

8.

10.

11.

12.

13.

14.

15.

EP 2 591 617 B1

pression de son de puissance moyenne divisé par le gain de salle, RG(f) ;
(f) un moyen pour déterminer ladite caractéristique de filtre d’égalisation en tant que ledit filtre d’égalisation de
haut-parleurs (Speaker(f)).

Systéme selon larevendication 1, comprenantun moyen pour déterminer un filtre d’égalisation d’interface de position
d’écoute (Listener(f)) pour une position d’ecoute spécifique dans le champ de son par :

le calcul d’une résistance de rayonnement mécanique dans le champ proche de la source de son de mesure
(14) sur la base des pressions de son mesurées aux dites deux positions (12, 13) dans le champ proche de la
source de son de mesure (14) placée a une position d’écoute spécifique dans ladite enceinte, et

la détermination du filtre d’égalisation d’interface de position d’écoute en tant que racine carrée d'un rapport
entre larésistance de rayonnement mécanique déterminée a une position d’écoute de référence et la résistance
de rayonnement mécanique déterminée a ladite position d’écoute spécifique ; et

dans lequel ledit moyen pour déterminer ledit filtre d’égalisation est agencé pour déterminer ledit filtre d’égali-
sation en tant que produit dudit filtre d’égalisation de haut-parleurs (Speaker(f)) et dudit filtre d’égalisation
d’interface de position d’écoute (Listener(f)).

Systéme selon la revendication 7 ou 8, comprenant en outre un moyen pour mémoriser ledit filtre d’égalisation de
haut-parleurs, Speaker(f), et facultativement ledit filtre d’égalisation d’interface de position d’écoute, Listener(f)
correspondant a différentes conditions de ladite enceinte (1), ou un moyen pour mémoriser ces quantités qui sont
dérivées de mesures desdites pressions de son dans I'enceinte et qui sont utilisées pour déterminer le filtre d’éga-
lisation de haut-parleurs, Speaker(f), et un filtre d’égalisation d’interface de position d’écoute, Listener(f).

Systeme selon la revendication 9, comprenant en outre un ensemble de microphones qui peuvent effectuer des
mesures en temps réel de pressions de son au cours d’une utilisation de 'enceinte et utiliser ces mesures avec des
quantités mémorisées de maniére appropriée pour déterminer des changements en temps réel de caractéristiques
dudit filtre d’égalisation ou dudit filtre d’égalisation de haut-parleurs, Speaker(f), et facultativement un filtre d’égali-
sation d’interface de position d’écoute, Listener(f).

Systéme selon la revendication 9@ ou 10, comprenant en outre un moyen pour déclencher lesdits changements en
temps réel de caractéristiques de filtre d’égalisation, par exemple lorsque les propriétés acoustiques de 'enceinte
changent, ou lorsque les propriétés acoustiques des haut-parleurs (2, 3, 4) qui créent le champ acoustique (10)
dans I'enceinte (1) changent.

Systéme selon la revendication 11, dans lequel ledit déclenchement est effectué manuellement par un opérateur,
comme par le conducteur ou un passager d’une voiture.

Systéme selon la revendication 11, dans lequel ledit déclenchement est effectué automatiquement, par exemple
en ouvrant une vitre d’'une voiture ou lorsque le nombre de personnes dans la cabine est changé.

Systéme selon 'une quelconque des revendications 7 a 13, dans lequel ladite enceinte est la cabine d’'un véhicule,
comme une voiture.

Utilisation du systéme selon 'une quelconque des revendications 7 a 14 pour mettre en oeuvre le procédé selon
I'une quelconque des revendications 1 a 6.
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to perform the tasks distributed by the task distribution
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over a network. Each task is associated with atime stamp
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System and method for synchronizing operations among a plurality of independently clocked
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of the synchrony group periodically obtains from the task
distribution device an indication of the current time indi-
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ing to its respective clock, the time stamp indicates that
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Description
FIELD OF THE INVENTION

[0001] The present invention relates generally to the field of digital data processing devices, and more particularly to
systems and methods for synchronizing operations among a plurality of independently-clocked digital data processing
devices. The invention is embodied in a system for synchronizing operations among a plurality of devices, in relation to
information that is provided by a common source. One embodiment of the invention enables synchronizing of audio
playback as among two or more audio playback devices that receive audio information from a common information
source, or channel.

[0002] More generally, the inventionrelates to the field of arrangements that synchronize output generated by a number
of output generators, including audio output, video output, combinations of audio and video, as well as other types of
output as will be appreciated by those skilled in the art, provided by a common channel. Generally, the invention will
find utility in connection with any type of information for which synchrony among independently-clocked devices is desired.

BACKGROUND OF THE INVENTION

[0003] There are a number of circumstances under which it is desirable to maintain synchrony of operations among
a plurality of independently-clocked digital data processing devices in relation to, for example, information that is provided
thereto by a common source. For example, systems are being developed in which one audio information source can
distribute audio information in digital form to a number of audio playback devices for playback. The audio playback
devices receive the digital information and convert it to analog form for playback. The audio playback devices may be
located in the same room or they may be distributed in different rooms in a residence such as a house or an apartment,
in different offices in an office building, or the like. For example, in a system installed in a residence, one audio playback
device may be located in a living room, while another audio playback device is be located in a kitchen, and yet other
audio playback devices may be located in various bedrooms of a house. In such an arrangement, the audio information
that is distributed to various audio playback devices may relate to the same audio program, or the information may relate
to different audio programs. If the audio information source provides audio information relating to the same audio program
to two or more audio playback devices at the same time, the audio playback devices will generally contemporaneously
play the same program. For example, if the audio information source provides audio information to audio playback
devices located in the living room and kitchen in a house at the same time, they will generally contemporaneously play
the same program.

[0004] One problem that can arise is to ensure that, if two or more audio playback devices are contemporaneously
attempting to play back the same audio program, they do so simultaneously. Small differences in the audio playback
devices' start times and/or playback speeds can be perceived by a listener as an echo effect, and larger differences can
be very annoying. Differences can arise because for a number of reasons, including delays in the transfer of audio
information over the network. Such delays can differ as among the various audio playback devices for a variety of
reasons, including where they are connected into the network, message traffic and other reasons as will be apparent to
those skilled in the art.

[0005] Another problem arises from the following. When an audio playback device converts the digital audio information
from digital to analog form, it does so using a clock that provides timing information. Generally, the audio playback
devices that are being developed have independent clocks, and, if they are not clocking at precisely the same rate, the
audio playback provided by the various devices can get out of synchronization.

SUMMARY OF THE INVENTION

[0006] The invention provides a new and improved system and method for synchronizing operations among a number
of digital data processing devices that are regulated by independent clocking devices. Generally, the invention will find
utility in connection with any type of information for which synchrony among devices connected to a network is desired.
The invention is described in connection with a plurality of audio playback devices that receive digital audio information
that is to be played back in synchrony, but it will be appreciated that the invention can find usefulness in connection with
any kind of information for which coordination among devices that have independent clocking devices would find utility.
[0007] In brief summary, the invention provides, in one aspect, a system for maintaining synchrony of operations
among plurality of devices that have independent clocking arrangements. The system includes a task distribution device
that distributes tasks to a synchrony group comprising a plurality of devices that are to perform the tasks distributed by
the task distribution device in synchrony. The task distribution device distributes each task to the members of the
synchrony group over a network. Each task is associated with a time stamp that indicates a time, relative to a clock
maintained by the task distribution device, at which the members of the synchrony group are to execute the task. Each
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member of the synchrony group periodically obtains from the task distribution device an indication of the current time
indicated by its clock, determines a time differential between the task distribution device’s clock and its respective clock
and determines therefrom a time at which, according to its respective clock, the time stamp indicates that it is to execute
the task.

[0008] In one embodiment, the tasks that are distributed include audio information for an audio track that is to be
played by all of the devices comprising the synchrony group synchronously. The audio track is divided into a series of
frames, each of which is associated with a time stamp indicating the time, relative to the clock maintained by an audio
information channel device, which, in that embodiment, serves as the task distribution device, at which the members of
the synchrony group are to play the respective frame. Each member of the synchrony group, using a very accurate
protocol, periodically obtains the time indicated by the audio information channel device, and determines a differential
between the time as indicated by its local clock and the audio information channel device’s clock. The member uses the
differential and the time as indicated by the time stamp to determine the time, relative to its local clock, at which it is to
play the respective frame. The members of the synchrony group do this for all of the frames, and accordingly are able
to play the frames in synchrony.

BRIEF DESCRIPTION OF THE DRAWINGS

[0009] This invention is pointed out with particularity in the appended claims. The above and further advantages of
this invention may be better understood by referring to the following description taken in conjunction with the accompa-
nying drawings, in which:

FIG. 1 schematically depicts an illustrative networked audio system, constructed in accordance with the invention;
FIG. 2 schematically depicts a functional block diagram of a synchrony group utilizing a plurality of zone players
formed within the networked audio system depicted in FIG. 1 ;

FIG. 2A schematically depicts two synchrony groups, illustrating how a member of one synchrony group can provide
audio information to the members of another synchrony group;

FIG. 3 depicts an functional block diagram of a zone player for use in the networked audio system depicted in FIG.
1; and

FIG. 4 is useful in understanding an digital audio information framing methodology useful in the network audio system
depicted in FIG. 1.

DETAILED DESCRIPTION OF AN ILLUSTRATIVE EMBODIMENT

[0010] FIG. 1 depicts an illustrative network audio system 10 constructed in accordance with the invention. With
reference to FIG. 1, the network audio system 10 includes a plurality of zone players 11(1) through 11(N) (generally
identified by reference numeral 11(n)) interconnected by a local network 12, all of which operate under control of one
or more user interface modules generally identified by reference numeral 13. One or more of the zone players 11(n)
may also be connected to one or more audio information sources, which will generally be identified herein by reference
numeral 14(n)(s), and/or one or more audio repraduction devices, which will generally be identified by reference numeral
15(n)(r). In the reference numeral 14(n)(s), index "n" refers to the index "n" of the zone player 11(n) to which the audio
information source is connected, and the index "s" (s=1,...,S,) refers to the "s-th" audio information source connected
to that "n-th" zone player 11(n). Thus, if, for example, a zone player 11(n) is connected to four audio information sources
14(n)(1) through 14(n)(4), the audio information sources may be generally identified by reference numeral 14(n)(s), with
S,,=4. Itwill be appreciated that the number of audio information sources S,, may vary as among the various zone players
11(n), and some zone players may not have any audio information sources connected thereto. Similarly, in the reference
numeral 15(n)(r), index "n" refers to the index "n" of the zone player 11(n) to which the audio reproduction device is
connected, and the index "r" (r=1,...,R,)) refers to the "r-th" audio information source connected to that "n-th" zone player
11(n). In addition to the audio information sources 14(n)(s), the network audio system 10 may include one or more audio
information sources 16(1) through 16(M) connected through appropriate network interface devices (not separately shown)
to the local network 12. Furthermore, the local network may include one or more network interface devices (also not
separately shown) that are configured to connect the local network 12 to other networks, including a wide area network
such as the Internet, the public switched telephony network (PSTN) or other networks as will be apparent to those skilled
in the art, over which connections to audio information sources may be established.

[0011] The zone players 11(n) associated with system 10 may be distributed throughout an establishment such as
residence, an office complex, a hotel, a conference hall, an amphitheater or auditorium, or other types of establishments
as will be apparent to those skilled in the art or the like. For example, if the zone players 11(n) and their associated audio
information source(s) and/or audio reproduction device(s) are distributed throughout a residence, one, such as zone
player 11(1) and its associated audio information source(s) and audio reproduction device(s) may be located in a living
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room, another may be located in a kitchen, another may be located in a dining room, and yet others may be located in
respective bedrooms, to selectively provide entertainment in those rcoms. On the other hand, if the zone players 11(n)
and their associated audio information source(s) and/or audio reproduction device(s) are distributed throughout an office
complex, one may, for example, be provided in each office to selectively provide entertainment to the employees in the
respective offices. Similarly, if the zone players 11(n) and associated audio information source(s) and/or audio repro-
duction device(s) are used in a hotel, they may be distributed throughout the rooms to provide entertainment to the
guests. Similar arrangements may be used with zone players 11(n) and associated audio information source(s) and/or
audio reproduction device(s) used in an amphitheater or auditorium. Other arrangements in other types of environments
will be apparent to those skilled in the art. In each case, the zone players 11(n) can be used to selectively provide
entertainment in the respective locations, as will be described below.

[0012] The audio information sources 14(n)(s) and 16(m) may be any of a number of types of conventional sources
of audio information, including, for example, compact disc ("CD") players, AM and/or FM radio receivers, analog or digital
tape cassette players, analog record turntables and the like. In addition, the audio information sources 14(n)(s) and
16(m) may comprise digitalaudio files stored locally on, for example, personal computers (PCs), personal digital assistants
(PDAs), or similar devices capable of storing digital information in volatile or non-volatile form. As noted above, the local
network 12 may also have an interface (not shown) to a wide area network, over which the network audio system 10
can obtain audio information. Moreover, one or more of the audio information sources 14(n)(s) may also comprise an
interface to a wide area network such as the Internet, the public switched telephony network (PSTN) or any other source
of audio information. In addition, one or more of the audio information sources 14(n)(s) and 16(m) may comprise interfaces
to radio services delivered over, for example, satellite. Audio information obtained over the wide area network may
comprise, for example, streaming digital audio information such as Internet radio, digital audio files stored on servers,
and other types of audio information and sources as will be appreciated by those skilled in the art. Other arrangements
and other types of audio information sources will be apparent to those skilled in the art.

[0013] Generally, the audio information sources 14(n)(s) and 16(m) provide audio information associated with audio
programs to the zone players for playback. A zone player that receives audio information from an audio information
source 14(n)(s) that is connected thereto can provide playback and/or forward the audio information, along with playback
timing information, over the local network 12 to other zone players for playback. Similarly, each audio information source
16(m) that is not directly connected to a zone player can transmit audio information over the network 12 to any zone
player 11(n) for playback. In addition, as will be explained in detail below, the respective zone player 11(n) can transmit
the audio information that it receives either from an audio information source 14(n)(s) connected thereto, or from an
audio information source 16(m), to selected ones of the other zone players 11(n’), 11(n"),... (n not equal to n’, n",...) for
playback by those other zone players. The other zone players 11(n’), 11(n"),... to which the zone player 11(n) transmits
the audio information for playback may be selected by a user using the user interface module 13. In that operation, the
zone player 11(n) will transmit the audio information to the selected zone players 11(n’), 11(n"),... over the network 12.
As will be described below in greater detail, the zone players 11(n), 11(n’), 11(n"),... operate such that the zone players
11(n’), 11(n"),... synchronize their playback of the audio program with the playback by the zone player 11(n), so that the
zone players 11(n), 11(n’), 11(n") provide the same audio program at the same time.

[0014] Users, using user interface module 13, may also enable different groupings or sets of zone players to provide
audio playback of different audio programs synchronously. For example, a user, using a user interface module 13, may
enable zone players 11(1) and 11(2) to play one audio program, audio information for which may be provided by, for
example, one audio information source 14(1)(1). The same or a different user may, using the same or a different user
interface module 13, enable zone players 11 (4) and 11(5) to contemporaneously play another audic program, audio
information for which may be provided by a second audio information source, such as audio information source 14(5)(2).
Further, a user may enable zone player 11(3) to contemporaneously play yet another audio program, audio information
for which may be provided by yet another audio information source, such as audio information source 16(1). As yet
another possibility, a user may contemporaneously enable zone player 11(1) to provide audio information from an audio
information source connected thereto, such as audio information source 14 (1) (2), to another zone player, such as zone
player 11(6) for playback.

[0015] In the following, the term "synchrony group" will be used to refer to a set of one or more zone players that are
to play the same audio program synchronously. Thus, in the above example, zone players 11(1) and 11(2) comprise
one synchrony group, zone player 11(3) comprises a second synchrony group, zone players 11 (4) and 11(5) comprise
a third synchrony group, and zone player 11(6) comprises yet a fourth synchrony group. Thus, while zone players 11(1)
and 11(2) are playing the same audio program, they will play the audio program synchronously. Similarly, while zone
players 11(4) and 11(5) are playing the same audio program, they will play the audio program synchronously. On the
other hand, zone players that are playing different audio programs may do so with unrelated timings. That is, for example,
the timing with which zone players 11(1) and 11(2) play their audio program may have no relationship to the timing with
which zone player 11 (3), zone players 11(4) and 11(5), and zone player 11(6) play their audio programs. It will be
appreciated that, since "synchrony group" is used to refer to sets of zone players that are playing the same audio program
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synchronously, zone player 11(1) will not be part of zone player 11(6)’s synchrony group, even though zone player 11(1)
is providing the audio information for the audio program toc zone player 11(6).

[0016] In the network audio system 10, the synchrony groups are not fixed. Users can enable them to be established
and modified dynamically. Continuing with the above example, a user may enable the zone player 11(1) to begin providing
playback of the audio program provided thereto by audio information source 14(1)(1), and subsequently enable zone
player 11(2) to join the synchrony group. Similarly, a user may enable the zone player 11 (5) to begin providing playback
of the audio program provided thereto by audio information source 14(5)(2), and subsequently enable zone player 11(4)
to join that synchrony group. In addition, a user may enable a zone player to leave a synchrony group and possibly join
another synchrony group. For example, a user may enable the zone player 11 (2) to leave the synchrony group with
zone player 11(1), and join the synchrony group with zone player 11(6). As another possibility, the user may enable the
zone player 11(1) to leave the synchrony group with zone player 11(2) and join the synchrony group with zone player
11(6).In connection with the last possibility, the zone player 11(1) can continue providing audio information from the
audio information source 14(1)(1) to the zone player 11(2) for playback thereby.

[0017] A user, using the user interface module 13, can enable a zone player 11(n) that is currently not a member of
a synchrony group to join a synchrony group, after which it will be enabled to play the audio program that is currently
being played by that synchrony group. Similarly, a user, also using the user interface module 13, can enable a zone
player 11(n) that is currently a member of one synchrony group, to disengage from that synchrony group and join another
synchrony group, after which that zone player will be playing the audio program associated with the other synchrony
group. For example, if a zone player 11(6) is currently not a member of any synchrony group, it, under control of the
user interface module 13, can become a member of a synchrony group, after which it will play the audio program being
played by the other members of the synchrony group, in synchrony with the other members of the synchrony group. In
becoming a member of the synchrony group, zone player 11(6) can notify the zone player that is the master device for
the synchrony group that it wishes to become a member of its synchrony group, after which that zone player will also
transmit audio information associated with the audio program, as well as timing information, to the zone player 11(6).As
the zone player 11(8) receives the audio information and the timing information from the master device, it will play the
audio information with the timing indicated by the timing information, which will enable the zone player 11(6) to play the
audio program in synchrony with the other zone player(s) in the synchrony group.

[0018] Similarly, if a user, using the user interface module 13, enables a zone player 11(n) associated with a synchrony
group to disengage from that synchrony group, and if the zone player 11(n) is not the master device of the synchrony
group, the zone player 11(n) can notify the master device, after which the master device can terminate transmission of
the audio information and timing information to the zone player 11(n). If the user also enables the zone player 11(n) to
begin playing another audio program using audio information from an audio information source 14(n)(s) connected
thereto, it will acquire the audio information from the audio information source 14(n)(s) and initiate playback thereof. If
the user enables another zone player 11(n’) to join the synchrony group associated with zone player | 11(n), operations
in connection therewith can proceed as described immediately above.

[0019] As yet another possibility, if a user, using the user interface module 13, enables a zone player 11(n) associated
with a synchrony group to disengage from that synchrony group and join another synchrony group, and if the zone player
is not the master device of the synchrony group from which itis disengaging, the zone player 11(n) can notify the master
device of the synchrony group from which it is disengaging, after which that zone player will terminate transmission of
audio information and timing information to the zone player 11(n) that is disengaging. Contemporaneously, the zane
player 11(n) can notify the master device of the synchrony group that it (that is, zone player 11(n)) is joining, after which
the master device can begin transmission of audio information and timing information to that zone player 11(n). The
zone player 11(n) can thereafter begin playback of the audio program defined by the audio information, in accordance
with the timing information so that the zone player 11(n) will play the audio program in synchrony with the master device.
[0020] As yet another possibility, a user, using the user interface module 13, may enable a zone player 11(n) that is
not associated with a synchrony group, to begin playing an audio program using audio information provided to it by an
audio information source 14(n)(s) connected thereto. In that case, the user, also using the user interface module 13 or
a user interface device that is specific to the audio information source 14(n)(s), can enable the audio information source
14(n)(s) to provide audio information to the zone player 11(n). After the zone player 11(n) has begun playback, or
contemporaneously therewith, the user, using the user interface module 13, can enable other zone players 11(n’),
11(n"),... to join zone player 11(n) ’s synchrony group and enable that zone player 11(n) to transmit audio information
and timing information thereto as described above, to facilitate synchronous playback of the audio program by the other
zone players 11(n’), 11(n")....

[0021] A user can use the user interface module 13 to control other aspects of the network audio system 10, including
but not limited to the selection of the audio information source 14(n)(s) that a particular zone player 11(n) is to utilize,
the volume of the audio playback, and so forth. In addition, a user may use the user interface module 13 to turn audio
information source(s) 14(n)(s) on and off and to enable them to provide audio information to the respective zone players

11(n).
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[0022] Operations performed by the various devices associated with a synchrony group will be described in connection
with FIG. 2, which schematically depicts a functional block diagram of a synchrony group in the network audio system
10 described above in connection with FIG. 1. With reference to FIG. 2, a synchrony group 20 includes a master device
21 and zero or more slave devices 22(1) through 22 (G) (generally identified by reference numeral 22(g)), all of which
synchronously play an audio program provided by an audio information channel device 23. Each of the master device
21, slave devices 22(g) and audic information channel device 23 utilizes a zone player 11(n) depicted in FIG. 1, although
it will be clear from the description below that a zone player may be utilized both for the audio information channel device
for the synchrony group 20, and the master device 21 or a slave device 22(g) of the synchrony group 20. As will be
described below in more detail, the audio information channel device 23 obtains the audio information for the audio
program from an audio information source, adds playback timing information, and transmits the combined audio and
playback timing information to the master device 21 and slave devices 22(g) over the network 12 for playback. The
playback timing information that is provided with the audio information, together with clock timing information provided
by the audio information channel device 23 to the various devices 21 and 22(g) as will be described below, enables the
master device 21 and slave devices 22(g) of the synchrony group 20 to play the audio information simultaneously.
[0023] The master device 21 and the slave devices 22(g) receive the audio and playback timing information, as well
as the clock timing information, that are provided by the audio information channel device 23, and play back the audio
program defined by the audio information. The master device 21 is also the member of the synchrony group 20 that
communicates with the user interface module 13 and that controls the operations of the slave devices 22(g) in the
synchrony group 20. In addition, the master device 21 controls the operations of the audioc information channel device
23 that provides the audio and playback timing information for the synchrony group 20. Generally, the initial master
device 21 for the synchrony group will be the first zone player 11(n) that a user wishes to play an audio program. However,
as will be described below, the zone player 11(n) that operates as the master device 21 can be migrated from cne zone
player 11(n) to another zone player 11(n’), which preferably will be a zone player that is currently operating as a slave
device 22(g) in the synchrony group.

[0024] In addition, under certain circumstances, as will be described below, the zone player 11(n) that operates as
the audio information channel device 23 can be migrated from one zone player to another zone player, which also will
preferably will be a zone player that is currently operating as a member of the synchrony group 20. It will be appreciated
that the zone player that operates as the master device 21 can be migrated to another zone player independently of the
migration of the audio information channel device 23. For example, if one zone player 11(n) is operating as both the
master device 21 and the audio information channel device 23 for a synchrony group 20, the master device 21 can be
migrated to another zone player 11(n’) while the zone player 11(n) is still operating as the audio information channel
device 23. Similarly, if one zone player 11(n) is operating as both the master device 21 and the audio information channel
device 23 for a synchrony group 20, the audio information channel device 23 can be migrated to another zone player
11(n’) while the zone player 11(n) is still operating as the master device 21. In addition, if one zone player 11(n) is
operating as both the master device 21 and the audio information channel device 23 for a synchrony group 20, the
master device 21 can be migrated to another zone player 11(n’) and the audio information channel device can be migrated
to a third zone player 11(n").

[0025] The masterdevice 21 receives control information from the user interface module 13 for controlling the synchrony
group 20 and provides status information indicating the operational status of the synchrony group to the user interface
module 13. Generally, the cantrol infarmation from the user interface module 13 enables the master device 21 to, in
turn, enable the audio information channel device 23 to provide audio and playback timing information to the synchrony
group to enable the devices 21 and 22(g) that are members of the synchrony group 20 to play the audio program
synchronously. In addition, the control information from the user interface module 13 enables the master device 21 to,
in turn, enable other zone players to join the synchrony group as slave devices 22(g) and to enable slave devices 22(g)
to disengage from the synchrony group. Control information from the user interface module 13 can also enable the zone
player 11(n) that is currently operating as the master device 21 to disengage from the synchrony group, but prior to
doing so that zone player will enable the master device 21 to transfer from that zone player 11(n) to another zone player
11(n’), preferably to a zone player 11(n’) that is currently a slave device 22(g) in the synchrony group 20. The control
information from the user interface module 13 can also enable the master device 21 to adjust its playback volume and
to enable individual ones of the various slave devices 22(g) to adjust their playback volumes. In addition, the control
information from the user interface module 13 can enable the synchrony group 20 to terminate playing of a current track
of the audio program and skKip to the next track, and to re-order tracks in a play list of tracks defining the audio program
that is to be played by the synchrony group 20.

[0026] The status information that the master device 21 may provide to the user interface module 13 can include such
information as a name or other identifier for the track of the audio work that is currently being played, the names or other
identifiers for upcoming tracks, the identifier of the zone player 11(n) that is currently operating as the master device 21,
and identifiers of the zone players that are currently operating as slave devices 22(g). In one embodiment, the user
interface module 13 includes a display (not separately shown) that can display the status information to the user.
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[0027] It will be appreciated that the zone player 11(n) that is operating as the audio information channel device 23
for ane synchrony group may also comprise the master device 21 or any of the slave devices 22(g) in another synchrony
group. This may occur if, for example, the audio information source that is to provide the audio information that is to be
played by the one synchrony group is connected to a zone player also being utilized as the master device or a slave
device for the other synchrony group. This will be schematically illustrated below in connection with FIG. 2A. Since, as
noted above, the zone player 11(n) that is operating as the audio information channel device 23 for the synchrony group
20 may also be operating as a master device 21 or slave device 22(g) for another synchrony group, it can also be
connected to one or more audio reproduction devices 15(n)(r), although that is not depicted in FIG. 2. Since the master
device 21 and slave devices 22(g) are all to provide playback of the audio program, they will be connected to respective
audio reproduction devices 15(n)(r). Furthermore, it will be appreciated that one or more of the zone players 11(n) that
operate as the master device 21 and slave devices 22(g) in synchrony group 20 may also operate as an audio information
channel device for that synchrony group or for another synchrony group and so they may be connected to one or more
audio information sources 14(n)(s), although that is also not depicted in FIG. 2. In addition, it will be appreciated that a
zone player 11(n) can also operate as a audio information channel device 23 for multiple synchrony groups.

[0028] If the audio information channel device 23 does not utilize the same zone player as the master device 21, the
master device 21 controls the audio information channel device by exchanging control information over the network 12
with the audio information channel device 23. The control information is represented in FIG. 2 by the arrow labeled
CHAN_DEV_CTRL_INFO. The control information that the master device 21 provides to the audio information channel
device 23 will generally depend on the nature of the audio information source that is to provide the audio information for
the audio program that is to be played and the operation to be enabled by the control information. If, for example, the
audio information source is a conventional compact disc, tape, or record player, broadcast radio receiver, or the like,
which is connected to a zone player 11(n), the master device 21 may merely enable the zone player serving as the audio
information channel device 23 to receive the audio information for the program from the audio information source. It will
be appreciated that, if the audio information is not in digital form, the audio information channel device 23 will convert it
to digital form and provide the digitized audio information, along with the playback timing information, to the master
device 21 and slave devices 22(g).

[0029] On the other hand, if the audio information source is, for example, a digital data storage device, such as may
be on a personal computer or similar device, the master device 21 can provide a play list to the audio information channel
device 23 that identifies one or more files containing the audio information for the audio program. In that case, the audio
information channel device 23 can retrieve the files from the digital data storage device and provide them, along with
the playback timing information, to the master device 21 and the slave devices 22(g). It will be appreciated that, in this
case, the audio information source may be directly connected to the audio information channel device 23, as, for example,
an audio information source 14(n)(s), or it may comprise an audio information source 16(m) connected to the network
12. As a further alternative, if the audio information source is a source available over the wide area network, the master
device 21 can provide a play list comprising a list of web addresses identifying the files containing the audio information
for the audio program that is to be played, and in that connection the audio information channel device 23 can initiate a
retrieval of the files over the wide area network. As yet another alternative, if the audio information source is a source
of streaming audio received over the wide area network, the master device 21 can provide a network address from which
the streaming audio can be received. Other arrangements by which the master device 21 can control the audio information
channel device 23 will be apparent to those skilled in the art.

The master device 21 can also provide control information to the synchrony group’s audio information channel device
23 to enable a migration from one zone player 11(n) to another zone player 11(n’). This may occur if, for example, the
audio information source is one of audio information sources 16 or a source accessible over the wide area network via
the network 12. The master device 21 can enable migration of the audio information channel device 23 for several
reasons, including, for example, to reduce the loading of the zone player 11(n), to improve latency of message trans-
mission in the network 12, and other reasons as will be appreciated by those skilled in the art.

[0030] As noted above, the audio information channel device 23 provides audio and playback timing information for
the synchrony group to enable the master device 21 and slave devices 22(g) to play the audio program synchronously.
Details of the audio and playback timing information will be described in detail below in connection with FIGS. 3 and 4,
but, in brief, the audio information channel device 23 transmits the audio and playback timing information in messages
over the network 12 using a multi-cast message transmission methodology. In that methodology, the audio information
channel device 23 will transmit the audio and playback timing information in a series of messages, with each message
being received by all of the zone players 11(n) comprising the synchrony group 20, that is, by the master device 21 and
the slave devices 22(g). Each of the messages includes a multi-cast address, which the master device 21 and slave
devices 22(g) will monitor and, when they detect a message with that address, they will receive and use the contents
of the message. The audio and playback timing information is represented in FIG. 2 by the arrow labeled "AUD+PBTIME
INFO," which has a single tail, representing a source for the information at the audio information channel device 23, and
multiple arrowheads representing the destinations of the information, with one arrowhead extending to the master device
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21 and other arrowheads extending to each of the slave devices 22(g) in the synchrony group 20. The audio information
channel device 23 may make use of any convenient multi-cast message transmission methodology in transmitting the
audio and playback timing information to the synchrony group 20. As will be described in detail in connection with FIG.
4, the audio and playback timing information is in the form of a series of frames, with each frame having a time stamp.
The time stamp indicates a time, relative to the time indicated by a clock maintained by the audio information channel
device 23, at which the frame is to be played. Depending on the size or sizes of the messages used in the selected
multi-cast message transmission methodology and the size or sizes of the frames, a message may contain one frame,
or multiple frames, or, alternatively, a frame may extend across several messages.

[0031] The audio information channel device 23 also provides clock time information to the master device 21 and each
of the slave devices 22(g) individually over network 12 using a highly accurate clock time information transmission
methodology. The distribution of the clock time information is represented in FIG. 2 by the arrows labeled"AICD_CLK_INF
(M)" (in the case of the clock time information provided to the master device 21) and "AICD_CLK_INF (S;)" through
"AICD_CLK_INF (Sg)" (in the case of audio information channel device clock information provided to the slave devices
22(9)). In one embodiment, the master device 21 and slave devices 22(g) make use of the well-known SNTP (Simple
Network Time Protocol) to obtain current clock time information from the audio information channel device 23. The SNTP
makes use of a unicast message transfer methodology, in which one device, such as the audio information channel
device 23, provides clock time information to a specific other device, such as the master device 21 or a slave device
22(g), using the other device’s network, or unicast, address. Each of the master device 21 and slave devices 22(g) will
periodically initiate SNTP transactions with the audio information channel device 23 to obtain the clock time information
from the audio information channel device 23. As will be described below in more detail, the master device 21 and each
slave device 22(g) make use of the clock time information to determine the time differential between the time indicated
by the audio information channel device’s clock and the time indicated by its respective clock, and use that time differential
value, along with the playback time information associated with the audio information and the respective device’s local
time as indicated by its clock to determine when the various frames are to be played. This enables the master device
21 and the slave devices 22(g) in the synchrony group 20 to play the respective frames simultaneously.

[0032] As noted above, the control information provided by the user to the master device 21 through the user interface
module 13 can also enable the master device 21 to, in turn, enable another zone player 11(n’) to join the synchrony
group as a new slave device 22(g). In that operation, the user interface module 13 will provide control information,
including the identification of the zone player 11(n’) that is to join the synchrony group to the master device 21. After it
receives the identification of the zone player 11(n’) that is to join the synchrony group, the master device 21 will exchange
control information, which is represented in FIG. 2 by the arrows labeled SLV_DEV_CTRL_INF (S4) through
SLV_DEV_CTRL_INF (Sg) group slave control information, over the network 12 with the zone player | 11(n’) that is
identified in the control information from the user interface module 13. The control information that the master device
21 provides to the new zone player 11(n’) includes the network address of the zone player 11(n) that is operating as the
audio information channel device 23 for the synchrony group, as well as the multi-cast address that the audio information
channel device 23 is using to broadcast the audio and playback timing information over the network. The zone player
that is to operate as the new slave device 22(g’) uses the multi-cast address to begin receiving the multi-cast messages
that contain the audio information for the audio program being played by the synchrony group.

[0033] It will be appreciated that, if the zone player 11(n) that is operating as the master device 21 for the synchrony
group 20 is also operating the audioc information channel device 23, and if there are no slave devices 22(g) in the
synchrony group 20, the audio information channel device 23 may not be transmitting audio and playback timing infor-
mation over the network. In that case, if the new slave device 22(g’) is the first slave device in the synchrony group, the
zone player 11(n) that is operating as both the master device 21 and audio information channel device 23, can begin
transmitting the audio and playback timing information over the network 12 when the slave device 22(g’) is added to the
synchrony group 20. The zone player 11(n) can maintain a count of the number of slave devices 22(g) in the synchrony
group 20 as they join and disengage, and, if the number drops to zero, it can stop transmitting the audio and playback
timing information over the network 12 to reduce the message traffic over the network 12.

[0034] The new slave device 22(g’) added to the synchrony group 20 uses the network address of the audio information
channel device 23 for several purposes. In particular, the new slave device 22(g’) will, like the master device 21 (assuming
the zone player 11(n) operating as the master device 21 is not also the audio information channel device 23), engage
in SNTP transactions with the audio information channel device 23 to obtain the clock timing information from the audio
information channel device 23. In addition, the new slave device 22(g’) can notify the audio information channel device
23 that it is a new slave device 22(g’) for the synchrony group 20 and provide the audio information channel device 23
with its network address. As will be described below, in one embodiment, particularly in connection with audio information
obtained from a source, such as a digital data storage device, which can provide audio information at a rate that is faster
than the rate at which it will be played, the audio information channel device 23 will buffer audio and timing information
and broadcast it over the network 12 to the synchrony group 20 generally at a rate at which it is provided by the source.
Accordingly, when a new slave device 22(g’) joins the synchrony group 20, the playback timing information may indicate
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that the audio information that is currently being broadcast by the audio information channel device 23 using the multi-
cast methodology is to be played back some time in the future. To reduce the delay with which the new slave device
22(g’) will begin playback, the audio information channel device 23 can also retransmit previously transmitted audio and
timing information that it had buffered to the new slave device 22(g") using the unicast network address of the slave
device 22(g’).

[0035] The master device 21 can also use the slave device control information exchanged with the slave devices 22(g)
for other purposes. For example, the master device 21 can use the slave device control information to initiate a migration
of the master from its zone player 11(n) to another zone player 11(n’). This may occur for any of a number of reasons,
including, for example, that the master device 21 is terminating playback by it of the audio program and is leaving the
synchrony group 20, but one or more of the other devices in the synchrony group is to continue playing the audio program.
The master device 21 may also want to initiate a migration if it is overloaded, which can occur if, for example, the zone
player 11(n) that is the master device 21 for its synchrany group is also operating as an audio information channel device
23 for another synchrony group.

[0036] The user can also use the user interface module 13 to adjust playback volume by the individual zone players
11(n) comprising the synchrony group. In that operation, the user interface module 13 provides information identifying
the particular device whose volume is to be adjusted, and the level at which the volume is to be set to the master device
21. If the device whose volume is to be adjusted is the master device 21, the master device 21 can adjust its volume
according to the information that it receives from the user interface module 13. On the other hand, if the device whose
volume is to be adjusted is a slave device 22(g), the master device 21 can provide group slave control information to
the respective slave device 22(g), to enable it to adjust its volume.

[0037] The user can also use the user interface module 13 to enable a synchrony group 20 to cancel playing of the
track in an audio program that is currently being played, and to proceed immediately to the next track. This may occur,
for example, if the tracks for the program is in the form of a series of digital audio information files, and the user wishes
to cancel playback of the track that is defined by one of the files. In that case, when the master device 21 receives the
command to cancel playback of the currenttrack, it will provide channel device control information to the audio information
channel device 23 so indicating. In response, the audio information channel device 23 inserts control information into
the audio and playback timing information, which will be referred to as a "resynchronize” command. In addition, the audio
information channel device 23 will begin transmitting audio information for the next track, with timing information to
enable it to be played immediately. The resynchronize command can also enable playback of a track to be cancelled
before it has been played. Details of these operations will be described below.

[0038] As noted above, there may be multiple synchrony groups in the network audio system 10, and further that, for
example, a zone player 11(n) may operate both as a master device 21 or a slave device 22(g) in ocne synchrony group,
and as the audio information channel device 23 providing audio and playback timing information and clock timing infor-
mation for another synchrony group. An illustrative arrangement of this will be described in connection with FIG. 2A.
With reference to FIG. 2A, that FIG. depicts elements of two synchrony groups, identified by reference numerals 20(1)
and 20(2), respectively. For clarity, FIG. 2A does not show a number of elements, the presence of which would be
evident from FIGS. 1 and 2 as described above. For example, FIG. 2A does not depict the audio information sources
from which audio information is obtained for the synchrony groups or the audio reproduction devices that are used to
produce sound for the master and slave devices, which are depicted in both FIGS. 1 and 2. In addition, FIG. 2A does
not depict arrows that represent control information provided by the respective master devices to the slave devices in
the respective synchrony groups, or to the audio information channel devices that provide audio and timing information
for the respective synchrony groups, which are depicted in FIG. 2. In addition, FIG.2A does not depict the arrows that
represent the clock timing information provided by the audio information channel devices to the respective members of
the respective synchrony groups, which are also depicted in FIG. 2. As will be noted below, however, FIG. 2A does
depict arrows representing the audio and playback timing information provided by the respective audio information
channel devices for the respective synchrony groups 20(1), 20(2), to the master and slave devices comprising the
respective synchrony groups 20(1), 20(2).

[0039] Eachsynchrony group 20(1), 20(2) comprises elements of a number of zone players. Afunctional block diagram
of a zane player will be described below in connection with FIG. 3. Synchrany group 20(1) includes a master device
21(1) and "K" slave devices 22(1)(1) through 22(K)(1) (the index "1" in reference numeral 21(1) and the last index in
reference numeral 22(1)(1) through 21(K){1) corresponds to the index of the synchrony group 20(1) to which they belong)
utilize zone players 11(1) and 11(K+1) respectively. Similarly, synchrony group 20(2) includes a master device 21(2)
and "L" slave devices 22(1)(2) through 22(L)(2) that utilize zone players 11(K+2) through 11(K+L+2). In the illustrative
arrangement depicted in FIG. 2A, both synchrony groups 20(1) and 20(2) are controlled by the user interface module
13, which can provide control information to, and receive status information from, the master devices 21(1) and 21(2)
independently. It will be appreciated that separate user interface modules may be provided to provide control information
to, and receive status information from, the respective master devices 21(1),21(2).

[0040] Asnoted above, the slave device 22(1)(2) in synchrony group 20(2) utilizes zone player 11(K+3). Inthe illustrative
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arrangement depicted in FIG. 2A, the audio information channel device 23(1) that provides audio and playback timing
information to the master and slave devices 21(1), 22(1)(1),..., 22(K)(1) of synchrony group 20(1) also utilizes zone
player 11(K+3). As noted above, this may occur if, for example, the audio information source that is to provide audio
information to be played by the synchrony group 20(1) is connected to the zone player 11(K+3). Thus, when the master
device 21(1) of synchrony group 20(1) exchanges channel device control information with the audio information channel
device 23(1), it is effectively exchanging channel device control information with the zone player 11(K+3). Similarly,
when the master and slave devices 21(1), 22(1)(1),..., 22(K)(1) of synchrony group 20(1) receive audio and playback
timing information, as well as clock timing information, from the audio information channel device 23(1), they are effectively
receiving the information from the zone player 11(K+3). FIG.2A depicts a multi-headed arrow representing audio and
playback timing information transmitted by the zone player 11(K+3), as audio information channel device 23(1), to the
master and slave devices 21(1), 22(1)(1),...,11(K)(1) comprising synchrony group 20(1).

[0041] On the other hand, in the illustrative arrangement depicted in FIG. 2A, the synchrony group 20(2) utilizes a
zone player 11(K+L+3) as its audio information channel device 23(2). As with synchrony group 20(1), when the master
device 21(2) of synchrony group 20(2) exchanges channel device control information with the audio information channel
device 23(2), it is effectively exchanging channel device control information with the zone player 11(K+L+3). Similarly,
when the master and slave devices 21(2), 22(1)(2),..., 22(L)(2) of synchrony group 20(2) receive audio and playback
timing information, as well as clock timing information, from the audio information channel device 23(2), they are effectively
receiving the information from the zone player 11(K+L+3). FIG. 2A depicts a multi-headed arrow representing audio and
playback timing information transmitted by the zone player 11(K+3) as audio information channel device 23(2) to the
master and slave devices 21(2), 22(1) (2)...., 22(L) (2) comprising synchrony group 20(2).

[0042] In the illustrative arrangement depicted in FIG. 2A, zone player 11(K+L+3), which is the audio information
channel device 23(2) for synchrony group 20(2), is not shown as being either a master or a slave device in another
synchrony group. However, it will be appreciated that zone player 11(K+L+3) could also be utilized as the master device
or a slave device for another synchrony group. Indeed, it will be appreciated that the zone player that is utilized as the
audio information channel device for synchrony group 20(2) may also be a zone player that is utilized as the master
device 21(1) or a slave device 22(1) (1),..., 22(K)(1) in the synchrony group 20(1).

[0043] A zone player 11(n) that is utilized as a member of one synchrony group may also be utilized as the audio
information channel device for another synchrony group if the audio information source that is to supply the audio
information that is to be played by the other synchrony group is connected to that zone player 11(n). A zone player 11(n)
may also be utilized as the audio information channel device for the other synchrony group if, for example, the audio
information source is an audio information source 16(m) (FIG.1) thatis connected to the network 12 or an audio information
source that is available over a wide area network such as the Internet. The latter may occur if, for example, the zone
player 11(n) has sufficient processing power to operate as the audio information channel device and it is in an optimal
location in the network 12, relative to the zone players comprising the other synchrony group (that is the synchrony
group for whichitis operating as audio information channel device) for providing the audio and playback timing information
to the members of the other synchrony group. Other circumstances under which the zone player 11(n) that is utilized
as a member of one synchrony group may also be utilized as the audio information channel device for another synchrony
group will be apparent to those skilled in the art.

[0044] As was noted above, the master device 21 for a synchrony group 20 may be migrated from one zone player
11(n) to another zone player 11 (n’). As was further noted above, the audio information channel device 23 for a synchrony
group 20 may be migrated from one zone player 11(n) to another zone player 11(n’). It will be appreciated that the latter
may occur if, for example, the audio information source that provides the audio program for the synchrony group is not
connected to the zone player 11(n) that is operating as the audio information channel device 23, but instead is one of
the audio information sources 16(m) connected to the network 12 or a source available over a wide area network such
as the Internet. Operations performed during a migration of an audio information channel device 23 from one zone player
11(n) to another zone player 11(n’) will generally depend on the nature of the audio information that is being channeled
by the audio information channel device 23. For example, if the audio information source provides streaming audio, the
zone player 11(n) that is currently operating as the audio information channel device 23 for the synchrony group 20, can
provide the following information to the other zone player 11(n’) that is to become the audio information channel device
23 for the synchrony group 20:

(a) the identification of the source of the streaming audio information,

(b) the time stamp associated with the frame that the zone player 11(n) is currently forming,

and

(c) the identifications of the zone players that are operating as the master device 21 and slave devices 22(g)
comprising the synchrony group 20.

After the zone player 11(n’) receives the information from the zone player 11(n), it will begin receiving the streaming
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audio from the streaming audio information source identified by the zone player | 11(n), assemble the streaming audio
information into frames, associate each frame with a time stamp, and transmit the resulting audio and playback timing
information over the network 12. The zone player 11(n’) will perform these operations in the same manner as described
above, except that, instead of using the time indicated by its digital to analog converter clock 34 directly in generating
the time stamps for the frames, the initial time stamp will be related to the value of the time stamp that is provided by
the zone player 11(n) (reference item (b) above), with the rate at which the time stamps are incremented corresponding
to the rate at which its (that is, the zone player 11(n’)’s) clock increments. In addition, the zone player 11(n’) will notify
the zone players that are operating as the master device 21 and slave devices 22(g) of the synchrony group 20 that it
is the new audio information channel device 23 for the synchrony group 20, and provide the multi-cast address that it
will be using to multi-cast the audio and playback timing information, as well as its unicast network address. After the
members of the synchrony group 20 receive the notification from the zone player 11(n’) indicating that it is the new audio
information channel device 23 for the synchrony group 20, they will receive the audio and playback timing information
from the zone player 11(n’) instead of the zone player 11(n), using the multi-cast address provided by the zone player
11(n’). In addition, they can utilize the zone player 11(n’)’s unicast network address to obtain current time information
therefrom. It will be appreciated that the zone player 11(n’) will determine its current time in relation to the time stamp
that is provided by the zone player 11(n) (reference item (b) above) or the current time information that it received from
the zone player 11(n) using the SNTP protocol as described above.

[0045] Generally similar operations can be performed in connection with migrating the audio information channel
device from one zone player 11(n) to another zone player 11(n’) if the audio information is from one or more audio
information files, such as may be the case if the audio information comprises MP3 or WAV files that are available from
sources such as sources 16(m) connected to the network 12 or over from sources available over a wide area network
such as the Internet, except for differences to accommodate the fact that the audio information is in files. In that case,
the zone player 11(n) that is currently operating as the audio information channel device 23 for the synchrony group 20
can provide the following information to the zone player 11(n’) that is to become the audio information channel device
23 for the synchrony group 20:

(d) a list of the audio information files containing the audio information that is to be played;

(e) the identification of the file for which the zone player 11(n) is currently providing audio and playback timing
information, along with the offset into the file for which the current item of audio and playback timing information is
being generated and the time stamp that the zone player 11(n) is associating with that frame, and

(f) the identifications of the zone players that comprise the master device 21 and slave devices 22(g) comprising
the synchrony group 20.

After the zone player 11(n’) receives the information from the zone player 11(n), it will begin retrieving audio information
from the file identified in item (e), starting at the identified offset. In addition, the zone player 11(n’) can assemble the
retrieved audio information into frames, associate each frame with a time stamp and transmit the resulting audio and
playback timing information over the network 12. The zone player 11(n’) will perform these operations in the same
manner as described above, except that, instead of using the time indicated by its digital to analog converter clock 34
directly in generating the time stamps for the frames, the value of the initial time stamp will be related to the time stamp
thatis provided by the zone player 11(n) (reference item (e) above), with the rate at which the time stamps are incremented
corresponding to the rate at which its (that is, the zone player 11(n’) ’s) clock increments. In addition, the zone player
11(n’) will notify the zone players that are operating as the master device 21 and slave devices 22(g) of the synchrony
group 20 that it is the new audio information channel device 23 for the synchrony group 20, and provide the multi-cast
address that it will be using to multi-cast the audio and playback timing information, as well as its unicast network address.
After the members of the synchrony group 20 receive the notification from the zone player 11(n’) indicating that it is the
new audio information channel device 23 for the synchrony group 20, they will receive the audio and playback timing
information from the zone player | 11(n’) instead of the zone player | 11(n), using the multi-cast address provided by the
zone player 11(n’). In addition, they can utilize the zone player 11(n’)’s unicast network address to obtain current time
information therefrom. It will be appreciated that the zone player | 11(n’) will determine its current time in relation to the
time stamp that is provided by the zone player 11(n) (reference item (b) above) or the current time information that it
received from the zone player 11(n) using the SNTP protocol as described above. The zone player 11(n’) will process
successive audio information files in the list that it receives from the zone player 11(n) (reference item (d)).

[0046] Operations performed by the zone players 11(n) and 11(n’) in connection with migration of the audio information
channel device 23 for other types of audio information will be apparent to those skilled in the art. In any case, preferably,
the zone player 11(n) will continue operating as an audio information channel device 23 for the synchrony group 20 for
at least a brief time after it notifies the zone player 11(n’) that it is to become audio information channel device for the
synchrony group, so that the zone player 11(n’) will have time to notify the zone players in the synchrony group 20 that
it is the new audio information channel device 23 for the synchrony group.

1"

LINKPLAY EXHIBIT 1004
Page 1978 of 4822



10

15

20

25

30

35

40

45

50

55

EP 2713 281 A1

[0047] Before proceeding further in describing operations performed by the network audio system 10, it would be
helpful to provide a detailed description of a zone player 11(n) constructed in accordance with the invention. FIG. 3
depicts a functional block diagram of a zone player 11(n) constructed in accordance with the invention. All of the zone
players in the network audio system 10 may have similar construction. With reference to FIG. 3, the zone player 11(n)
includes an audio information source interface 30, an audio information buffer 31, a playback scheduler 32, a digital to
analog converter 33, an audio amplifier 35, an audio reproduction device interface 36, a network communications
manager 40, and a network interface 41, all of which operate under the control of a control module 42. The zone player
11(n) also has a device clock 43 that provides timing signals that control the general operations of the zone player 11(n).
In addition, the zone player 11(n) includes a user interface module interface 44 that can receive control signals from the
user interface module 13 (FIGS. 1 and 2) for controlling operations of the zone player 11(n), and provide status information
to the user interface module 13.

[0048] Generally, the audio information buffer 31 buffers audio information, in digital form, along with playback timing
information. If the zone player 11(n) is operating as the audio information channel device 23 (FIG. 2) for a synchrony
group 20, the information that is buffered in the audio information buffer 31 will include the audio and playback timing
information that will be provided to the devices 21 and 22(g) in the synchrony group 20. If the zone player 11(n) is
operating as the master device 21 or a slave device 22(g) for a synchrony group, the information that is buffered in the
audio information buffer 31 will include the audio and playback timing information that the zone player 11(n) is to play.
[0049] The audio information buffer 31 can receive audio and playback timing information from two sources, namely,
the audio information source interface 30 and the network communications manager 40. In particular, if the zone player
11(n) is operating as the audio information channel device 23 for a synchrony group 20, and if the audio information
source is a source 14(n)(s) connected to the zone player | 11(n), the audio information buffer 31 will receive and buffer
audio and playback timing information from the audio information source interface 30. On the other hand, if the zone
player 11(n) is operating as the audio information channel device 23 for a synchrony group 20, and if the audio information
source is a source 16(m) connected to the network 12, or a source available over the wide area network, the audio
information buffer 31 will receive and buffer audio and playback timing information from the network communications
manager 40. It will be appreciated that, if the zone player 11(n) is not a member of the synchrony group, the zone player
11(n) will not play this buffered audio and playback timing information.

[0050] On yet another hand, if the zone player 11(n) is operating as the master device 21 or a slave device 22(g) in
a synchrony group, and if the zone player 11(n) is not also the audio information channel device 23 providing audio and
playback timing information for the synchrony group 20, the audio information buffer 31 will receive and buffer audio
and playback timing information from the network communications manager 40.

[0051] The audio information source interface 30 connects to the audio information source(s) 14(n)(s) associated with
the zone player 11(n). While the zone player 11(n) is operating as audio information channel device 23 for a synchrony
group 20, and if the audio information is to be provided by a source 14(n)(s) connected to the zone player 11(n), the
audio information source interface 30 will selectively receive audio information from one of the audio information source(s)
14(n)(s) to which the zone player is connected and store the audio information in the audio information buffer 21. If the
audio information from the selected audio information source 14(n)(s) is in analog form, the audio information source
interface 30 will convert it to digital form. The selection of the audio information source 14(n)(s) from which the audio
information source interface 30 receives audio information is under control of the control module 42, which, in turn,
receives control information from the user interface module through the user interface module interface 44. The audio
information source interface 30 adds playback timing information to the digital audio information and buffers the combined
audio and playback timing information in the audio information buffer 21.

[0052] More specifically, as noted above, the audio information source interface 30 receives audio information from
an audio information source 14(n)(s), converts it to digital form if necessary, and buffers it along with playback timing
information in the audio information buffer 21. In addition, the audio information source interface 30 will also provide
formatting and scheduling information for the digital audio information, whether as received from the selected audio
information source 14(n)(s) or as converted from an analog audio information source. As will be made clear below, the
formatting and scheduling information will control not only playback by the zone player 11(n) itself, but will also enable
other zone players 11(n’), 11(n"),... that may be in a synchrony group for which the zone player 11(n) is the master
device, to play the audio program associated with the audio information in synchrony with the zone player 11(n).
[0053] Inone particular embodiment, the audio information source interface 30 divides the audio information associated
with an audio work into a series of frames, with each frame comprising digital audio information for a predetermined
period of time. As used herein, an audio track may comprise any unit of audio information that is to be played without
interruption. On the other hand, an audio program may comprise a series of one or more audio tracks that are to be
played in succession. It will be appreciated that the tracks comprising the audio program may also be played without
interruption, or alternatively playback between tracks maybe interrupted by a selected time interval. FIG. 4 schematically
depicts anillustrative framing strategy used in connection with one embodiment of the invention for a digital audio stream
comprising an audio work. More specifically, FIG.4 depicts a framed digital audio stream 50 comprising a sequence of
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frames 51(1) through 51(F) (generally identified by reference numeral 51(f)). Each frame 51(f), in turn, comprises a
series of audio samples 52(f)(1) through 52(f)(S) (generally identified by reference numeral 52(f)(s)) of the audio track.
Preferably all of the frames will have the same number "S" of audio samples, although it will be appreciated from the
following that that is primarily for convenience. On the other hand, it will be appreciated that, the number of audio samples
may differ from "S"; this may particularly be the case if the frame 51(f) contains the last audio samples for the digital
audio stream for a particular audio work. In that case, the last frame 51(F) will preferably contain samples 52(F)(1)
through 52(F)(x), where "x" is less than "S." Generally, it is desirable that the number of samples be consistent among
all frames 51(f), and in that case padding, which will not be played, can be added to the last frame 51(F).

[0054] Associated with each frame 51(f) is a header 55(f) that includes a number of fields for storing other information
that is useful in controlling playback of the audio samples in the respective frame 51(f). In particular, the header 55(f)
associated with a frame 51(f) includes a frame sequence number field 56, an encoding type field 57, a sampling rate
information field 58, a time stamp field 60, an end of track flag 61, and a length flag field 62. The header 55(f) may also
include fields (not shown) for storing other information that is useful in controlling playback. Generally, the frame sequence
number field 56 receives a sequence number "f" that identifies the relative position of the frame 51(f) in the sequence
of frames 51(1)..51(f)...51(F) containing the digital audio stream 50. The encoding type field 57 receives a value that
identifies the type of encoding and/or compression thathas been used in generating the digital audio stream. Conventional
encoding or compression schemes include, for example, the well-known MP3 and WAV encoding and/or compression
schemes, although it will be appreciated that other schemes may be provided for as well. The sampling rate information
field 58 receives sampling rate information that indicates the sampling rate for the audio samples 52(f)(s). As will be
apparent to those skilled in the art, the sampling rate determines the rate at which the zone player 11(n) is to play the
audio samples 52(f)(s) in the frame, and, as will be described below, determines the period of the digital to analog
converter clock 34.

[0055] The condition of the end of work flag 61 indicates whether the frame 51(f) contains the last digital audic samples
for the audio track associated with the framed digital audio work 50. If the frame 51(f) does not contain the audio samples
that are associated with the end of the digital audio stream 50 for a respective audio work, the end of work flag will be
clear. On the other hand, if the frame 51(f) does contain the audio samples that are associated with the end of the digital
audio stream 50 for a respective audio work, the end of work flag 61 will be set. In addition, since the number of valid
audio samples 52(F)(s) in the frame 51(F), that is, the samples that are not padding, may be less than "'S," the default
number of audio samples in a frame 51(f), the length flag field 62 will contain a value that identifies the number of audio
samples in 52(F)(s) in the last frame 51(F) of the audio work 50. If, as noted above, the frames have a consistent number
"S" of samples, the samples 52(F)(x+1) through 52(F)(S) will contain padding, which will not be played.

[0056] The time stamp field 60 stores a time stamp that identifies the time at which the zone player 11(n) is to play
the respective frame. More specifically, for each frame of a framed digital audio stream 50 that is buffered in the audio
information buffer 21, the audio information source interface 30, using timing information from the digital to analog
converter clock 34, will determine a time at which the zone player 11(n) is to play the respective frame, and stores a
time stamp identifying the playback time in the time stamp field 60. The time stamp associated with each frame will later
be used by the playback scheduler 32 to determine when the portion of the digital audio stream stored in the frame is
to be coupled to the digital to analog converter 33 to initiate play back. It will be appreciated that the time stamps that
are associated with frames in sequential frames 51(1), 51(2),..., 51(F), will be such that they will be played back in order,
and without an interruption between the sequential frames comprising the digital audio stream 50. It will further be
appreciated that, after a time stamp has been determined for the first frame, stored in frame 51(1), of a digital audio
stream 50, the audio information source interface 30 can determine time stamps for the subsequentframe 51(2), 51(3),....,
51 (F) in relation to the number of samples "S" in the respective frames and the sample rate. The time stamps will also
preferably be such that frames will be played back after some slight time delay after they have been buffered in the
audio information buffer 21; the purpose for the time delay will be made clear below.

[0057] Returning to FIG. 3, in addition to dividing the digital audio information into frames, the audio information source
interface 30 also aggregates and/or divides the frames 51(f) as necessary into packets, each of which will be of a length
that would fit into a message for transmission over the network, and associates each packet with a packet sequence
number. For example, if a packet will accommodate multiple frames 51(f), 51(f+1),... 51(f+y-1), it will aggregate them
into a packet and associate them with a packet number, for example p(x). If the entire frames 51(f) and 51(f+y-1) was
accommodated in packet p(x), where "x" is the sequence number, which will occur if the size of a packet is an exact
multiple of the frame size, the next packet, p(x+1) will begin with frame 51(f+y) and will include frames 51(f+y),..., 51(f+2y-
1). Subsequent packets p(x+2),.... will be formed in a similar manner. On the other hand, if the packet length will not
accommodate an exact multiple of the frame size, the last frame in the packet will be continued at the beginning of the
next packet.

[0058] If the audio information source interface 30 is aware of track boundaries, which may be the case if the tracks
are divided into files, the packets will reflect the track boundaries, that is, the packets will not contain frames from two
tracks. Thus, if the last frames associated with a track are insufficient to fill a packet, the packet will contain padding
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from the last frame associated with the track to the end of the packet, and the next packet will begin with the first frames
associated with the next track.

[0059] Inone embodiment, the audio information source interface 30 stores the packets in the audio information buffer
31 in a ring buffer. As is conventional, a ring buffer includes a series of storage locations in the buffer. Each entry will
be sufficient to store one packet. Four pointers are used in connection with the ring buffer, a first pointer pointing to the
beginning of the ring buffer, a second pointer pointing to the end of the ring buffer, an third "write” pointer pointing to the
entry into which a packet will be written and a fourth "read"” pointer pointing to the entry from which packet will be read
for use in playback. When a packet is read from the ring buffer for playback, it will be read from the entry pointed to by
the read pointer. After the packet has been read, the read pointer will be advanced. If the read pointer points beyond
the end of the ring buffer, as indicated by the end pointer, it will be reset to point to the entry pointed to by the beginning
pointer, and the operations can be repeated.

[0060] On the other hand, when the audio information source interface 30 stores a packet in the ring buffer, first
determine whether the entry pointed to by the write pointer points to the same entry as the entry pointed to by the read
pointer. If the write pointer points to the same entry as the entry pointed to by the read pointer, the entry contains at
least a portion of a packet that has not yet been read for playback, and the audio information source interface 30 will
delay storage of the packet until the entire packet has been read and the read pointer advanced. After the read pointer
has been advanced, the audio information source interface 30 can store the packet in the entry pointed to by the write
pointer. After the packet has been stored, the audio information source interface 30 will advance the write pointer. If the
write pointer points beyond the end of the ring buffer, as indicated by the end pointer, it will be reset to point to the entry
pointed to by the beginning pointer, and the operations can be repeated.

[0061] As noted above, the zone player 11(n) can operate both as an audio information channel device 23 and a
member of the synchrony group 20 of which it is a member. In that case, the audio information buffer 31 can contain
one ring buffer. On the other hand, the zone player 11(n) can operate as an audio information channel device 23 for
one synchrony group 20(1) (FIG. 2A) and a member of another synchrony group 20(2). In that case, the audio information
buffer 31 would maintain two ring buffers, one for the audio and timing information associated with synchrony group
20(1), and the other for the audio and timing information associated with synchrony group 20(2). It will be appreciated
that, in the latter case, the zone player 11(n) will only use the audio and timing information that is associated with
synchrony group 20(2) for playback.

[0062] The playback scheduler 32 schedules playback of the audio information that is buffered in the audio information
buffer 31 that is to be played by the zone player 11(n). Accordingly, under control of the playback scheduler 32, the
digital audio information that is buffered in the audio information buffer 21 that is to be played by the zone player 11(n)
is transferred to the digital to analog converter 33 for playback. As noted above, if the zone player 11(n) is operating as
an audio information channel device 23 for a synchrony group 20 for which it is not a member, the playback scheduler
32 will not schedule the digital audio information that is to be played by that synchrony group 20 for playback. The
playback scheduler 32 only schedules the digital audio information, if any, that is buffered in the audio information buffer
31 that is associated with a synchrony group for which the zone player 11(n) is a member, whether as master device
21 or a slave device 22(g).

[0063] Essentially, the playback scheduler 32 makes use of the read pointer associated with the circular buffer that
contains the audio and playback timing information that is to be played by the zone player 11(n). The playback scheduler
32 retrieves the packet information from the entry of the ring buffer pointed to by the read pointer, and then advances
the ring pointer as described above. The playback scheduler 32 determines the boundaries of the frames in the packet
and uses the time stamps in the time stamp fields 60 associated with the respective frame 51(f), along with timing
information provided by the zone player 11(n)’s digital to analog converter clock 34, to determine when the respective
frame is to be transferred to the digital to analog converter 33. Generally, when the time stamp associated with a buffered
digital audio information frame corresponds to the current time as indicated by the digital to analog converter clock 34,
the playback scheduler 32 will enable the respective frame to be transferred to the digital to analog converter 33.
[0064] The digital to analog converter 33, also under control of the digital to analog converter clock 34, converts the
buffered digital audio information to analog form, and provides the analog audio information to the audio amplifier 35 for
amplification. The amplified analog information, in turn, is provided to the audio reproduction devices 15(n)(r) through
the audio reproduction device interface 36. The audio reproduction devices 15(n)(r) transform the analog audio infor-
mation signal to sound thereby to provide the audio program to a listener. The amount by which the audio amplifier 35
amplifies the analog signal is controlled by the control module 42, in response to volume control information provided
by the user through the user interface module 13.

[0065] The network communications manager 40 controls network communications over the network 12, and the
network interface 41 transmits and receives message packets over the network 12. The network communications man-
ager 40 generates and receives messages to facilitate the transfer of the various types of information described above
in connection with FIG. 2, including the channel device control information, slave device control information, audio and
playback timing information and the audio information channel device’s clock timing information. In connection with the
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channel device control information and the slave device control information, the network communications manager 40
will generate messages for transfer over the network 12 in response to control information from the control module 42.
Similarly, when the network communications manager 40 receives messages containing channel device control infor-
mation and slave device control information, the network communications manager will provide the information to the
control module 42 for processing.

[0066] With regards to the audio information channel device’s clock timing information, as noted above, the master
device 21 and slave devices 22(g) of the synchrony group 20 obtain the clock timing information from the audio information
channel device 23 using the well-known SNTP. If the zone player 11(n) is operating as the audio information channel
device 23 for a synchrony group, during the SNTP operation, it will provide its current time, particularly a current time
as indicated by its digital to analog converter clock 34. On the other hand, if the zone player 11(n) is operating as the
master device 21 or slave device 22(g) of a synchrony group 20, it will receive the clock timing information from the
audio information channel device 23. After the respective device 21, 22(g) has obtained the audio information channel
device’s clock timing information, it will generate a differential time value AT representing the difference between the
time T indicated by its digital to analog converter clock 34 and the current time information from the audio information
channel device 23. The differential time value will be used to update the time stamps for the frames of the digital audio
stream 50 (FIG. 4) that are received from the audio information channel device.

[0067] Withregards tothe audio and playback timing information, operations performed by the network communications
manager 40 will depend on whether

(i) the audio and playback timing information has been buffered in the audio information buffer 31 for transmission,
as audio information channel device 23, over the network 12 to the master device 21 and/or slave devices 22(g) of
a synchrony group, or

(ii) the audio and playback timing information has been received from the network 12 to be played by the zone player
11(n) as either the master device 21 for a synchrony group or a slave device in a synchrony group.

[0068] It will be appreciated that the network communications manager 40 may be engaged in both (i) and (ii) con-
temporaneously, since the zone player 11(n) may operate both as the audio information channel device 23(1) for a
synchrony group 20(1) (reference FIG. 2A) of which it is not a member, and a member of another synchrony group 20(2)
for which another zone player 11(n’) is the audio information channel device 23(2). With reference to item (i) above,
after a packet that is to be transmitted has been buffered in the respective ring buffer, the network communications
manager 40 retrieves the packet, packages it into a message and enables the network interface 41 to transmit the
message over the network 12. If the control module 42 receives control information from the user interface module 13
(if the master device 21 is also the audio information channel device 23 for the synchrony group 20) or from the master
device (if the master device 21 is not the audio information channel device 23 for the synchrony group 20) that would
require the transmission of a"resynchronize" command as described above, the control module 42 of the audio information
channel device 23 enables the network communications manager 40 to insert the command into a message containing
the audio and playback timing information. Details of the operations performed in connection with the "resynchronize™
command will be described below. As noted above, the "resynchronize” command is used if the user enables a synchrony
group to terminate the playback of a track that is currently being played, or cancel playback of a track whose playback
has not begun.

[0069] On the other hand, with reference to item (ii) above, if network interface 41 receives a message containing a
packet containing frames of audio and playback timing information that the zone player 11(n) is to play either as a master
device 21 or a slave device for a synchrony group 20, the network interface 41 provides the audio and playback timing
information to the network communications manager 40. The network communications manager 40 will determine wheth-
er the packet contains a resynchronize command and, if so, notify the control module 42, which will enable operations
to be performed as described below. In any case, the network communications manager 40 will normally buffer the
various frames comprising the audio and playback timing information in the audio information buffer 31, and in that
operation will generally operate as described above in connection with the audio information source interface 30. Before
buffering them, however, the network communications manager 40 will update their time stamps using the time differential
value described above. It will be appreciated that the network communications manager 40 will perform similar operations
whether the messages that contain the packets were multi-cast messages or unicast messages as described above
[0070] The updating of the time stamps by the master device 21 and the slave devices 22(g) in the synchrony group
20 will ensure that they all play the audio information synchronously. In particular, after the network communications
manager 40 has received a frame 51(f) from the network interface 41, it will also obtain, from the digital to analog
converter clock 34, the zone player 11(n)’s current time as indicated by its digital to analog converter clock 34. The
network communications manager 40 will determine a time differential value that is the difference between the slave
device’s current clock time, as indicated by its digital to analog converter 34, and the audio information channel device’s
time as indicated by the audio information channel device’s clock timing information. Accordingly, if the master or slave
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device’s current time has a value Tg and the audio information channel device’s current time, as indicated by the clock
timing information, has a value T, the time differential value AT=Tg-T¢. If the current time of the master or slave device
in the synchrony group 20, as indicated by its digital to analog converter clock 34, is ahead of the audio information
channel device’s clock time as indicated by the clock timing information received during the SNTP operation, the time
differential value will have a positive value. On the other hand, if the master or slave device’s current time is behind the
audio information channel device’s clock time, the time differential value AT will have a negative value. If the zone player
11(n) obtains clock timing information from the audio information channel device 23 periodically while it is a member of
the synchrony group 20, the network communications manager 40 can generate an updated value for the time differential
value AT when itreceives the clock timing information from the audio information channel device 23, and will subsequently
use the updated time differential value.

[0071] The network communications manager 40 uses the time differential value AT that it generates from the audio
information channel device timing information and zone player 11(n)’s current time to update the time stamps that will
be associated with the digital audio information frames that the zone player 11(n) receives from the audio information
channel device. For each digital audio information frame that is received from the audio information channel device,
instead of storing the time stamp that is associated with the frame as received in the message in the audio information
buffer 21, the network communications manager 40 will store the updated time stamp with the digital audio information
frame. The updated time stamp is generated in a manner so that, when the zone player 11(n), as a member of the
synchrony group plays back the digital audio information frame, it will do so in synchrony with other devices in the
synchrony group.

[0072] More specifically, after the zone player 11(n)’s network interface 41 receives a message containing a packet
that, in turn, contains one or more frames 51(f), it will provide the packet to the network communications manager 40.
For each frame 51(f) in the packet that the network communications manager 40 receives from the network interface
41, the network communications manager 40 will add the time differential value AT to the frame’s time stamp, to generate
the updated time stamp for the frame 51(f), and store the frame 51(f), along with the header 55(f) with the updated time
stamp in the audio information buffer 31. Thus, for example, if a frame’s time stamp has a time value T, the network
communications manager 40 will generate an updated time stamp TYg having a time value TYg=T¢+AT. Since time value
TYE according to the slave device's digital to analog converter clock 34 is simultaneous to the time value Tg according
to the audio information channel device’s digital to analog converter clock 34, the zone player 11(n) device will play the
digital audio information frame at the time determined by the audio information channel device 23. Since all of the
members of the synchrony group 20 will perform the same operations, generating the updated time stamps TY for the
various frames 51(f) in relation to their respective differential time values, all of the zone players 11(n) in the synchrony
group 20 will play them synchronously. The network communications manager 40 will generate updated time stamps
TUE for all of the time stamps 60 in the packet, and then store the packet in the audio information buffer 31.

[0073] Itwillbe appreciated that, before storing a packet in the audio information buffer 21, the network communications
manager 40 can compare the updated time stamps TY; associated with the frames in the packet to the slave device’s
currenttime as indicated by its digital to analog converter clock 34. If the network communications manager 40 determines
the time indicated by the updated time stamps of frames 51(f) in the packet are earlier than the zone player’s current
time, it can discard the packet instead of storing it in the audio information buffer 21, since the zone player 11(n) will not
play them. That is, if the updated time stamp has a time value TY¢ that identifies a time that is earlier than the zone
player’s currenttime Tg as indicated by the zone player’s digital to analog converter clock 34, the network communications
manager 40 can discard the packet.

[0074] If the zone player 11(n) is operating as the master device 21 of a synchrony group 20, when the user, through
the user interface module 13, notifies the zone player 11(n) that another zone player 11(n’) is to join the synchrony group
20 as a slave device 22(g), the control module 42 of the zone player 11(n) enables the network communications manager
40 to engage in an exchange of messages, described above in connection with FIG. 2, to enable the other zone player
11(n’) to join the synchrony group 20 as a slave device. As noted above, during the message exchange, the messages
generated by the network communications manager 40 of the zone player 11(n) will provide the network communications
manager of the zone player 11(n’) that is to join the synchrony group 20 with information such as the multi-cast address
being used by the audio information channel device 23 that is providing the audio program to the synchrony group 20,
as well as a unicast network address for the audio information channel device 23. After receiving that information, the
network communications manager and network interface of the zone player 11(n’) that is to join the synchrony group
20 can begin receiving the multi-cast messages containing the audio program for the synchrony group, engage in SNTP
transactions with the audio information channel device 23 to obtain the latter’s current time, and also enable the audio
information channel device 23 to send the zone player 11(n’) frames 51(f) that it had previously broadcast using the
unicast message transmission methodology as described above.

[0075] On the other hand, if the network communications manager 40 and network interface 41 of the zone player
11(n) receive a message over the network 12 indicating that it is to become a slave device 22(g) of a synchrony group
for which another zone player 11(n’) is the master device, the network communications manager 40 for zone player

16

LINKPLAY EXHIBIT 1004
Page 1983 of 4822



10

15

20

25

30

35

40

45

50

55

EP 2713 281 A1

11(n) will provide a notification to the control module 42 of zone player 11(n). Thereafter, the control module 42 of zone
player 11(n) can enable the network communications manager 40 of zone player 11(n) to perform the operations described
above to enable it to join the synchrony group 20.

[0076] As noted above, the user, using userinterface module 13, can enable the synchrony group to terminate playback
of a track of an audio program that is currently being played. After playback of a track that is currently being played has
been terminated, playback will continue in a conventional manner with the next track that has been buffered in the audio
information buffer 31. It will be appreciated that that could be the next track that is on the original play list, or a previous
track. In addition, the user can enable the synchrony group 20 to cancel playback of a track that it has not yet begun to
play, but for which buffering of packets has begun in the synchrony group 20. Both of these operations make use of the
"resynchronize" command that the master device 21 of the synchrony group 20 can enable the audio information channel
device 23 to include in the multi-cast message stream that it transmits to the synchrony group 20. Generally, in response
to receipt of the resynchronize command, the members of the synchrony group 20 flush the ring buffer containing the
packets that they are to play in the future. In addition, if the members of the synchrony group provide separate buffers
for their respective digital to analog converters 33, the members will also flush those buffers as well. After the audio
information channel device transmits a packet containing the resynchronize command:

(i) in the case of the use of the resynchronize command to terminate playing of a track that is currently being played,
the audio information channel device 23 will begin multi-casting packets for the next track, to begin play immediately,
and will continue through the play list in the manner described above; and

(i) in the case of the use of the resynchronize command to cancel play of a track for which buffering has begun, but
which is to be played in the future, the audio information channel device 23 will begin multi-casting packets for the
track after the track that has been cancelled, to be played beginning at the time the cancelled track was to begin
play, and will also continue through the play list in the manner described above.

It will be appreciated that,

(a) in the first case (item (i) directly above), the resynchronize command can enable the read pointer to be set to
pointto the entry in the circular buffer into which the first packet for the next track will be written, which will correspond
to the entry to which the write pointer points, but

(b) in the second case (item (ii) directly above), the resynchronize command can enable the write pointer for the
circular buffer to be set to point to the entry that contains the first packet for the track whose play is being cancelled.

It will further be appreciated that, if a track is cancelled for which buffering has not begun, the resynchronize command
will generally not be necessary, since the audio information channel device 23 for the synchrony group 20 need only
delete that track from the play list.

[0077] Operations performed in connection with use of the resynchronize command to cancel playback of a track that
is currently being played will be described in connection with Packet Sequence A below, and operations performed in
connection with the use of the resynchronize command to cancel playback of a track that is has not yet begun to play,
but for which buffering of packets has begun, will be described in connection with Packet Sequence B below.

Packet Sequence A
[0078]

(A1.0) [packet 57]

(A1.1)  [continuation of frame 99]

(A1.2) [frame 100, time=0:00:01, type = mp3 audio]
(A1.3) [frame 101,time=0:00:02, type = mp3 audio]
(A1.4) [frame 102,time=0:00:03, type = mp3 audio]

(A2.0) [packet 58]

(A2.1)  [continuation of frame 102]

(A2.2) [frame 103,time=0:00:04, type = mp3 audio]
(A2.3) [frame 104,time=0:00:05, type = mp3 audio]
(A2.4) [frame 105, time=0:00:06, type = mp3 audio]
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(continued)

(A3.0) [packet 59]

(A3.1) [continuation of frame 105]

(A3.2) [frame 106,time=0:00:07, type = mp3 audio]
(A3.3) [frame 107,time=0:00:08, type = mp3 audio]
(A3.4) [frame 108, time=0:00:09, type = mp3 audio]
(A4.0) [packet 60]

(A4.1)  [continuation of frame 108]

(A4.2) [frame 109,time=0:00:10, type = mp3 audio]
(A4.3) [Resynchronize command]

(A4.4) [Padding, if necessary]

(A5.0) [packet 61]

(A5.1) [frame 1, time = 0:00:07, type = mp3 audio]
(A5.2) [frame 2, time = 0:00:08, type = mp3 audio]
(A5.3) [frame 3, time = 0:00:09, type = mp3 audio]
(A5.4) [frame 4, time = 0.00.10, type = mp3 audio]

(A6.0) [packet 62]

(A6.1) [continuation of frame 4]

(A6.2) [frame 5, time = 0:00:11, type = mp3 audio]
(A6.3) [frame 6, time = 0:00:12, type = mp3 audio]
(A6.4) [frame 7, time = 0:00:13, type = mp3 audio]

[0079] Packet Sequence A comprises a sequence of six packets, identified by packet 57 through packet 62, that the
audio information channel device 23 multi-casts in respective messages to the members of a synchrony group 20. It will
be appreciated that the series of messages that the audio information channel device 23 may multi-cast to the synchrony
group 20 may include a messages prior to the packet 57, and may also include messages after packet 62. Each packet
comprises a packet header, which is symbolized by lines (A1.0), (A2.0),...(A8.0) in Packet Sequence A, and will generally
also include information associated with at least a portion of a frame. In the packets represented in Packet Sequence
A, each packet includes information associated with a plurality of frames. Depending on the lengths of the packets, each
packet may contain information associated with a portion of a frame, an entire frame, or multiple frames. In the illustration
represented by Packet Sequence A, it is assumed that each packet may contain information associated with multiple
frames. In addition, it is assumed that a packet does not necessarily contain information associated with an integral
number of frames; in that case, a packet may contain information associated with a portion of a frame, and the next
packet will contain the information associated with the rest of a frame.

[0080] Theframes and associated header playback timing information contained in the various packets are symbolized
by lines (A1.1), (A1.2),..., (A1.4), (A2.1),.... (AB.4) of Packet Sequence A. Thus, for example, line (A1.2) of packet 57
represents the one-hundredth frame, that is, frame 51(100) (reference FI1G.4), of the track whose audio information is
being transmitted in the sequence of packets that includes packet 57. The frame 51 (100) is to be played at an illustrative
time, according to the audio information channel device’s digital to analog converter clock, of "time=0:00:01," and the
frame is encoded and/or compressed using the well-know MP3 encoding and compression methodology. In that case,
the legend "time = 0:00:01" represents the time stamp that would be included in field 60 (FIG. 4) of the header associated
with the frame 50(100) as multi-cast by the audio information channeldevice for the synchrony group. It will be appreciated
that the playback time and encoding/compression methodology will be referred in the header 55(100) that is associated
with the frame 51(100). It will also be appreciated that the header may also contain additional information as described
above.

[0081] Similarly, line (A1.3) of packet 57 represents the one-hundred and first frame, that is, frame 51(101), of the
track whose audio information is being transmitted in the sequence of packets that includes packet57. The frame 51(101)
is to be played at an illustrative time, according to the audio information channel device’s digital to analog converter
clock, of "0:00:02," and the frame is also encoded and/or compressed using the MP3 encoding and compression meth-
odology. Line (A1.4) of packet 57 represents similar information, although it will be appreciated that, depending on the
length of packet 57, the line may not represent the information for an entire frame 51(102) and/or its associated header.
If the length of packet 57 is not sufficient to accommodate the information for the entire frame 51(102) and/or associated
header, the information will continue in packet 58, as represented by line (A2.1) in Packet Sequence A. Similarly, if the
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length of packet 56 was not sufficient to cantain the information for an entire frame 51(99) preceding frame 51(100),
packet 57 (lines (A1.0) through 1.4) may contain any information from frame 51 (99) that packet 56 was unable to
accommodate.

[0082] As noted above, when the master device 21 or a slave device 22(g) in the synchrony group 20 receives the
packet 57, its respective network communications manager 40 will update the time stamps associated with the various
frames 51(f) as described above before buffering the respective frames in the respective audio information buffer 31.
[0083] Packets 58 and 59 contain information that is organized along the lines described above in connection with
packet 57.

[0084] Packet 60 also contains, as represented by lines (A4.1) and (A4.2), information that is organized along the
lines of the information represented by lines (Ax.1) and (Ax.2) ("X" equals an integer) described above in connection
with packets 57 through 59. On the other hand, packet 60 contains a resynchronize command, as represented by line
(A4.3). Packet 60 also may contain padding, as represented by line 4.4, following the resynchronize command. As noted
above, the master device 21 of a synchrony group 20 will enable the audio information channel device 23 that is providing
audio information to the synchrony group 20 to multi-cast a message containing the resynchronize command when it
receives notification from the user interface module 13 that the user wishes to cancel playback of a track that is currently
being played. In the example depicted in Packet Sequence A, as will be described below, the audio information channel
device 23 receives notification from the master device 21 that the user wishes to cancel playback of a track at a time
corresponding to "time = 0:00:07" according to its digital to analog converter clock 34, and, in line (A4.3) of packet 60 it
will provide the resynchronize command, followed by padding, if necessary.

[0085] As will be apparent from examining lines (A3.1) through (A3.4) of packet 59 and lines (A4.1) and (A4.2) of
packet 60, although the audio information channel device 23 has received the notification from the synchrony group’s
master device 21 to multi-cast the resynchronize command at a time corresponding to "time = 0:00:07" according to the
clock time indicated by its digital to analog converter clock 34, it (that is, the audio information channel device 23) has
already multi-cast messages containing frames that are to be played at that time and subsequently. That is, the audio
information channel device 23 has, multi-cast in packet 59, frames 51(106) through 51(108) that contain time stamps
"time = 0:00:07," "time = 0:00:08" and "time = 0:00:09," respectively, and, in packet 60, in addition to the continuation
of frame 51(108), frame 51(109) that contains time stamp "time = 0:00:10." (It will be appreciated that the times indicated
by the illustrative time stamps are for illustration purposes only, and that in an actual embodiment the time stamps may
have different values and differentials.)

[0086] As noted above, the audio information channel device 23 multi-casts a message containing a packet that, in
turn, contains the resynchronize command when it receives the notification from the master device 21 to do so. In the
example depicted in Packet Sequence A, the packet will be multi-cast when the audio information channel device’s
digital to analog converter clock time corresponds t0"0:00:07." Subsequently, two things happen. In one, aspect, when
the master device 21 and slave devices 22(g) receive the packet that contains the resynchronize command, they will
stop playing the audio program that they are playing.

[0087] In addition, the audio information channel device 23 will begin transmitting frames containing audio information
for the next track, including therewith time stamps immediately following the digital to analog converter clock time at
which the packet including the resynchronize command was transmitted. Accordingly, and with further reference to
Packet Sequence A, the audic information channel device 23 will multi-cast a message containing packet 61. As indicated
above, packet 61 contains, as represented in lines (A5.1) through (A5.3), frames 51(1) through 51(3), which are the first
three frames of the next track of the audio program that is to be played. It is also compressed and encoded using the
MP3 encoding and compression scheme, and it is accompanied by time stamps "time = 0:00:07," "time = 0:00:08" and
"time = 0:00:10." As noted above, the time stamp "time=0:00:07" corresponds to the clock time at which the audio
information channel device 23 multi-casts the resynchronize command, and, when the master device 21 and slave
devices 22(g) receive these frames, they would be expected to begin playing them very shortly, if notimmediately after
the audio information channel device 23 multi-casts the message containing the packet that, in turn, contains the resyn-
chronize command. Packet 61 also includes at least a portion of the next frame, that is, frame 51(4), for that track. In
addition, Packet Sequence A depicted above further includes a subsequent packet, namely, packet 62, that contains
any necessary continuation of frame 51 (4), as well as three subsequent frames. If any additional packets are required
for the track, as well as for subsequent tracks, they can be multi-cast in a similar manner.

[0088] As further noted above, the resynchronize command can also be used to cancel playing of one or more tracks
for which playback has begun. This will be illustrated in connection with Packet Sequence B :

Packet Sequence B

[0089]
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(B1.0) [packet 157]

(B1.1)  [continuation of frame 99]

(B1.2) [frame 100, time = 0:00:01, type = mp3 audio]
(B1.3) [frame 101, time = 0:00:02, type = mp3 audio]
(B1.4) [frame 102, time = 0:00:03, type = mp3 audio]

(B2.0) [packet 158]

(B2.1)  [continuation of frame 102]

(B2.2) [frame 103, time = 0:00:04, type = mp3 audio]
(B2.3) [frame 104, time = 0:00:05, type = mp3 audio]

(B2.4) [frame 105, time = 0:00:06, type = mp3 audio]

(B3.0) [packet 159]

(B3.1) [continuation of frame 105]

(B3.2) [frame 106, time = 0:00:07, type = mp3 audio]
(B3.3) [track boundary notification]

(B3.4) [Padding, if necessary]

(B4.0) [packet 160]

(B4.1) [frame 1, time = 0:00:08, type = mp3 audio]
(B4.2) [frame 2, time = 0:00:09, type = mp3 audio]
(B4.3) [frame 3, time = 0:00:10, type = mp3 audio]

(B5.0) [packet 161]

(B5.1) [continuation of frame 3]

(B5.2) [frame 4, time = 0:00:11, type = mp3 audio]
(B5.3) [Resynchronize, after packet 159]

(B5.4) [Padding, if necessary]

(B6.0) [packet 162]

(B6.1) [frame 1, time = 0:00:08, type = mp3 audio]
(B6.2) [frame 2, time = 0:00:09, type = mp3 audio]
(B6.3) [frame 3, time = 0:00:10, type = mp3 audio]

(B6.4) [frame 4, time = 0:00:11, type = mp3 audio]

(B7.0) [packet 163]

(B7.1) [continuation of frame 4]

(B7.2) [frame 5, time = 0:00:12, type = mp3 audio]
(B7.3) [frame 6, time = 0:00:13, type = mp3 audio]
(B7.4) [frame 7, time = 0:00:14, type = mp3 audio]

[0090] Packet Sequence B comprises a series of seven packets, identified by packet 157 through 163 , that the audio
information channel device 23 multi-casts to the members of a synchrony group 20. As with Packet Sequence A, it will
be appreciated that the series of packets that the audio information channel device 23 may multi-cast to the synchrony
group 20 may include packets prior to the packet 157, and may also include packets after packet 162. Each packet
comprises a packet header, which is symbolized by lines (B1.0), (B2.0),... (B7.0) in Packet Sequence B. As in Packet
Sequence A, each packet will alsc generally include information associated with at least a portion of a frame 51(f) along
with its associated frame 55(f). As in the packets represented in Packet Sequence A, each packet includes information
associated with a plurality of frames. Depending on the lengths of the packets, each packet may contain information
associated with a portion of a frame, an entire frame, or multiple frames. Further, as with Packet Sequence A, it is
assumed that each packet may contain information associated with multiple frames. In addition, it is assumed that a
packet does not necessarily contain information associated with an integral number of frames; in that case, a packet
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may contain information associated with a portion of a frame, and the next packet will contain the information associated
with the rest of a frame.

[0091] The structures of the packets represented by Packet Sequence B are similar to those described above in
connection with Packet Sequence A, and will not be repeated here. Generally, Packet Sequence B illustratively contains
a sequence of packets that represent at least portions of three tracks that may have been selected from, for example,
a play list. In particular, packets 157 through 159 represent frames from a portion of one track, packets 160 and 161
represent frames from a second track and packets 162 and 163 represent frames from a third track. The play list indicated
that the first, second and third tracks were to be played in that order. With particular reference to Packet Sequence B,
it should be noted that line (B3.3) indicates that packet 159 includes an indication that that packet contains the last frame
for the track, and line (B3.4) provides for padding to the end of the packet. The first frame of the next track begins in
packet 160.

[0092] In connection with the use of the resynchronize command to cancel playback of a track, at least a portion of
which the audio information channel device 23 has multi-cast to the members of the synchrony group, packet 161, in
line (B5.3) represents a resynchronize command that indicates that resynchronization is to occur after packet 159, that
is, immediately after the packet that contains the last frame of the first of the three tracks represented by the packets in
Packet Sequence B. It should be noted that the resynchronize command is in the packet 161, while the resynchronization
is to occur at packet 160, that is, the synchrony group is to not play the track starting with packet 160, but instead is to
begin playing the track frames for which begin with the next packet, that is, packet 162. As with Packet Sequence A, in
Packet Sequence B the audio information channel device 23, in packet 162 and 163, multi-casts frames whose time
stamps indicate that they are to be played when the frames that were multi-cast in packets 160 and 161 were to be
played. By use of the resynchronize command and specifying a packet in this manner, the audio information channel
device can cancel playback of a track for which playback has not yet begun.

[0093] It will be appreciated that the resynchronize command is generally not necessary for cancelling play back of a
track that the audio information channel device 23 has not started multi-casting to the synchrony group 20, since the
audio information channel device 23 itself can re-order the play list to accommodate the cancellation.

[0094] The invention provides a number of advantages. In particular, the invention provides a network audio system
in which a number of devices share information can reproduce audio information synchronously, notwithstanding the
fact that packets, which may contain digital audio information, transmitted over the network to the various zone players
connected thereto may have differing delays and the zone players operate with independent clocks. Moreover, although
the invention has been described in connection with audio information, it will be appreciated that the invention will find
utility in connection with any type of isochronous information for which synchrony among devices is desired. The system
is such that synchrony groups are created and destroyed dynamically, and in such a manner as to avoid requiring a
dedicated device as the master device.

[0095] It will be appreciated that a number of changes and maodifications may be made to the network audio system
10 as described above. For example, although the invention has been described as providing that the audio information
channel device 23 provides digital audio information to the members synchrony group 20 that has been encoded using
particular types of encoding and compression methodologies, it will be appreciated that the audio information channel
device 23 can provide digital audio information to various members of the synchrony group 20 that have been encoded
and compressed using different types of encoding and compression methodologies, and, moreover, for which different
sampling rates have been used. For example, the audio information channel device 23 may provide digital audio infor-
mation to the master device 21 and slave devices 22(1) through 22(g,) using the MP3 methodology at a specified
sampling rate, the digital audio information for the same program to slave devices 22(g4+1) through 22(g,) using the
WAV methodology at one specified sampling rate, and to slave devices 22(g,+1) through 22(G) using the WAV meth-
odology at another specified sampling rate. In that case, the audio information channel device 23 can specify the particular
encoding and compression methodology that has been used in the encoding type field 57 associated with each frame
and the sampling rate in the sampling rate field 58. Moreover, since the encoding and compression type and sampling
rate are specified for each frame, the encoding and compression type and sampling rate can be changed from frame to
frame. The audio information channel device 23 may use different multi-cast addresses for the different encoding and
compression types and sampling rates, but it will be appreciated that that would not be required.

[0096] It will be appreciated that two advantages of providing that the encoding and compression methodology and
the sampling rate is provided on a frame-by-frame basis, instead of on, for example, a track-by-track basis, is that that
would facilitate a slave device joining the synchrony group 20 at a frame mid-track, without requiring, for example, the
master device 21 or the audio information channel device 23 to notify it of the encoding and compression methodology
or the sampling rate.

[0097] Another modification is that, instead of the network communications manager 40 of a member of a synchrony
group 20 generating the updated time stamp TY: for a digital audio information frame by adding the time differential
value AT to the time stamp T associated with a frame, the network communications manager 40 may instead generate
the updated time stamp TYg by subtracting the differential time value AT from the member’s current time Tg as indicated
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by the member’s digital to analog converter clock 34 at the time at which the digital audio information is received. It will
be appreciated, however, that there may be variable time delays in processing of messages by the slave device’s network
communications manager 40, and so it may be preferable to generate the time differential value AT using the time stamp
Tr provided by the audio information channel device 23.

[0098] In addition, instead of the network communications manager 40 of a member of a synchrony group generating
an updated time stamp to reflect the difference between the times indicated by the member’s digital to analog converter
clock and the audio information channel device’s digital to analog converter clock, the network communications manager
40 can generate the time differential value AT and provide it to the member’s playback scheduler 32. In that case, the
member’s network communications manager 40 can store each digital audio information frame along with the time stamp
Tk as received from the master device in the audio information buffer 21. The playback scheduler 32 can utilize the time
differential value AT, and the time stamps T associated with the digital audio information frames, to determine when
the respective digital audio information frames are to be played. In determining when a digital audio information frame
is to be played, the playback scheduler can add the time differential value to the time stamp T associated with the digital
audio frame, and enable the digital audio frame to be coupled to the digital to analog converter 33 when the time indicated
by the sum corresponds to the current time as indicated by the slave device’s digital to analog converter clock 34.
Alternatively, when the member’s digital to analog converter clock 34 updates its current time Tg, the playback scheduler
can generate an updated current time T'g by subtracting the differential time value AT from the current time Tg, and
using the updated current time T'g to determine when to play a digital audio information frame.

[0099] As described above, the members of a synchrony group 20 periodically obtain the audio information channel
device’s current time value and uses the current time value that it receives from the audio information channel device
to periodically update the time differential value AT that it uses in updating the time stamps associated with the various
frames. It will be appreciated that, if the digital to analog converter clock(s) associated with the member(s) of a synchrony
group 20 are ensured to have the same rate as the digital to analog converter clock, a member need only obtain the
current time value from the audio information channel device once, at the beginning of playback.

[0100] As another alternative, if the zone players are provided with digital to analog converter clock 34 whose time
and rate can be set by an element such as the network communications manager 40, when a zone player 11(n) is
operating as a member of a synchrony group 20, its network communications manager 40 can use the various types of
timing information that it receives from the audio information channel device 23, including the current time information
and the playback timing information indicated by the time stamps that are associated with the various frames 51(f)
comprising the audio and playback timing information that it receives, to adjust the synchrony group member’s digital
to analog converter clock’s time value and/or the clock rate that it uses for playback.

[0101] If the clock’s time value is to be adjusted, when the synchrony group member’'s network communications
manager 40 initially receives the current time information from the audio information channel device 23 for the synchrony
group 20, the network communications manager 40 can set the synchrony group member’s digital to analog converter
clock 34 to the current time value as indicated by the audio information channel device’s current time information. The
network communications manager 40 can set the clock 34 to the current time value indicated by the audio information
channel device’s current time information once, or periodically as it receives the current time information.

[0102] Alternatively or in addition, the synchrony group member’s network communications manager 40 can use cne
or both of the current time information and/or the playback timing information in the time stamps associated with the
respective frames 51(f) to adjust the clock rate of the clock 34 that it uses for playback. For example, when the synchrony
group member’s network communications manager 40 receives aframe 51(fy) having atime stamp having atime value T,
it can generate the updated time value TV, = Ty, + AT as described above, and store the frame

with the time stamp with the updated time value in the audio information buffer 30. In addition, since both the number
of samples in a frame and the sampling rate, which determines the rate at which the frame is to be played, are known
to the network communications manager 40, it can use that information, along with the updated time value TV, that is
to be used for frame 51(fk) to generate an expected updated time value TE,,, that is expected for the updated time
stamp of the next frame 51(f,, ). After the synchrony group member’s network communications manager 40 receives
the next frame 51(f,,4) it can generate the updated time value TUy..;, and compare that value to the expected updated
time value T, . If the two time values do not correspond, or if

the difference between them is above a selected threshold level, the clock that is used by the audio information channel
device 23 to generate the time stamps is advancing at a different rate than the synchrony group member’s digital to
analog converter clock 34, and so the network communications manager 40 can adjust the rate of the digital to analog
converter clock 34 to approach that of the clock used by the audio information channel device 23 so that the differential
time value AT is constant. On the other hand, if the two time values do correspond, then the time differential value AT
is constant, or the difference is below a threshold level, and the network communications manager 40 need not change
the clock rate of the digital to analog converter clock 34. It will be appreciated that, if the clock rate is to be adjusted, the
rate adjustment can be fixed, or it can vary based on, for example, the difference between the updated time value TV, 4,
and the expected
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updated time value TEg, ;.

[0103] It will also be appreciated that, if no rate adjustment is performed for one frame 51 (fx.4), the synchrony group
member’s network communications manager 40 can generate an expected updated time value T, that is expected
for the updated time stamp of the next frame 51(fy,,) using the updated time value TUr, determined for frame 51(fy),
along with the number of samples in a frame and the sampling rate, and compare the expected updated time value
TE; 4o to the updated time value TYj, , that it generates when it receives frame 51(fy,,). At that point, if the network
communications manager 41 determines that two time values do not correspond, or if the difference between them is
above a selected threshold level, it can adjust the rate of the digital to analog converter clock 34. Similar operations can
be performed if norate adjustment is performed for several successive frames 51(fx), 51(fx+5), ... Thiswillaccommodate
the possibility that the rate differential between the clock 34 and the clock used by the audio information channel device
23 in generating the time stamps have rates that differ by an amount sufficiently small that it cannot be detected using
time stamps of two or more successive frames.

[0104] Instead or in addition to adjusting the clock rate as described above, the synchrony group member’s network
communications manager 40 can perform similar operations in connection with adjusting the clock rate in connection
with the current time information that it receives from the audio information channel device 23.

[0105] Furthermore, although the network audio system 10 has been described such that the master device 21 of a
synchrony group 20 can, in response to control information provided thereto by a user through the user interface module
13, provide a notification to a zone player 11(n) that it is to become a member of its synchrony group 20 as a slave
device 22(g), it will be appreciated that the user interface module 13 can provide the natification directly to the zone
player 11(n) that is to become a member of the synchrony group 20. In that case, the zone player 11(n) can notify the
master device 21 that it is to become a slave device 22(g) in the synchrony group 20, after which the master device 21
can provide information regarding the synchrony group 20, including the multi-cast and unicast addresses of the audio
information channel device and other information as described above.

[0106] Similarly, although the network audio system 10 has been described such that the master device 21 of a
synchrony group 20 can, in response to control information provided thereto by a user through the user interface module
13, provide a command to a slave device 22(g) to enable the slave device 22(g) to adjust its volume, it will be appreciated
that the user interface module 13 can provide control information directly to the slave device 22(g) to enable the slave
device 22(g) to adjust its volume.

[0107] Inaddition, although the network audio system 10 has been described such that each frames 51(f) is associated
with a frame sequence number (reference field 56, FIG. 4), it will be appreciated that, if the packets described above in
connection with Packet Sequence A and Packet Sequence B are provided with packet sequence numbers, the frame
sequence numbers need not be provided, since the packet sequence numbers can suffice for defining the frame se-
quencing.

[0108] Furthermore, although the network audio system 10 has been described such that the zone players 11(n) are
provided with an audio amplifier 35 for amplifying the analog signal provided by the respective digital to analog converters
33, it will be appreciated that a zone player may be provided that does not itself include an audio amplifier. In that case,
the analog signal may be coupled to an external amplifier for amplification as necessary before being provided to the
audio reproduction device(s) 15(n)(r). It will be appreciated that a single zone player 11(n) may be provided with multiple
audio amplifiers and audio reproduction device interfaces, and, if necessary, multiple digital to analog converters 33, to
provide audio programs for corresponding numbers of synchrony groups.

[0109] Similarly, although the zone players 11(n) have been described such that they may be connected to one or
more audio information sources, it will be appreciated that an audio information source may form part of and be integrated
into a zone player 11(n). For example, a zone player may include a compact disk player, cassette tape player, broadcast
radio receiver, or the like, that has been integrated into it. In addition, as noted above, an individual zone player 11(n)
may be connected to multiple audio information sources and may contemporaneously operate as the audio information
channel device 23 for multiple synchrony groups.

[0110] In addition, although FIG. 1 shows the network audio system 10 as including one user interface module 13, it
will be appreciated that the system 10 may include a plurality of user interface modules. Each user interface module be
useful for controlling all of the zone players as described above, or alternatively one or more of the user interface modules
may be useful for controlling selected subsets of the zone players.

[0111] Moreover, it will be appreciated that, although the invention has been described in connection with audio
information, it will be appreciated that the invention will find utility in connection with any type of information for which
synchrony among devices connected to a network is desired.

[0112] As noted above, while a zone player 11(n) is operating as audio information channel device 23 for a synchrony
group 20, when the zone player 11(n)’s audio information source interface 30 or network communications manager 40
stores digital audio information frames based on audio information from an audio information source 14(n)(s) in the audio
information buffer 31, it will provide time stamps for the respective frames to schedule them for playback after some
time delay after they have been buffered in the audio information buffer 31. The delay is provided so that, for other zone
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players 11(n’), 11(n"),... that are operating as members of a synchrony group, there will be sufficient time for the audio
and playback timing information to be transferred over the network 12 to those other zone players 11(n’), 11(n"),... so
that it can be processed and played by them at the appropriate time as described above. The time period that is selected
for the time delay may be fixed or variable, and in either case may be based on a number of factors. If the time period
selected for the time delay is fixed, it may be based on, for example, factors such as an estimate of the maximum latency
in the network 12, the estimated maximum loading of the various components comprising the zone players 11(n), and
other estimates as will be appreciated by those skilled in the art.

[0113] The time delay may be the same for audio information from all types of audio information sources, and may
be constant over the entire period that the synchrony group 20 is playing an audio work. Alternatively, different time
delays may be utilized based on various criteria. For example, if the audio information is to be played independently of
information associated with other types of media, the time delay may be selected to be relatively long, on the order of
a significant fraction of a second, or longer. On the other hand, if the audio information is to be played contemporaneously
with, for example, video information, which may be supplied by, for example, a video disk, video tape cassette, over
cable, satellite, or broadcast television, which may not be buffered or which may be displayed independently of the
network audio system 10, it may be undesirable to provide for such a lengthy delay, since the time delay of the audio
playback, in relation to the video display, may be noticeable. In that case, the zone player 11(n) may provide for a much
shorter time delay. In one embodiment, the time delay provided for audio information to be played concurrently with
video information is selected to be generally on the order of fifty milliseconds, which would barely, if at all, be perceptible
to someone viewing the video. Other desirable time delays for information from other types of sources will be apparent
to those skilled in the art.

[0114] As yet a further possibility, the zone player 11(n), when operating as an audio information channel device 23
for a synchrony group 20, can dynamically determine the time delay based on a number of conditions in the network
audio system 10, including, for example, the message transfer latency in network 12, the loading of microprocessors or
other components that are used in the various zone players 11(n’), 11(n"),... that may comprise a synchrony group 20,
as well as other factors. For example, if the audio information channel device 23 determines that the latency in the
network 12 has increased beyond a selected threshold, the audio information channel device 23 can adjust the delay
to increase the likelihood that the members of the synchrony group 20 will be able to receive the packets and process
the frames so that they will be able to play them at the appropriate times. Similarly, if the audio information channel
device 23 is notified that a member of the synchrony group 20 to which it provides audio information requires additional
time to receive and process the frames that it transmits, the audio information channel device 23 can adjust the delay
accordingly. It will be appreciated that, to reduce or minimize possible discontinuities in the audio playback by the
members of the synchrony group, the audio information channel device 23 can, instead of adjusting the time delay during
a particular audio track, adjust the time delay between tracks, during silent periods of a track or otherwise as will be
appreciated by those skilled in the art. In addition, the audio information channel device 23 can use conventional audio
compression methodologies to facilitate a speeding up and/or slowing down of playback of an audio track while it is in
the process of providing additional time delay. Generally, the members of the synchrony group 20 can provide notifications
to the audio information channel device 23 if they determine that they will need an additional time delay, and the audio
information channel device 23 can adjust the time delay in accordance with the notifications from the members of the
synchrony group 20.

[0115] It will be appreciated that a system in accordance with the invention can be constructed in whole or in part from
special purpose hardware or a general purpose computer system, or any combination thereof, any portion of which may
be controlled by a suitable program. Any program may in whole or in part comprise part of or be stored on the system
in a conventional manner, or it may in whole or in part be provided in to the system over a network or other mechanism
for transferring information in a conventional manner. In addition, it will be appreciated that the system may be operated
and/or otherwise controlled by means of information provided by an operator using operator input elements (not shown)
which may be connected directly to the system or which may transfer the information to the system over a network or
other mechanism for transferring information in a conventional manner.

[0116] The foregoing description has been limited to a specific embodiment of this invention. It will be apparent,
however, that various variations and modifications may be made to the invention, with the attainment of some or all of
the advantages of the invention. It is the object of the appended claims to cover these and such other variations and
modifications as come within the true spirit and scope of the invention.

[0117] The following numbered clauses set out further exemplary embodiments of the present invention.

1. A system comprising plurality of devices, one of the devices operating as a task source device and at least one
other device operating as a member of a synchrony group, A. the task source device being configured to distribute
a series of tasks to the synchrony group, each task being associated with a time stamp indicating a time, relative
to a clock maintained by the task source device, at which the devices comprising the synchrony group are to execute
the respective task; B each member device being configured to: (i) periodically obtain from the task source device
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an indication of a current time value indicated by the task source device’s clock, and (ii) determine, from the time
stamp associated with each respective task and a time differential value representing a difference between the
current time value indicated by the task source device’s clock, and a current time value indicated by its respective
clock, a time, relative to its respective clock, at which it is to execute the task.

2. A system as defined in clause 1 in which the synchrony group comprises a plurality of member devices.

3. A system as defined in clause 2 in which each device comprising a, member of the synchrony group is further
configured to execute each task that it receives from the task source device at the determined time, thereby to
facilitate execution by them of respective tasks in the series in respective timing relationships relative to the time
indicated by the task source device’s clock.

4. A system as defined in clause 3 in which the member devices are configured to execute respective tasks in
synchrony.

5. A system as defined in clause 2 in which one of the member devices operates as a master device for the synchrony
group, any other member devices comprising respective slave devices, the master device being configured to
perform at least one type of synchrony group management operation in connection with the member devices com-
prising the synchrony group.

6. A system as defined in clause 5 further including a user interface module configured to control the master device’s
performance of said at least one type of synchrony group management operation, the master device being further
configured to provide status information relating to the status of the synchrony group to the user interface module.
7. A system as defined in clause 6 in which the status information includes identifications of the devices comprising
the synchrony group.

8. A system as defined in clause 6 in which the status information includes an identification of the task currently
being executed.

9. A system as defined in clause 5, the system comprising at least one additional device, in which, in one type of
synchrony group management operation, the master device is configured to enable the at least one additional device
to join the synchrony group as a slave device.

10. A system as defined in clause 9 in which the task source device is configured to distribute tasks to the member
devices using a selected multi-cast transmission methodology, the member devices being configured to buffer the
tasks until they are to be executed, and further in which, when the at least one additional device joins the synchrony
group as a slave device, the task source device is enabled to transmit at least one previously distributed task to the
slave device using a selected unicast transmission methodology.

11. A system as defined in clause 5 in which, in at least one type of synchrony group management operation, the
master device is configured to enable the task source device to join the synchrony group as a slave device, the task
source device continuing to operate as the task source device for the synchrony group.

12. A system as defined in clause 5 in which, in at least one type of synchrony group management operation, the
master device is configured to enable a slave device to disengage from the synchrony group, the disengaged slave
device thereafter not being a member device in the synchrony group.

13. A system as defined in clause 5 in which, in at least one type of synchrony group management operation, the
master device is configured to control the series of tasks to be distributed by the task source device.

14. A system as defined in clause 5 in which, in at least one type of synchrony group management operation, the
master device is further configured to control execution by the member devices of the tasks that have been distributed
by the task source device.

15. A system as defined in clause 14 in which the series of tasks includes a series of task sequences with each task
sequence including a sub-set of the series of tasks, and further in which in at least one type of synchrony group
management operation, the master device is configured to enable the member devices to terminate execution of a
task sequence that is currently being executed.

16. A system as defined in clause 15 in which, in the synchrony group management operation enabling the member
devices to terminate execution of a task sequence that is currently being executed, the master device enables the
task source device to distribute a command to enable the member devices to terminate execution of the task
sequence, the member devices being configured to, after receiving the command, terminate execution of the task
sequence.

17. A system as defined in clause 14 in which the series of tasks includes a series of task sequences with each task
sequence including a sub-set of the series of tasks, and further in which at least one type of synchrony group
management operation, the master device is configured to enable the member devices to cancel execution of a
task sequence that has been previously distributed, but for which execution has not begun.

18. A system as defined in clause 17 in which, in the synchrony group management operation enabling the member
devices to cancel execution of a task sequence that has been previously distributed but for which execution has not
begun, the master device enables the task source device to distribute a command to enable the member devices
to cancel execution of the task sequence, the member devices being configured to, after receiving the command,
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