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(57) ABSTRACT 

An integrated circuit for digital signal routing. Signal routing 
is achieved by means of a multiply-accumulate block, which 
takes data from one or more data source and, after any 
required scaling, generates output data for a data destination. 
The multiply-accumulate block operates on a time division 
multiplexed basis, so that multiple signal paths can be pro 
cessed within one period of the sample clock. Each signal 
path has a respective sample clock rate, and paths with dif 
ferent sample clock rates can be routed through the multiply 
accumulate block on a time division multiplexed basis inde 
pendently of each other. Thus, speech signals at 8 kHz or 16 
kHz can be processed concurrently with audio data at 44 kHz 
or 48 kHz. 
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DIGITAL SIGNAL ROUTING CIRCUIT 

0001. This application claims the benefit of U.S. Provi 
sional Application No. 61/491,041, filed May 27, 2011, the 
entire disclosure of which is incorporated by reference herein. 

BACKGROUND OF THE INVENTION 

0002 1. Field of the Invention 
0003. This invention relates to a signal routing circuit, and 
in particular to a signal routing circuit that can be used as a 
digital audio hub, for interconnecting various signal sources 
and signal destinations in consumer devices, of which Smart 
phones are just one example. 
0004 2. Description of the Related Art 
0005. It is known to provide an integrated circuit that acts 
as an “audio hub, which is able to receive a number of signals 
from analog and digital sources, converting the analog signals 
to digital signals and then combining or processing the sig 
nals in the digital domain, in order to generate output signals. 
If required, the output signals can be converted by the audio 
hub into analog signals, in order to be applied to analog 
transducers such as headphones or speakers. Such a digital 
audio hub device can be incorporated into a consumer device, 
Such as a Smartphone or the like, allowing the received signals 
to be processed in predetermined ways. 
0006. It is desirable to allow the customer of the “audio 
hub’ integrated circuit to use it to interconnect a number of 
different signal processing components within a consumer 
device in a flexible manner, without being restricted to spe 
cific external devices or to specific processing paths. 
0007. The invention is defined by the claims appended 
hereto. 

BRIEF DESCRIPTION OF THE DRAWINGS 

0008 For a better understanding of the present invention, 
and to show how it may be out into effect, reference will now 
be made, by way of example, to the accompanying drawings, 
in which:— 
0009 FIG. 1 shows a mobile telephone and various 
peripheral devices; 
0010 FIG. 2a shows components of the audio processing 
circuitry in the mobile telephone of FIG. 1; 
0011 FIG.2b shows components of the audio processing 
circuitry in an alternative mobile telephone: 
0012 FIG. 3 is a first more detailed block diagram, show 
ing the form of the audio hub routing circuitry in the audio 
processing circuitry of FIG. 2a or 2b, 
0013 FIG. 4 is a still more detailed block diagram, show 
ing the form of the pre-conditioning circuitry in the routing 
circuitry of FIG. 3; 
0014 FIG. 5 is a further still more detailed block diagram, 
showing the form of the Switching circuitry in the routing 
circuitry of FIG. 3; 
0015 FIG. 6 is a further still more detailed block diagram, 
showing an alternative form of the Switching circuitry in the 
routing circuitry of FIG. 3; 
0016 FIG. 7 is a further still more detailed block diagram, 
showing the form of the down-sampling circuitry in the rout 
ing circuitry of FIG. 3; 
0017 FIG. 8 is a further still more detailed block diagram, 
showing the form of the up-sampling circuitry in the routing 
circuitry of FIG. 3; 

Nov. 29, 2012 

0018 FIG. 9 is a further still more detailed block diagram, 
showing the form of the post-conditioning circuitry in the 
routing circuitry of FIG. 3; 
0019 FIG. 10 is a further still more detailed block dia 
gram, showing the form of the digital mixing core in the 
routing circuitry of FIG. 3; 
0020 FIG. 11 shows in more detail a part of a functional 
block in the digital mixing core of FIG. 10; 
0021 FIG. 12 shows in more detail a part of another func 
tional block in the digital mixing core of FIG. 10; 
0022 FIG. 13 shows in more detail a part of a further 
functional block in the digital mixing core of FIG. 10; 
0023 FIG. 14 is a further block diagram, showing the 
digital mixing core of FIG. 10, and showing more detail of the 
functional blocks; 
0024 FIG. 15 is a block diagram, illustrating a different 
aspect of the digital mixing core in one embodiment; 
0025 FIG. 16 is a block diagram, illustrating the different 
aspect of the digital mixing core in another embodiment; 
0026 FIG. 17 is a block diagram, illustrating the different 
aspect of the digital mixing core in a further embodiment; 
0027 FIG. 18 is a block diagram, illustrating the different 
aspect of the digital mixing core in a still further embodiment; 
0028 FIG. 19 is a block diagram, illustrating the different 
aspect of the digital mixing core in a still further embodiment; 
0029 FIG. 20 is a block diagram, illustrating a part of the 
digital mixing core in one embodiment; 
0030 FIG. 21 is a block diagram, illustrating a part of the 
digital mixing core in another embodiment; 
0031 FIG. 22 is a block diagram, illustrating a form of a 
multiply-accumulate block in the digital mixing core; 
0032 FIG. 23 is a block diagram, illustrating in more 
detail an alternative form of the multiply-accumulate block in 
the digital mixing core; 
0033 FIG. 24 is a flow chart, illustrating a process per 
formed in the mixer, 
0034 FIG.25 is a further illustration of the process shown 
in FIG. 24; 
0035 FIG. 26 is a first timing diagram, illustrating the 
process of FIG. 24; 
0036 FIG. 27 is a second timing diagram, illustrating 
more detail of the process of FIG. 26: 
0037 FIG. 28 is a third timing diagram, illustrating a 
further alternative process; 
0038 FIG.29 is a fourth timing diagram, illustrating a still 
further alternative process; 
0039 FIG. 30 is a flow chart, illustrating a method of 
defining the operation of the Switching circuitry; and 
0040 FIG. 31 is a representation of a computer screen 
shot, illustrating a stage in the method of FIG.30; 
0041 FIG. 32 is a block diagram, showing the routings in 
a use case defined by the process of FIG. 30: 
0042 FIG.33 is a register map, illustrating an initial state 
of the register bank in the process of FIG.30; 
0043 FIG. 34 is a block diagram, providing an alternative 
illustration of the routings in the use case of FIG. 32 on the 
digital mixing core of FIG. 14; 
0044 FIG. 35 is a register map, illustrating a state of the 
register bank at a further point in the process of FIG. 30: 
0045 FIG. 36 is a representation of the digital mixing 
core, showing the functional blocks involved in the use case 
shown in FIG. 32: 
0046 FIG. 37a shows a routing in a further use case; 
0047 FIG. 37b shows a routing in a still further use case: 
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0048 FIG.38 is a timing diagram, illustrating a first series 
of calculations in a process carried out in the mixer, 
0049 FIG. 39 is a timing diagram, illustrating a second 
series of calculations in a process carried out in the mixer, 
0050 FIG. 40 is a timing diagram, illustrating a third 
series of calculations in a process carried out in the mixer, 
0051 FIG. 41 is a timing diagram, illustrating a fourth 
series of calculations in a process carried out in the mixer, 
0052 FIG.42 is a timing diagram, illustrating a fifth series 
of calculations in a process carried out in the mixer, 
0053 FIG. 43 is a block diagram, illustrating a clock gen 
erator in the Switching circuit; 
0054 FIG. 44 is a block diagram, illustrating a further 
aspect of the clock generator, 
0055 FIG. 44a is a block diagram, illustrating an alterna 

tive form of the clock generator; 
0056 FIG. 44b is a block diagram, illustrating a further 
alternative form of the clock generator, 
0057 FIG. 44c is a block diagram, illustrating a further 
aspect of the alternative forms of the clock generator, 
0058 FIG. 45 is a block diagram, illustrating a mixer 
according to one embodiment; 
0059 FIG. 46 is a flow chart, illustrating a first method 
performed in the mixer of FIG. 45: 
0060 FIG. 47 is a flow chart, illustrating a second method 
performed in the mixer of FIG. 45: 
0061 FIG. 48 is a flow chart, illustrating a third method 
performed in the mixer of FIG. 45: 
0062 FIG. 49 is a block diagram, illustrating in more 
detail the enable and clock control block of the mixer of FIG. 
45; 
0063 FIG. 50 is a flow chart, illustrating a method per 
formed in the enable and clock control block of FIG. 49; 
0064 FIG. 51 is a flow chart, illustrating a further method 
performed in the enable and clock control block of FIG. 49; 
0065 FIG. 52a is a block diagram, illustrating in more 
detail the channel scheduler in the mixer of FIG. 45: 
0066 FIG. 52b is a flow chart, illustrating a method per 
formed in the channel scheduler of FIG. 52a. 
0067 FIG. 53 is a flow chart, illustrating a further method 
performed in the channel scheduler of FIG. 52a. 
0068 FIG. 54 is a block diagram, illustrating in more 
detail the calculation block of the mixer of FIG. 45: 
0069 FIG. 55 is a flow chart, illustrating a part of the 
method performed in the channel scheduler block of FIG.52a 
and calculation block of FIG. 54; 
0070 FIG. 56 is a schematic diagram, illustrating a part of 
an electronic device according to an aspect of the invention; 
0071 FIG. 57 is a schematic diagram, illustrating a part of 
a second electronic device according to an aspect of the 
invention; 
0072 FIG.58 is a schematic diagram, illustrating a part of 
a third electronic device according to an aspect of the inven 
tion; 
0073 FIG. 59 is a schematic diagram, illustrating a part of 
a fourth electronic device according to an aspect of the inven 
tion; 
0074 FIG. 60 is a schematic diagram, illustrating a part of 
a fifth electronic device according to an aspect of the inven 
tion; and 
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0075 FIG. 61 is a schematic diagram, illustrating a part of 
a sixth electronic device according to an aspect of the inven 
tion. 

DETAILED DESCRIPTION OF THE INVENTION 

0076 FIG. 1 shows a consumer device according to an 
aspect of the invention, in this example a mobile telephone 1, 
more specifically in the form of a Smartphone. In this 
example, the mobile telephone 1 has a screen 3 and a keypad 
5, although of course the invention is equally applicable to 
devices with touchscreens or other user interfaces. The 
mobile telephone 1 also has an inbuilt speaker 7 and an inbuilt 
main microphone 9, which are both analog transducers. The 
mobile telephone 1 also has a plurality of, in this particular 
example four, microphones 11 (which may be analog or digi 
tal microphones), allowing multiple ambient noise signals to 
be received, for example for use in a noise cancellation sys 
tem. 

(0077. As shown in FIG. 1, the mobile telephone 1 can have 
a jack Socket (not illustrated) or similar connection means, 
Such as a USB socket or a multi-pin connector Socket, allow 
ing a headset, comprising a pair of stereo earpieces 13 and 
possibly a microphone 15, to be connected to it by wire. 
Alternatively, the mobile telephone 1 can be connected wire 
lessly, for example using the Bluetooth (trade mark) commu 
nications protocol, to a wireless headset 17, having earpieces 
19 and possibly a microphone 21. Although not illustrated, 
the earpieces 13, 19 may comprise one or more ambient noise 
microphones (which may be analog or digital microphones), 
allowing one or more ambient noise signals to be received, for 
example for use in a noise cancellation system. 
0078. Alternatively, or additionally, the mobile telephone 
1 can have a socket or similar connection means allowing it to 
be connected to an external audio system 23 for music play 
back for example, the system comprising one or more speak 
ers 25. The external audio system 23 might for example be a 
tabletop stereo Sound system or an in-car audio system. Cir 
cuitry 27 of the external audio system 23 can include a radio 
receiver or other audio source, which may provide an audio 
input to the mobile telephone 1, so that the radio or other 
audio can be played back through the speaker 7 or through the 
earpieces 13, 19 of a selected one of the headsets. Alterna 
tively, music stored on the phone can be played back through 
the speakers 25 of the external audio system 23. 
0079. It canthus be seen that there are many possible audio 
signals that can be output. For example, if the mobile tele 
phone 1 has a connector allowing it to be fitted into a docking 
station in a motor vehicle and is equipped with a satellite 
navigation system, the mobile telephone 1 might need to be 
able simultaneously to: (a) handle a mobile telephone con 
versation via either the wired or the wireless handset; (b) 
provide stereo music from its memory to the external audio 
system 23; and (c) provide tones for confirmation of button 
presses and provide navigation instructions via the inbuilt 
speaker. Consequently, Switching circuitry in the mobile tele 
phone 1 must, according to the above example, be able to 
handle at least these three separate output audio data signals, 
as well as the input audio data signal of the mobile telephone 
conversation. 
0080 FIG. 2a shows components of the audio handling 
system in the mobile telephone 1. Communication with the 
cellular telephone network 29 is handled by a baseband pro 
cessor (sometimes referred to as a communications proces 
sor) 31. An applications processor 33 handles, amongst other 
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processes, processes in which audio data is reproduced from 
or stored into a memory 35 (which may be solid-state or on a 
disk, and which may be built-in or attachable, for example, 
either permanently in the mobile telephone or on a removable 
memory device) and other processes in which audio data is 
generated internally within the telephone 1. For example, the 
applications processor 33 may handle the reproduction of 
stereo music stored digitally in the memory 35, may handle 
recording of telephone conversations and other audio data 
into the memory 35, and will also handle the generation of 
satellite navigation commands and the generation of tones to 
confirm the pressing of any button on the keypad 5. A wireless 
transceiver (or wireless codec) 37 handles communications 
using the Bluetooth (trade mark) protocol or another short 
range communications protocol, for example with the wire 
less headset 17. 

0081. The baseband processor 31, the applications proces 
sor 33, and the wireless transceiver 37 all send audio data to, 
and receive audio data from, Switching circuitry in the form of 
an audio hub 39. The audio hub 39 takes the form of an 
integrated circuit in this described embodiment. In the 
embodiment described above, the audio signals between the 
audio hub 39 and the baseband processor 31, the applications 
processor 33, and the wireless transceiver 37 are all digital, 
and some of them may be in Stereo, comprising a left data 
stream and a right data stream. Additionally, at least in the 
case of communication with the applications processor 33. 
further data streams may be multiplexed into the audio sig 
nals, for example to enable the applications processor 33 to 
provide stereo music and also other audio signals such as key 
press confirmation tones simultaneously. 
0082. The audio hub 39 communicates with the baseband 
processor 31, the applications processor 33, and the wireless 
transceiver 37 over respective audio data links, i.e. buses, 38b. 
38a, 38c, and the audio hub 39 has respective digital inter 
faces 40b, 40a, 40c for these data links. 
0083. The audio hub 39 also provides audio signals to, and 
receives audio signals from, the built-in analog audio trans 
ducers of the mobile telephone 1. As shown in FIG. 2, the 
audio hub 39 provides output audio signals to the speaker 7, 
and receives input audio signals from the microphones 9, 11. 
0084. The audio hub 39 can also be connected to other 
output transducers 43, which may be analog or digital trans 
ducers, and which may be built in to the mobile telephone 1 
(for example in the case of a haptic output transducer) or in 
devices external to the mobile telephone 1 (for example the 
earpieces 13 of the wired headset shown in FIG. 1). The audio 
hub 39 can also be connected to other input transducers 45. 
which again may be analog or digital transducers, and which 
again may be built in to the mobile telephone 1 (for example 
an ultrasound microphone) or in devices external to the 
mobile telephone 1 (for example the microphone 15 of the 
wired headset). 
I0085. The audio hub 39 may also be required to receive 
signals from other sources such as an FM radio receiver 41, 
which may be in the external audio system 23, or may be 
provided on a separate IC in the mobile telephone 1, and 
which may generate either analog or digital signals. 
I0086. It is to be appreciated that FIG. 2 shows just one 
possible use of the audio hub 39, whereas audio hub inte 
grated circuits in accordance with the invention are usable in 
an extremely wide range of electronic devices, including 
industrial, professional or consumer devices, such as cameras 
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(DSC and/or video), portable media players, PDAs, games 
consoles, satellite navigation devices, tablets, notebook com 
puters, TVs or the like. 
I0087 An audio hub integrated circuit can be optimised for 
one particular category out of a wide range of industrial, 
professional or consumer devices. For example, while FIG. 1 
shows one particular form of Smartphone 1, it will be appre 
ciated that other Smartphone models will have different levels 
of functionality, and will therefore have different audio han 
dling requirements, and the audio hub integrated circuit can 
be designed to be able to handle this wide range of require 
ments. As described below, the audio hub 39 is optimised for 
use in Smartphones, but is able to be used in a wide range of 
Smartphones having different audio handling requirements. 
I0088. In any event, even if an audio hub integrated circuit 
has been optimised for use in one category of consumer 
device. Such as Smartphones, it will likely be usable in a range 
of types of consumer device, since it is agnostic as to what the 
various signals represent. The number and type of interfaces, 
and the number and type of signal processing blocks, pro 
vided in the audio hub integrated circuit will determine the 
range of types of consumer device in which it will be usable, 
and a manufacturer can choose whether to make an audio hub 
integrated circuit that might be cheaper to manufacture 
because it has restricted functionality but is well designed for 
one specific purpose, or whether to make an audio hub inte 
grated circuit that has greater functionality and can therefore 
be used for many different purposes. 
I0089 FIG. 2b shows components of the audio handling 
system in an alternative mobile telephone. Again, communi 
cation with the cellular telephone network 29 is handled by a 
baseband processor (or communications processor) 31, and 
an applications processor 33 handles processes in which 
audio data is reproduced from or stored into a memory 35 and 
other processes in which audio data is generated internally 
within the telephone 1. For example, the applications proces 
sor 33 may handle the reproduction of stereo music stored 
digitally in the memory 35, may handle recording of tele 
phone conversations and other audio data into the memory 35, 
and will also handle the generation of satellite navigation 
commands and the generation oftones to confirm the pressing 
of any button on the keypad 5. In this alternative mobile 
telephone, there is no wireless codec. As a result, the audio 
hub 39a only needs to have first and second digital audio 
interfaces 40a and 40b, to which the Applications Processor 
33 and the Communications Processor 31 respectively can be 
connected. An audio hub 39 as shown in FIG. 2 could easily 
be used in this alternative mobile telephone. However, an 
audio hub 39a having only two digital audio interfaces would 
be sufficient, and might be smaller and cheaper than an audio 
hub having three digital audio interfaces. 
0090 Although reference is made herein to “audio sig 
nals', the electrical signals that are handled by the “audio 
hub’ integrated circuit can represent any physical phenom 
enon. For example, the term “audio signals' can mean not just 
signals that represent Sounds that are audible by the human 
ear (for example in the frequency range of 20 HZ-20 kHz), but 
can also mean input and/or output signals from and/or to 
haptic transducers (typically at frequencies below 20 Hz, or at 
least below 300 Hz) and/or input and/or output signals from 
and/or to ultrasonic transducers (for example in the frequency 
range of 20 kHz-300 kHz) and/or to infrasonic transducers 
(typically at frequencies below 20 Hz). Possibly, an “audio 
hub’ may not receive any audio signals in a range audible by 
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the human ear, for instance an “audio hub” dedicated in 
design or in a particular use case may only receive haptic or 
ultrasonic signals related “audio signals'. 
0091 FIG. 3 is a block diagram, showing in more detail 
the form of the audio hub, or routing circuit 39. In this case, 
the audio hub, or routing circuit, is optimised for use in a 
device Such as a Smartphone, and will be described accord 
ingly, although it will be appreciated that this illustrated cir 
cuit is only one example of a routing circuit in accordance 
with the invention, and the described use in a Smartphone is 
only one possible use of the illustrated circuit. Thus, the audio 
hub has the functionality of an audio codec, taking audio data 
in one format and processing it, in a different format if 
required. 
0092. The audio hub routing circuit 39 acts as an audio 
codec, and is based around an audio processing engine, in the 
form of a digital mixing core 50, for example for providing 
signal routing between the various inputs and outputs of the 
audio hub routing circuit 39, including mixing audio signals 
from multiple inputs into a single output, and for providing 
signal processing functions. The signal processing functions 
may include Some or all of speaker enhancements such as 
multi-band compression, virtual Surround Sound (stereo wid 
ening) or compensation for non-linearities of speaker or 
device performance; Voice path enhancements such as adap 
tive ambient noise cancellation, speech clarity enhancement, 
transmit noise cancellation, echo cancellation or sidetone and 
wind noise filtering; or digital mixing functions such as fully 
flexible signal routing, volume control and soft muting, 
equalisation, dynamic range control, programmable filtering 
and sample rate conversion, for example. 
0093. The audio hub routing circuit 39 has a number of 
digital audio interfaces 52.1,..., 52.N., which are intended to 
be connected to other circuits within the device, and supply 
signals to and from the digital mixing core 50. The number of 
digital audio interfaces can be selected during the design of 
the audio hub based on its expected range of uses. In this 
embodiment of the invention, optimised for use in a device 
Such as a Smartphone, there is a first digital audio interface 
that is primarily intended for connection to the applications 
processor 33, a second digital audio interface that is primarily 
intended for connection to the baseband processor 31, and a 
third digital audio interface that is primarily intended for 
connection to the wireless transceiver 37. The digital audio 
interfaces 52.1, . . . , 52.N may be interchangeable, but one 
interface can advantageously be made markedly wider than 
the others, so that it can be connected to one of the processors 
that is expected to need the most simultaneous accesses to the 
routing circuit. 
0094. In an embodiment of the invention, optimised for 
use in a device Such as a digital still camera, there might be 
only one digital audio interface; in an embodiment of the 
invention, optimised for use in a device Such as a simpler 
phone where the wireless transceiver function may not be 
required or may be performed by the baseband processor for 
example, there might be only two digital audio interfaces (as 
shown in FIG.2b). It is also possible for an embodiment to 
have no digital audio interfaces. By contrast, in an embodi 
ment of the invention intended for use in a home cinema 
Surround sound device there might be, for example, six or 
more digital audio interfaces. Also the term “audio interface” 
should be understood to cover interfaces for carrying other 
similar streams of data such as ultrasonic or haptic data for 
example. 
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0.095 The audio hub routing circuit 39 also has pre-con 
ditioning circuitry 54, for receiving analog input signals, for 
example from analog input transducers (such as micro 
phones) 56, and an analog FM radio receiver 58. As with the 
digital interfaces, the number of analog inputs can be chosen 
during the design of the audio hub, based on the expected 
range of uses of the routing circuit, and it is possible for an 
embodiment to have no analog interfaces. 
0096. One or more analog input transducer can be in the 
form of a touchscreen, which might for example receive 
inputs from a user of the device, and pass these to a processor 
of the device over one of the digital audio interfaces, so that 
the processor can generate control signals for one or more 
operational feature of the device. 
0097. Signals from the pre-conditioning circuitry 54 are 
passed to Switching circuitry 60, which also receives digital 
input signals, for example from digital input transducers 
(such as digital microphones) 62. 
0098. The switching circuitry 60 is connected to down 
sampling circuitry 64, and the down-sampled signals from the 
down-sampling circuitry 64 are supplied to the digital mixing 
core 50, which is described in more detail below. 
0099. Output signals from the digital mixing core 50 are 
passed to up-sampling circuitry 66, and Some of the up 
sampled signals are passed to post-conditioning circuitry 68, 
which is connected to output terminals, to which analog out 
put transducers (such as loudspeakers) 70 can be connected. 
0100 Other signals taken from the up-sampling circuitry 
66 are also passed to a digital output formatting block 72 for 
connection to Suitable transducers 74. Such as digital input 
amplifiers connected to remote loudspeakers. For example, 
the digital output formatting block 72 might be able to put the 
signals into a Stereo Pulse Density Modulation (SPDM) for 
mat. 

0101. As before, the number of analog and/or digital out 
puts can be designed based on the expected range of uses of 
the routing circuit, and it is possible for an embodiment to 
have no analog or have no digital output interfaces. The 
analog outputs can be used in pairs for stereo outputs, or can 
be used mono. Different analog outputs are optimised for 
different uses, for example for the loads of speakers used in 
headphones or in speaker cabinets, and for example for 
grounded or differential (H-bridge) speaker loads. 
0102 The audio hub routing circuit 39 of this particular 
embodiment also includes a low latency processing block 90. 
which is connected to receive digital signals directly from the 
output of the Switching circuitry 60, and to pass output signals 
via adders 92.1, . . . , 92.P onto the output lines from the 
up-sampling circuitry 66. The low latency processing block 
90 can be suitable for providing a specific signal processing 
function, for signals that should not be subject to any unnec 
essary delay, that is to say any additional delay introduced by 
the digital mixing core 50, however small this may be. In this 
illustrated embodiment, the low latency processing block 90 
includes digital filters, which may be adaptive, for use in a 
feedforward noise cancellation system. In this embodiment 
since the input signals are taken before the down-sampling 
block, the sample rate of the data streams and associated 
signal processing occurs at a Substantially higher sample rate 
(e.g. 8 times, or even 64 times, the usual 48 kHZ sample rate. 
i.e. 384 kHz, or 3.072 MHZ) than the signal processing in the 
digital mixer core, so the low latency may be achieved more 
easily. 
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0103) That is, one or more microphones can be used to 
generate signals that represent ambient noise in the region of 
the device (for example in a handset or in a headset). These 
signals are filtered, in order to generate output signals that can 
be passed to one or more speaker (typically in the same 
handset or headset). Such that these signals produce sounds 
that are equal in amplitude but opposite in phase to (and thus 
have the effect of cancelling out) the ambient noise. In order 
for this type of system to work optimally, the time taken for 
the signal processing should be substantially equal for the 
time taken for the Sound waves to pass around the device, and 
So it can be seen that any latency in the signal processing will 
have an effect on how optimally the system works. 
0104. In this embodiment, there are connections between 
the digital mixing core 50 and the low latency processing 
block 90, for example so that adaptive filters in the low 
latency processing block 90, for use in a feed forward noise 
cancellation system for example, can be controlled from the 
digital mixing core 50, possibly on the basis of results of 
signal processing in the digital mixing core 50. 
0105. The audio hub routing circuit 39 also includes a 
control interface 100, for receiving control signals, for 
example from a processor integrated circuit, typically the 
Applications Processor 33, located in the device. These con 
trol signals might for example inform the routing circuit 39 of 
the operational state of the overall device, for example which 
functions are active. 
0106 The audio hub routing circuit 39 also includes a 
clock generator 80, for receiving master clock signals and 
generating system clocks, as described in more detail below. 
In this illustrated embodiment, the clock generator 80 
receives Q master clock signals and generates R system 
clocks. For example, in the case of a Smartphone, a master 
clock signal at a frequency of 13 MHz might be available 
whenever the telephone related circuitry is active, but, when 
the telephone related circuitry is not active (as in “flight safe 
mode” for example), the 13 MHz clock might not be avail 
able, and the only available clock might be a 32 kHz crystal. 
0107 Digital signals output from the up-sampling cir 
cuitry 66 are also passed to a multiplexer84, which can select 
one or more of these output signals to be fed back as an input 
to the digital mixing core 50. The fed back signals can be used 
for echo cancelling, for example. 
0108 FIG. 4 is a more detailed block diagram of the pre 
conditioning circuitry 54 in the audio hub routing circuit 39 of 
this embodiment. 
0109 As described above, the pre-conditioning circuitry 
54 has a number of inputs, for receiving analog input signals, 
for example from analog input transducers 56, an FM receiver 
circuit 58, or the like. Each of these inputs is connected to a 
respective pre-conditioning block 138, comprising an ampli 
fier 140, with the resulting amplified signal being passed to a 
respective analog-digital converter (ADC) 142. The analog 
digital converters 142 in this illustrated embodiment are over 
sampling ADCs, e.g. delta-sigma ADCs. The gain of each of 
the amplifiers 140 can be controlled independently, by writ 
ing Suitable values to registers on the chip. 
0110 FIG. 5 is a more detailed block diagram of the 
switching circuitry 60 in the audio hub routing circuit 39 of 
this embodiment. The switching circuitry receives a number 
of pre-conditioned signals from the pre-conditioning cir 
cuitry 54, these signals being digitised versions of the analog 
input signals. Each of the pre-conditioned signals is passed to 
a first input of a multiplexer 160. The second input of each 
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multiplexer 160 is connected to receive a respective digital 
input signal, received from the digital input transducers 62. 
0111 External components are then typically connected 
to the routing circuit 39 such that, for use in a given device, or 
at least at any one time, each multiplexer is receiving a signal 
only from one of the analog inputs or from one of the digital 
inputs, but preferably not from both. Depending on whether 
the input signals to the audio hub routing circuit 39 are ana 
log, or digital, or a mixture of the two, the multiplexers 160 
can be controlled so that the appropriate signals are selected 
as the Switched digital output signals. 
0112 FIG. 5 shows an implementation in which there are 
the same number (say, M) of connections for digital input 
transducers 62 as there are connections for analog input sig 
nals, and so there are M multiplexers 160, each receiving a 
signal from one of the analog inputs and a signal from one of 
the digital inputs. 
0113 FIG. 6 is a more detailed block diagram showing an 
alternative form of the switching circuitry 60 in the audio hub 
routing circuit 39. As in FIG. 5, each of the digitised versions 
of the analog input signals is passed to a first input of a 
respective multiplexer 160. 
0114. In this case, the M-bit wide combined digital input 
signal is passed to a number of M-bit multiplexers 164, a 
respective one of which has its output connected to the second 
input of each switch 160. The multiplexers 164 are controlled 
so that they select a respective one of the bits of the combined 
digital input signal, and the Switches 160 are controlled as 
described above to select either the digitised version of the 
analog input signal, or the digital input signal as the output 
signal of the switching circuitry 60. 
0115 Although illustrated as single wire data streams, the 
input digital data streams or the digitised data streams may be 
multi-bit, either as parallel buses or serial multi-bit data 
streams, and may be time-multiplexed on a single bus, with 
consequent adjustment of the structure of the multiplexer 
blocks. 
0116 FIG. 7 is a more detailed block diagram showing 
one possible form of the down-sampling circuitry 64 in the 
audio hub routing circuit 39. 
0117. Each of the signals output from the switching cir 
cuitry 60 is passed to a respective down-sampler 170 to gen 
erate a respective down-sampled signal. The down-sampler 
170 could for example comprise a digital filter, such as a FIR 
filter or an IIR filter with different input and output sample 
rates. 

0118 Where, as described above, the analog-digital con 
verters 142 are over-sampling ADCs, the down-sampler 170 
can convert the digital signals to a lower sample rate, that can 
conveniently be processed by the signal processing circuitry 
in the digital mixing core 50, albeit with a larger bit width to 
avoid increasing quantisation noise. 
0119 FIG. 8 is a more detailed block diagram showing 
one possible form of the up-sampling circuitry 66 in the audio 
hub routing circuit 39. 
I0120 Each of the signals output from the digital mixing 
core 50 is passed to a respective up-sampler 180 to generate a 
respective up-sampled signal. The up-sampler 180 could for 
example take the form of a digital filter, such as a FIR filter or 
an IIR filter. 
I0121 FIG. 9 is a more detailed block diagram of the post 
conditioning circuitry 68 in the audio hub routing circuit 39. 
0.122 The post-conditioning circuitry 68 has a number of 
inputs, each for one of the up-sampled signals generated by 
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the up-sampling circuitry 66, and each connected to a respec 
tive post-conditioning block 188. 
0123. Each post-conditioning block 188 includes a 
respective digital-analog converter 190, and the resultingana 
log signal is passed to a respective amplifier 192, and the 
resulting amplified signal is output. The amplifiers 192 can 
provide single-ended outputs (as shown in FIG. 9) or differ 
ential outputs, and they can be of any convenient type of 
amplifier, such as Class A/B, Class D, or Class Gamplifiers, 
high power amplifiers, or high Voltage amplifiers. 
0.124 FIG. 10 is a further schematic diagram of the audio 
hub routing circuit 39, in this case showing the first digital 
audio interface 52.1 and the Nth digital audio interface 52.N. 
but showing only in outline the pre-conditioning circuitry 54, 
the Switching circuitry 60, the down-sampling circuitry 64. 
the up-sampling circuitry 66, the post-conditioning circuitry 
68, and the digital output formatting block 72, and showing 
more detail of the digital mixing core 50. 
0.125 Specifically, the digital mixing core 50 includes 
multiple digital signal processing blocks, of which a first 
digital signal processing block (DSP1) 102 and an Nth digital 
signal processing block (DSPN) 112 are shown. The digital 
signal processing blocks 102,112 can be programmed at first 
instantiation, or by download of DSP code stored either on 
chip or off-chip, to perform a wide range of signal processing 
functions, but they can be optimised for performing specific 
functions. For example, each programmable digital signal 
processing block might have an amount or type of memory or 
specialised computational hardware that allows it to perform 
specific functions, or might have a special instruction set that 
is optimised for expected functions. The number of such 
programmable digital signal processing blocks, and their spe 
cific properties, can be chosen depending on the expected 
range of uses of the audio hub 39. In an example where one 
possible intended use of the audio hub routing circuit 39 is in 
a Smartphone, a first programmable digital signal processing 
block can be used for processing Voice signals in the transmit 
path of the phone, a second programmable digital signal 
processing block can be used for processing Voice signals in 
the receive path of the phone, and a third programmable 
digital signal processing block can be used for processing 
non-voice signals. 
0126. In addition, signal processing blocks optimised for a 
more restricted range of functions can be provided. In this 
illustrated example, the digital mixing core 50 also includes 
fully programmable five-band equalisers, of which two Such 
equalisers 118, 120 are shown, and the digital mixing core 50 
also includes filters, which are fully programmable such that 
they can have high-pass and/or low-pass functionality, and of 
which one such filter 134 is shown in FIG. 10. 

0127. The digital mixing core 50 also includes a dynamic 
range compression (DRC) block 150. Also shown in FIG. 10 
is another functional block 154 that might have some other 
signal processing functionality. 
0128. Further, the audio processing engine 50 includes an 
up-sampling block 162, and a down-sampling block 164, for 
moving between domains with signals at different sample 
rates. For example, the up-sampling block 162 and down 
sampling block 164 include respective sample rate conver 
sion (SRC) blocks for converting between the voice process 
ingdomain with sample rates of 8 kHz or 16kHz and the more 
general audio processing domain of 48 kHZ, as well as SRC 
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blocks for converting between other integer ratios, and addi 
tional SRC blocks for converting between asynchronous 
sample rates. 
I0129. Although not shown in FIG. 10, a further possibility 
is to provide a functional block in the form of a tone generator, 
which outputs an audio or haptic signal having a predeter 
mined characteristic, without requiring any input audio sig 
nal. Similarly, a further possibility, albeit not shown in FIG. 
10, is to provide a functional block that requires an audio 
input, but does not provide an audio output, for instance a 
block that contains a rarely updated asynchronous control 
signal for use by another block, Such as a signal level thresh 
old detect signal for muting other audio paths or for disabling 
ambient noise cancellation if there is little ambient noise. 
0.130. There are thus provided various functional blocks 
within the digital mixing core 50, as well as signal inputs to 
the digital mixing core 50, and signal outputs from the digital 
mixing core 50. These are all interconnected by the mixing 
fabric of the digital mixing core 50, as described in more 
detail below. 
I0131 From the point of view of the mixing fabric, every 
signal input to the digital mixing core 50, and every output 
from one of the functional blocks, represents a signal Source 
port. In FIG. 10, each of these signal source ports is repre 
sented by a solid black circle. 
0.132. Also, from the point of view of the mixing fabric, 
every signal output from the digital mixing core 50, and every 
input to one of the functional blocks, represents a signal 
destination port. In FIG. 10, each of these signal destination 
ports is represented by a solid black diamond. 
0.133 Thus, it can be seen in FIG. 10 that some functional 
blocks have one input, while other functional blocks have 
multiple inputs. For example, the equaliser 120 has one input 
122, while DSP1 102 has at least four inputs 104, 106, 108, 
110. This means that DSP1 is able to process at least four 
separate streams of input data. 
I0134. Although described as single ports, the source ports 
and the destination ports may be multi-bit, handling either 
parallel (for example 16-bit or 24-bit) or serial multi-bit data 
streams, and may be time-multiplexed on a single connection. 
0.135 Further, the mixing fabric is such that each of the 
signal destination ports, that is, the inputs for any of the 
functional blocks or the signal outputs from the digital mixing 
core 50, is associated with a mixing “channel comprising a 
predetermined number of “selector ports’ each of which can 
be configured to receive signal data from a selectable single 
Source port. These channels or mixer elements are illustrated, 
butted against respective signal destination ports in FIGS. 
11-13, in which each of these selector ports is represented by 
a solid black Square. 
0.136. Some channels may simply forward the data 
unchanged to the respective destination port but the mixing 
fabric is such that at least some of the channel output data 
signal streams may be derived from a mix of signals from 
signal sources, possibly scaled by different respective Scaling 
factors. This mixing operation performed by a given channel 
may be different in different applications or use cases of the 
audio hub. 
I0137 FIGS. 11 to 13 illustrate various examples of chan 
nels or mixer elements of the mixing fabric, shown shaded, 
attached to signal destinations on various functional blocks. 
Each mixer element comprises one or more selector ports, to 
each of which a single chosen signal source may be attached 
as described below. 
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0138 FIG. 11 shows a situation where a functional block 
170 has one input (destination port, from the point of view of 
the mixing fabric) 171. FIG.11(a) shows that this input 171 
can receive a signal from one signal source on one selector 
port 172, and FIG. 11(b) shows a more detailed view of the 
same channel structure in which the signal from the one signal 
source can be scaled before being applied to the input 171. 
0139 FIG. 12 shows a situation where a functional block 
174 has two inputs 175, 176 and two respective channels or 
mixer elements. FIG. 12(a) shows that the input 175 can 
receive signals from two signal sources on selector ports 177. 
178 respectively, and that the input 176 can receive signals 
from two signal sources on selector ports 179, 180 respec 
tively, and FIG. 12(b) shows a more detailed view of the same 
channel structure in which the signals from the two selector 
ports 177, 178 can be scaled and added together before being 
applied to the input 175, while the signals from the two 
selector ports 179, 180 can be scaled and added together 
before being applied to the input 176. 
0140 FIG. 13 shows a situation where a functional block 
181 has one input 182. FIG. 13(a) shows that the input 182 
can receive signals from four signal sources 183, 184, 185, 
186, and FIG. 13(b) shows a more detailed view of the same 
channel structure in which the signals from the four signal 
sources 183,184, 185, 186 can be scaled and added together 
before being applied to the input 182. 
0141 FIG. 14 is therefore a slightly more detailed version 
of FIG. 10, showing channels with various numbers of selec 
tor ports butted onto respective destination ports (block 
inputs) of each of the signal destinations (that is, the func 
tional blocks and the signal outputs from the mixing core). 
0142 For example, the input 122 of the equaliser 120 is 
able to receive signals from four signal Sources on respective 
selectorports 188, 189, 190, 191; while the input 104 of DSP1 
102 is able to receive signals from three signal sources on 
respective selectorports 192, 193, 194; the input 106 of DSP1 
102 is able to receive signals from two signal Sources on 
respective selector ports 195, 196; the input 108 of DSP1 102 
is able to receive signals from one signal source on selector 
port 197; and the input 110 of DSP1 102 is able to receive 
signals from one signal source on selector port 198. 
0143. As mentioned above, the mixing fabric allows sig 
nals from arbitrarily selected signal sources to be routed to the 
signal destinations, while being combined in cases where a 
single signal destination is required to receive a mix of signals 
from multiple signal sources. That is, the mixing fabric allows 
the user to select which signal sources are to be connected to 
which signal destinations, based on whichever criteria the 
user chooses to apply, without restrictions imposed by the 
mixing fabric itself. 
0144. It would be possible to physically implement the 
mixing fabric as shown in FIG. 14, with separate adders and 
multipliers as shown for each signal destination on each func 
tional block. However it is greatly advantageous in terms of 
silicon real estate, power, and centralisation of control func 
tions to implement the mixing fabric as a single mixer circuit 
(or possibly a number of Such mixer circuits, for a more 
complex system, with the number of mixer circuits still being 
very much smaller than the number of signal destinations), 
and time multiplex this circuit between the various destina 
tions, such that it services the requirements of each required 
signal destination in turn within each audio signal sample 
period. 
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0145 The mixing fabric thus includes a mixer (or a plu 
rality of mixers), shared between the signal sources and des 
tinations on a time division multiplexed basis. That is, within 
one data sample period, the same mixer can route data from 
many signal Sources (or many groups of signal sources) to 
respective signal destinations. However, the clock frequency 
of the mixer block is less than would be required to be able to 
establish signal paths between every signal source and every 
signal destination during one data sample period. Thus, the 
mixer block does not simply cycle through all of the possible 
signal paths. When there is a single mixer, operating at a 
particular mixer clock frequency C, and there are a number 
of signal sources N., and signal destinations N, operating at 
thei" samplerate of the set of available samplerates SR. then 
C is very much less than the sum of the product S.N. N. 
taken overall values of i. When there are a number m of such 
mixers, operating at the mixer clock frequency C, then the 
product m'C is very much less than the sum of the product 
SNN, taken over all values of i. When there are mul 
tiple mixer clock frequencies Cr, and a number m, of mixers 
operating at thej" mixerclock frequency C. then the sum of 
the product m, C, taken over all values ofjis very much less 
than the sum of the product S.N.N., taken over all values 
of i. The routings can be configured by the user of the audio 
hub circuit, and moreover can be reconfigured in use, in order 
to provide different functionality in different situations. 
0146 FIG. 15 is a block diagram, illustrating the general 
form of the digital mixing core 50 in the audio codec 39 of 
FIG. 3, emphasising the mixing fabric rather than the func 
tional blocks. 
0147 FIG. 15 shows a single block 200, representing in 
general terms the set of various functional blocks, i.e. signal 
processing blocks, 200.1, ..., 200.N in the digital mixing 
core 50. FIG. 15 also shows an input 214, at which signals are 
introduced into the mixing core 50, and an output 216 at 
which signals are led out of the mixing core 39. (It will be 
appreciated from the description of FIG. 10 above that a 
typical circuit will include multiple inputs and outputs, and 
thus the input 214 and output 216 are representative of those 
multiple inputs and outputs, for ease of illustration.) 
0.148. Thus, functional blocks 200 can act as signal 
Sources, providing signal source ports, and the input 214 can 
also act as a signal Source, providing a signal Source port, 
while the functional blocks 200 can also act as signal desti 
nations, providing signal destination ports, and the output 216 
can also act as a signal destination, providing a signal desti 
nation port. A signal processing block acts as a signal desti 
nation when receiving a signal to be processed, and as a signal 
Source when passing a processed signal to an output or a 
Subsequent functional block. 
0149 Each of the signal source ports associated with one 
of the functional blocks has a respective source buffer 202.1, 
. . . . 202.N associated therewith, and the signal source port 
associated with the input 214 has a source buffer 202. Passo 
ciated therewith. Each of the source buffers 202.1,..., 202.N. 
202.P is connected through a source selector block to a mixer 
206. In this illustrated embodiment, the source selector block 
takes the form of a bus 204, which allows the mixer 206 to 
take data from the respective source buffer associated with 
any of the signal sources. 
0150 Output data from the mixer 206 is passed through a 
destination selector block to a respective destination buffer 
210.1, ..., 210.N. 210.Qassociated with a respective one of 
the signal destination ports. Specifically, each destination 
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buffer 210.1,..., 210.N is associated with a respective signal 
destination port on one of the functional blocks 200.1, . . . . 
200.N. and the destination buffer 210.Q is associated with the 
signal destination port on the output 216. In this illustrated 
embodiment, the destination selector block takes the form of 
a bus 208, which allows the mixer 206 to pass data to the 
respective destination buffer associated with any of the signal 
destination ports. 
0151. The source buffers 202.1,..., 202.N and the desti 
nation buffers 210.1, . . . , 210.N can be located physically 
adjacent to the respective functional blocks 200, or to the 
mixer 206, or at any convenient location, as determined dur 
ing the design of the routing circuit 39. Similarly, the buffer 
202.P can be located close to the relevant signal input or to the 
mixer 206, and the buffer 210.Q can be located close to the 
relevant signal output or to the mixer 206. 
0152 Moreover, the design of circuitry connected to the 
input 214 or the output 216 might mean that it is not necessary 
to provide buffers within the digital mixing core 50. For 
example, an output register of a down-sampler connected to 
the input 214, or an input register of an upsampler connected 
to the output 216 might already provide suitable buffering. In 
other words, some source or destination buffers may be pro 
vided outside the digital mixing core. 
0153. In this illustrated embodiment, the buses 204, 208 
are separate, allowing the mixer to read data from one of the 
buffers 202.1,..., 202.N, 202.P and write data to one of the 
buffers 210.1, ..., 210.N. 210.Q simultaneously. In an alter 
native embodiment, a single bus could be used for this pur 
pose, with a bus arbitration scheme to ensure that the mixer 
206 does not attempt to read data from one of the buffers 
202.1, ..., 202.N, 202.P and write data to one of the buffers 
210.1, ..., 210.N. 210.Qat exactly the same time. However 
the separation of the input and output busses is advantageous 
in making it much easier to avoid timing conflicts between 
inputs and outputs and avoids having to share bandwidth of 
the bus. 
0154) In this illustrated embodiment, there is a single 
mixer 206, which services all of the signal destinations. 
0155 FIG. 16 is a block diagram, illustrating an alterna 

tive general form of the digital mixing core 50 in the routing 
circuit 39 of FIG. 3. 
0156. As in FIG. 15, FIG. 16 shows a single block 200, 
representing in general terms various functional blocks, i.e. 
signal processing blocks, 200.1, . . . , 200.N in the digital 
mixing core 50. FIG. 16 also shows an input 214, at which 
signals are introduced into the mixing core 50, and an output 
216 at which signals are led out of the mixing core 39. 
O157. As in FIG. 15, each of the functional blocks that is 
capable of acting as a signal source has a respective buffer 
202.1,..., 202.N., 202. Passociated therewith. In this embodi 
ment, the Source selector comprises a first source bus 220 and 
a second source bus 222. Each of the first source bus 220 and 
a second source bus 222 is connected to every one of the 
buffers 202.1,..., 202.N. 202.P so that it can receive signals 
therefrom. The first source bus 220 is connected to a first 
mixer 224, and the second source bus 222 is connected to a 
second mixer 226. Thus, the first source bus 220 allows the 
first mixer 224 to take data from the respective buffer associ 
ated with any of the signal Sources, and the second source bus 
222 similarly allows the second mixer 226 to take data from 
the respective buffer associated with any of the signal sources. 
0158 Output data from each mixer 224, 226 is passed 
through a destination selector to a respective buffer 210.1, .. 
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.., 210.N., 210.Q. with each buffer 210.1, ..., 210.N., 210.Q 
being associated with a respective one of the signal destina 
tions. In this embodiment, the destination selector block 
includes a multiplexer 228 and a bus 230. The multiplexer 228 
determines based on an applied control signal (not shown) 
which of the first mixer 224 and the second mixer 226 is able 
at any one time to pass output data to the bus 230, and hence 
to the respective buffer associated with any of the signal 
destinations. One simple possibility is for the control signal to 
allow Mixer A 224 and Mixer B 226 to talk to bus 230 in 
alternate cycles of a fast processor clock. 
0159. Thus, in this embodiment, two mixers 224, 226 are 
provided. In fact, there can be any number of mixers, in order 
to provide the required or anticipated signal throughput. In 
general the mixer fabric will have more input signals to be 
mixed than destinations to service, so the input bus will satu 
rate first, so two or more input buses (or any number of input 
buses that is small relative to the number of destinations) and 
the associated plurality of mixers may provide a useful 
increase in mixer fabric bandwidth if required. 
0160 FIG. 17 is a block diagram, illustrating the general 
form of an alternative digital mixing core 50 in the routing 
circuit 39 of FIG. 3. 
(0161. As in FIG. 15, FIG. 17 shows a single block 200, 
representing in general terms various functional blocks, i.e. 
signal processing blocks, 200.1, . . . , 200.N in the digital 
mixing core 50. FIG. 17 also shows an input 214, at which 
signals are introduced into the mixing core 50, and an output 
216 at which signals are led out of the mixing core 39. 
0162 Each of the functional blocks that is capable of 
acting as a signal source has a respective buffer 202.1, . . . . 
202.N, 202. Passociated therewith. Each of the buffers 202.1, 
..., 202.N. 202.P is connected through a first source selector 
to a mixer 206. In this illustrated embodiment, the source 
selector takes the form of a multiplexer 240, which can be 
controlled so as to allow the mixer 206 to take data from the 
respective buffer associated with any of the signal sources. 
0163 Output data from the mixer 206 is passed through a 
destination selector to a respective buffer 210.1, ..., 210.N. 
210.Q. Each buffer 210.1, ..., 210.N., 210.Q is associated 
with a respective one of the signal destinations. In this illus 
trated embodiment, the destination selector takes the form of 
a multiplexer 242, which allows the mixer 206 to pass data to 
the respective buffer associated with any of the signal desti 
nations. 
0164. Again, in this illustrated embodiment, there is a 
single mixer 206, which services all of the signal destinations. 
0.165 FIG. 18 is a block diagram, illustrating a further 
alternative general form of the digital mixing core 50 in the 
routing circuit 39 of FIG. 3. 
0166 As before, FIG. 18 shows a single block 200, repre 
senting in general terms various functional blocks, i.e. signal 
processing blocks, 200.1, ..., 200.N in the digital mixing 
core 50. FIG. 18 also shows an input 214, at which signals are 
introduced into the mixing core 50, and an output 216 at 
which signals are led out of the mixing core 39. 
0167. Each of the functional blocks that is capable of 
acting as a signal source has a respective buffer 202.1, . . . . 
202.N, 202. Passociated therewith. Each of the buffers 202.1, 
..., 202.N., 202.P is connected to a first source selector. 
0.168. In this embodiment, the source selector comprises a 

first multiplexer248 and a second multiplexer 250, which are 
connected to a first mixer 252 and a second mixer 254 respec 
tively. Each multiplexer 248,250 is connected with all of the 
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buffers 202.1, ..., 202.N., 202.P. and so the source selector 
allows each of the mixers 252, 254 to take data from the 
respective buffer associated with any of the signal sources. 
0169 Output data from the mixers 252, 254 is passed 
through a destination selector to a respective buffer 210.1, .. 
.., 210.N., 210.Q. with each buffer 210.1, ..., 210.N., 210.Q 
being associated with a respective one of the signal destina 
tions. In this embodiment, the destination selector takes the 
form of a multiplexer 256, which determines based on applied 
control signals (not shown) which of the first mixer 252 and 
the second mixer 254 is able at any one time to pass output 
data, and which of the buffers 210.1, . . . , 210.N., 210.Q 
associated with the signal destinations can receive that data. 
(0170 Thus, in this embodiment, two mixers 252, 254 are 
provided, and either mixer can provide data to any of the 
signal destinations. In fact, there can be any number of mix 
ers, in order to provide the required or anticipated signal 
throughput. 
0171 FIG. 19 is a block diagram, illustrating a further 
alternative general form of the digital mixing core 50 in the 
routing circuit 39 of FIG.3. The digital mixing core 50 shown 
in FIG. 19 is the same as that shown in FIG. 18, except that the 
destination selector associates each signal destination with 
one of the mixers 252,254. 
0172. Thus, the signal destinations are divided into two 
groups, for example on the basis that each group will be 
expected to use an approximately equal share of the total 
available mixer resources. As shown in FIG. 19, one group of 
destinations includes the output 216 and the functional blocks 
200.1, . . . , 200.J., while the other group of destinations 
includes the functional blocks 200.K,..., 200.N. 
0173 The destination selector then comprises two multi 
plexers 256a, 256b, associated with the mixers 252, 254 
respectively. Output data from the mixer 252 is passed 
through the multiplexer 256a to a respective buffer 210.1, .. 
.., 210.J., 210.Q. with each buffer 210.1, ..., 210.J., 210.Q 
being associated with a respective one of the signal destina 
tions in the first group. Output data from the mixer 254 is 
passed through the multiplexer 256b to a respective buffer 
210.K,..., 210.N, with each buffer 210.K,..., 210.N being 
associated with a respective one of the signal destinations in 
the second group. 
0.174 FIG. 20 is a block diagram, showing the form of the 
mixer and the buffers and source and destination selectors in 
the digital mixing core 50. In FIG.20, there is one mixer, as in 
FIGS. 15 and 17. When there is more than one mixer, as in 
FIGS. 16, 18 and 19, some or all of the mixer structure is 
duplicated. 
(0175. In FIG. 20, the mixer 290 is shown connected to 
receive input data from buffers 202.1, . . . , 202.N, 202.P 
associated with the respective signal sources, and is con 
nected to pass output data to buffers 210.1, ..., 210.N. 210.Q 
associated with the signal destinations. 
0176 The mixer 290 is based around a multiply–accumu 
late block (MAC) 292, the structure of which is described in 
more detail below. This multiply–accumulate block 292 is 
time-multiplexed between the different sources and destina 
tions, again as described below. 
0177. A source selector block 294 determines at any given 
moment which one of the data sources acts as a first source of 
data (MAC Input 1) for the multiply–accumulate block 292, 
and a destination selector block 296 determines at any given 
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moment which one of the data destinations acts as the desti 
nation for data output from the multiply-accumulate block 
292. 

0.178 The source selector block 294 selects the source on 
the basis of a source input select signal received from a 
controller 300, on the basis of information received from a 
register bank 298. The destination selector block 296 selects 
the destination on the basis of an output destination select 
signal received from the controller 300, again on the basis of 
information received from register bank 298. As mentioned 
above, the source selector block 294 and destination selector 
block 296 can take any convenient form, for example they can 
be in the form of suitably controlled buses or multiplexers. 
0179 The register bank 298 also acts as a second source of 
data (MAC Input 2) for the multiply–accumulate block 292. 
MAC Input 2 provides the scaling factor to be applied to the 
selected data being processed. 
0180 FIG. 21 is a block diagram, showing an alternative 
form of the mixer and the associated buffers and selector 
blocks in the digital mixing core 50. 
0181. In this embodiment, the mixer 310 comprises a mul 
tiply-accumulate block 292, and is connected to a source 
selector block 294 and a destination selector block 296, which 
are the same as the source selector block 294 and destination 
Selector block 296 shown in FIG. 15. 

0182. In the embodiment shown in FIG. 21, a register bank 
312 and a controller 314 have generally the same functions as 
the corresponding components of the mixer 290 shown in 
FIG. 20, but are not considered to be part of the mixer. Instead, 
a memory 316 within the mixer 310 stores data received from 
the register bank 312, and Supplies the Source input select 
signal to the source selector bank 294 and the output destina 
tion select signal to the destination selector bank 296 on the 
basis of the data received from the register bank 312. 
0183 FIG. 22 is a block diagram, showing one possible 
form of the multiply–accumulate block in the mixer of FIG. 
20 or 21. 

0184. In FIG. 22, the multiply–accumulate (MAC) block 
292 is shown, receiving the data from the first source (MAC 
Input 1) and the data from the second source (MAC Input 2) 
as inputs to a multiplier 330. The output of the multiplier 330 
is applied as an input to an adder 332, and the output of the 
adder 332 is applied in turn to a register 334, acting as a one 
clock period delay element, based on a clock signal that it 
receives. The output of the register 334 is provided as an 
output of the multiply–accumulate block 292, and is also fed 
back to a second input of the adder 332. 
0185 (As an alternative, it would be possible to take the 
output of the adder 332 as the output of the MAC block.) 
0186 Thus, during one clock period, the multiply–accu 
mulate block 292 receives data from the first source (MAC 
Input 1), multiplies that data value by a multiplication coef 
ficient, in the form of the data from the second source (MAC 
Input 2), and adds the result to the previously received sum. 
This can be allowed to continue for several clock periods, so 
that the output of the multiply–accumulate block 292 repre 
sents the sum of several data values received from the first 
Source, each scaled by a respective multiplication coefficient. 
When the desired sum has been calculated, and the output has 
been buffered in the intended destination buffer 210, the value 
stored in the register 334 can be cleared. Alternatively the 
value can just be left, and overwritten by the next partial sum 
by disabling the adder for the next first received data. 
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0187 FIG. 23 is a block diagram, showing an alternative 
form of the multiply–accumulate block in the mixer of FIG. 
20 or 21. 
0188 The multiply–accumulate block 292 shown in FIG. 
23 is the same as that shown in FIG. 22, except that the output 
of the register 334 is passed to one input of a controllable 
multiplexer 336. The other input of the multiplexer 336 is 
connected to the input of the multiply–accumulate block 292 
by means of a bypass path 338. This means that, when the 
required output data is simply the input data from the first 
Source (MAC Input 1), without any scaling or mixing with 
other data values, the bypass path input of the multiplexer 336 
can be selected, and connected to the output of the multiply 
accumulate block 292. 
(0189 FIG. 24 is a flow chart, FIG. 25 is an overview, and 
FIG. 26 is a timing diagram, illustrating the operation of a 
mixer as illustrated in FIG. 20 or 21. 
(0190 FIG. 26 shows a relatively high-speed clock DCK, 
and a lower speed clock SCK. The frequency of the lower 
speed clock SCK is the sample rate of the audio data streams 
and thus determines the rate at which this data needs to be 
processed. For example, Voice processing for a telephone call 
might require data to be generated at a frequency of 8 kHz. 
while other audio data processing applications might require 
data to be generated at a frequency of 48 kHz. In this illus 
trated embodiment, only the leading edge of each clock cycle 
is used, and so it is irrelevant that SCK is not shown with a 
50% duty cycle. 
(0191). The high-speed clock DCK determines the speed at 
which the multiply–accumulate block 292 operates, i.e. the 
speed at which the MAC cycles through the various inputs. It 
will be noted that a typical value for the data clock DCK might 
be, say, 48 MHz, which might for example be of the order of 
1000 times faster than the sample rate clock SCK for a typical 
process. Thus, FIG. 26 is not to scale, but it illustrates the 
processes required. 
(0192 FIGS. 24, 25 and 26 illustrate the operation of the 
mixer 290 in the case where data from two sources are to be 
mixed together and applied to an output. During a first period 
of the sample clock signal SCK, or first time interval T1 (or 
any earlier time interval), a first process, process A, is per 
formed by one of the functional blocks 200. A (or, equiva 
lently, data is received on an input of the digital mixing core), 
and this produces a first data value (step 450 in FIG. 24), 
which is made available, i.e. stored, in the data source buffer 
202. A associated with that data source within the first time 
interval T1. The first data value is stored in the data source 
buffer 202.A (step 452 in FIG. 24), such that it is available to 
the mixer 290 for the whole of the subsequent sample clock 
period, or second time interval, T2. 
(0193 FIGS. 25 and 26 show a partitioning of the buffer 
202.A, such that data is written to a first half 202.A1 of the 
buffer 202.A at some time during the first time interval T1, 
and is then transferred to a second half 202. A2 of the buffer 
202. A at the end of the first time interval T1, such that it can 
be accessed by the mixer 290 from the second half 202. A2 of 
the buffer 202.A at any time throughout the second time 
interval T2. 
0194 During the same first time interval T1 (or any earlier 
time interval), a second process, process B, is performed by 
one of the functional blocks 200.B (or, equivalently, data is 
received on an input of the digital mixing core), and this 
produces a second data value (step 454 in FIG. 24), which is 
made available in the data source buffer 202.B associated 
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with that data source. The second data value is stored in the 
data source buffer 202.B (step 456 in FIG. 24), such that it is 
available to the mixer 290 for the whole of the subsequent 
sample clock period T2. FIGS. 25 and 26 show a partitioning 
of the buffer 202.B in the same way as the buffer 202A, 
described above. 

0.195 Atapoint in time t2a during the sample clock period 
T2, the multiply–accumulate block 292 is caused to obtain on 
the first input (MACInput 1) the data from the buffer 202.A2, 
and so it obtains the first sample of data (step 458 in FIG. 24) 
on the rising edge of the data clock DCK. (Data transitions 
could equally well be timed to occur on the falling edges of 
the data clock DCK.) During the clock period of the data 
clock DCK between the period t2a and t2b, this first sample of 
data is scaled (denoted by the “X” 350), by being multiplied 
in the multiplier 350 by a multiplication coefficient obtained 
on the second input (MACInput 2) (step 460 in FIG. 24). The 
result of this scaling is stored in the register 334 of FIG. 22. 
0196. At the point in time t2b after that clock period 
between t2a and t2b of the data clock DCK, the multiply 
accumulate block 292 is caused to obtain on the first input 
(MAC Input 1) the data from the buffer 202.B2, and so it 
samples the second data value (step 462 in FIG. 24). During 
the clock period of the data clock DCK between the period 
between t2b and t2c, the second sampled data value is scaled 
(denoted by the “X” 352), by being multiplied in the same 
multiplier 350 by a second scaling coefficient obtained on the 
second input (MAC Input 2) (step 464 in FIG. 24). The result 
of this scaling is added (denoted by the "+354) to the result 
of scaling of the first sample of data (step 466 in FIG. 24). 
0197) The result of this addition is stored in a first half 
210.Z1 of the output buffer 210.Z associated with the data 
destination that is intended to receive the output data, namely 
the functional block (or the output of the digital mixing core) 
200.Z(step 468 in FIG. 24). As before, FIGS. 25 and 26 show 
a partitioning of the buffer 210.Z., such that data is written to 
a first half 210.Z1 of the buffer 210.Z during the second time 
interval T2, and is then transferred to a second half 210.Z2 of 
the buffer 210.Z., where it remains available until the end of 
the subsequent sample clock period T3. 
0198 At an arbitrary time t3a during the sample clock 
period T3, the output data is sampled by the functional block 
200.Zacting as the data destination (step 470 in FIG. 24), and 
it can then be processed by that functional block in a subse 
quent process (step 472 in FIG. 24). Of course, if the data 
destination is an output of the digital mixing core, the result 
data can be output during the sample period T3 (step 474 in 
FIG. 24). 
0199 Thus, the multiply–accumulate block 292 generates 
the required data in Such a way that this required data is 
available to the block that is intended to receive it at the 
required time, no matter where in the audio sample period that 
is. This greatly simplifies the timing considerations required 
in configuring the digital mixer core. That is, the arrangement 
of source buffers and destination buffers means that the 
operation of the multiply-accumulate block 292 can be sched 
uled in the knowledge that the data that it requires from the 
data source(s) will be available for the whole of one sample 
period (so that the scheduling does not need to take account of 
the exact points in time, within that sample period, at which 
the data will become available), and that the data that it 
supplies to a data destination will be available for the whole of 
another sample period, (so that the scheduling does not need 
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to take account of the exact point in time, within that sample 
periods, at which the data will be required). 
0200. In other words, data presented at a source port by the 
start of one sample period will be available for processing by 
the destination block for the whole of the following sample 
period. Assuming the destination block can complete its 
operations within the latter sample period, the latency per 
stage in the signal processing chain is thus a fixed two sample 
periods, one for the mixer and one for the processing. This 
greatly simplifies latency calculations for the signal chain. 
0201 This latency is also independent of the clocks used 

to clock the mixer (and to clock the functional blocks), which 
makes any clock frequency Scaling invisible to the audio 
signal path. 
0202) If additional latency is required in some path, for 
example to match that introduced by extensive processing in 
a parallel path, the mixer output may be fed back, repeatedly 
if necessary, to its input, via a signal processing block com 
prising a simple register. 
0203 As described above, FIG. 26 is an illustrative timing 
diagram (not to scale), showing one data sample from a first 
data source (process A) being combined with one data sample 
from a second data source (process B) to generate one result 
sample that is provided to a data destination (process Z). 
0204. Of course, most real processes require this operation 

to be performed repeatedly, once per sample period, and FIG. 
27 is a further timing diagram showing this repetition. 
0205 Thus, in FIG. 27, as in FIG. 26: 
in sample clock period T1, 
data from process A (e.g. functional block 200.A) is stored in 
buffer 202. A1, 
data from process B (e.g. functional block 200.B) is stored in 
buffer 202. B1; 
at the start of sample clock period T2. 
data Stored in buffer 202. A1 is transferred to buffer 202. A2 
data stored in buffer 202. B1 is transferred to buffer 202.B2; 
during sample clock period T2. 
data from buffers 202.A2 and 202.B2 is mixed (MIX 1), with 
the result Stored in buffer 210.Z1 
at the start of sample clock period T3. 
data Stored in buffer 210.Z1 is transferred to buffer 210.Z2 
during sample clock period T3. 
data from buffer 210.Z2 is made available to the data desti 
nation (e.g. functional block 200.Z). 
0206. The process is repeated one sample clock period 

later. That is: 
in Sample clock period T2. 
data from process A (e.g. functional block 200.A) is stored in 
buffer 202. A1, 
data from process B (e.g. functional block 200.B) is stored in 
buffer 202. B1; 
at the start of sample clock period T3. 
data Stored in buffer 202. A1 is transferred to buffer 202. A2 
data stored in buffer 202. B1 is transferred to buffer 202.B2; 
during sample clock period T3. 
data from buffers 202.A2 and 202.B2 is mixed (MIX2), with 
the result stored in buffer 210.Z1; 
at the start of sample clock period T4, 
data Stored in buffer 210.Z1 is transferred to buffer 210.Z2 
during sample clock period T4. 
data from buffer 210.Z2 is made available to the data desti 
nation (e.g. functional block 200.Z). 
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0207 Thus, the process is repeated in each sample clock 
period, and an output data sample is made available to the data 
destination at the required sample rate. 
0208. As described above, FIG. 27 is an illustrative timing 
diagram (not to scale), showing one data sample from a first 
data source (process A) being combined with one data sample 
from a second data source (process B) in each sample period 
to generate one result sample that is provided to a data desti 
nation (process Z). 
(0209. One aspect of the described embodiments of FIGS. 
26 and 27 is that the mixer is time division multiplexed 
between multiple data destinations, and FIG. 28 is a further 
illustrative timing diagram (not to Scale) showing the time 
division multiplexing aspect. 
0210 Thus, in FIG. 28, as in FIG. 26: 
in sample clock period T1, 
data from process A (e.g. functional block 200.A) is stored in 
buffer 202. A1, 
data from process B (e.g. functional block 200.B) is stored in 
buffer 202. B1; 
at the start of sample clock period T2. 
data stored in buffer 202. A1 is transferred to buffer 202.A2, 
data stored in buffer 202. B1 is transferred to buffer 202.B2; 
during sample clock period T2. 
at a timet2a, the MAC 292 takes data from buffer 202.A2, and 
scales it if required, 
at a time t2b, the MAC 292 takes data from buffer 202. B2, 
and scales it if required, 
at a time t2c, the scaled data is added, and the result is stored 
in buffer 210.Z1; 
at the start of sample clock period T3. 
data Stored in buffer 210.Z1 is transferred to buffer 210.Z2 
during sample clock period T3. 
at a time t3a, data from buffer 210.Z2 is made available to the 
data destination (e.g. functional block 200.Z). 
0211. The time division multiplexing of the mixer means 
that another process can take place in parallel with this, pro 
vided that the operations of the MAC 292 are scheduled to 
avoid overlap between them. 
0212. Thus FIG. 28 also shows this parallel operation: 
in sample clock period T1, 
data from process C (e.g. functional block 200.C) is stored in 
buffer 202.C1, 
data from process D (e.g. functional block 200.D) is stored in 
buffer 202.D1; 
at the start of sample clock period T2. 
data Stored in buffer 202.C1 is transferred to buffer 202.C2 
data stored in buffer 202.D1 is transferred to buffer 202.D2: 
during sample clock period T2. 
at a time t2d, the MAC 292 takes data from buffer 202.C2 and 
scales it if required, 
at a time t2e, the MAC 292 takes data from buffer 202.D2 and 
scales it if required, 
at a time t2f the scaled data is added and the result is stored in 
buffer 210.Y1 
at the start of sample clock period T3. 
data Stored in buffer 210.Y1 is transferred to buffer 210.Y2 
during sample clock period T3. 
at a time t3b, data from buffer 210.Y2 is made available to the 
data destination (e.g. functional block 200.Y). 
0213 Where one or more of the data destinations 200.Z. 
200.Y shown in FIG. 28 is a functional block in the form of a 
signal processing block, it will in turn Subsequently provide a 
data source port in a further process. 
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0214 FIGS. 26-28 show a system in which each buffer is 
partitioned in Such away that data is written into a first part of 
the buffer, and is then transferred to a second part of the buffer 
at a start of a new sample clock period, and is then read from 
the second part of the buffer during the new sample clock 
period. It is also possible to use “ping pong buffers, which 
instead are partitioned such that data is never transferred 
between the two parts of the buffer; instead, data can be 
written to a first part of the buffer and read from the second 
part of the buffer during odd-numbered sample clock periods, 
and can be read from the first part of the buffer and written to 
the second part of the buffer during even-numbered sample 
clock periods. 
0215 FIG. 29 is a timing diagram showing the use of ping 
pong buffers. 
0216) Thus, in FIG. 29: 
in Sample clock period T1, 
data from process A (e.g. functional block 200.A) is written to 
the first part of the respective buffer 202A3, 
data from process B (e.g. functional block 200.B) is written to 
the first part of the respective buffer 202.B3: 
during sample clock period T2. 
data is read from the first part of the buffer 202. A3 and scaled 
if required 
data is read from the first part of the buffer 202.B3 and scaled 
if required 
the scaled data from 202A3 and 202.B3 is mixed (MIX 1), 
with the result stored in the first part of the buffer 210.Z3 
data from process A (e.g. functional block 200.A) is written to 
the second part of the respective buffer 202.A4 
data from process B (e.g. functional block 200.B) is written to 
the second part of the respective buffer 202.B4; 
during sample clock period T3. 
data from the first part of the buffer 210.Z3 is made available 
to the data destination (e.g. functional block 200.Z) 
data is read from the second part of the buffer 202. A4 and 
scaled if required 
data is read from the second part of the buffer 202.B4 and 
scaled if required 
the scaled data from 202. A4 and 202.B4 is mixed (MIX 2), 
with the result stored in the second part of the buffer 210.Z.4 
during sample clock period T4. 
data from the second part of the buffer 210.Z4 is made avail 
able to the data destination (e.g. functional block 200.Z) 
0217. The process is repeated such that an output data 
sample is made available to the data destination at the 
required sample rate. 
0218 FIG. 30 is a flow chart, illustrating a process by 
which a user can configure a Switching circuit in accordance 
with the present invention. Aspects of the operation of the 
Switching circuit can be configured during the design of an 
integrated circuit that includes the Switching circuit, and/or 
during the development of an electronic device that includes 
an integrated circuit including the Switching circuit, and/or by 
an end user who has purchased the electronic device. Aspects 
of the operation that have been configured by the developer of 
the electronic device can be protected so that the end user 
cannot change that configuration, or can be left so that the end 
user can change that configuration. In the following descrip 
tion, it is assumed that the user of the present invention is a 
designer of a consumer device in which multiple audio sig 
nals are to be processed in parallel. In this illustrated embodi 
ment, this configuration process is made as intuitive as pos 
sible for the user, by allowing the user to define the required 
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functionality of the device. In this illustrated embodiment, 
this process is carried out at the time that a final product, Such 
as a Smartphone, games console, portable media player or the 
like is being designed. In this illustrative example, the final 
product is a Smartphone. 
0219. In step 500 of the process shown in FIG.30, the user 
defines the required signal processing through the Switching 
circuit. For example, as shown in FIG. 32, the user might be 
able to describe in general terms what input signals are avail 
able, and what output signals he wishes to generate by what 
processing based on those input signals. 
0220 Thus, FIG. 32 shows that the user wishes to take 
input signals 520, 522 from analog voice microphones at 48 
kSamples/second, downsample each of them to 8 ksamples/ 
second, and then pass them both to a DSP to perform acoustic 
echo cancellation, and the generation of an ambient noise 
cancellation signal for the transmit path. Thus, the signals 
detected by the microphones in the Smartphone are processed 
before being transmitted over the telephone network. 
0221. The processed output signal 524 has gain applied, 
and is the resulting signal 526 is to be passed to the baseband 
processor of the Smartphone. 
0222. The processed output signal 524 is also to be 
upsampled to 48 ksamples/second, and gain is to be applied to 
the upsampled signal 528. 
0223 FIG.32 also shows that the user wishes to be able to 
take a signal 530 at 8 ksamples/second, representing the 
received sounds of a Voice call, and upsample this from 8 
kSamples/second to 48 ksamples/second. The user wishes to 
apply gain to the upsampled signal 531, and to pass the 
resulting signal 532 to an equalizer function to attenuate 
signals at 217 Hz and harmonics at multiples thereof. The user 
then wishes to apply gain to this filtered signal 534, and to 
perform multiband compression on the resulting gained sig 
nal 536. 

0224. The user then wishes to apply gain to the com 
pressed signal 538, and to pass the resulting signal 540 to a 
loudspeaker of the Smartphone via a DAC. Thus, the received 
Voice signal is processed before being played back to the user 
of the Smartphone. 
0225. In addition, the user of the invention, i.e. the 
designer of the Smartphone device, may wish to provide a 
function whereby both sides of the telephone call are 
recorded. Thus, it may be desired to apply (possibly different) 
gains to the two signals 528, 538, and in one use case to add 
the two signals 528, 538 together, and to pass the resulting 
signal 542 to the apps processor of the Smartphone, such that 
the resulting signal 542 can be recorded in local memory, for 
example within the device or on a storage device that can be 
inserted into the device. 

0226 Returning to FIG. 30, in step 502 these processing 
operations are mapped to the functional blocks available in 
the digital mixing core. For example, in this example, one of 
the DSPs in the digital mixing core, say DSP #1 102 might be 
optimised for performing acoustic echo cancellation, while 
another say DSP iiN 112 might be optimised for performing 
multiband compression, and so these operations are allocated 
to the respective DSPs. In addition, an equaliser might be 
optimised for removing harmonics at multiples of 217 Hz, 
and so that operation can be allocated to that particular equa 
liser 120. If there is no functional block that is optimised for 
the specific function that the user wishes to implement, the 
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relevant operation can be allocated to one of the filters, or 
equalisers, or DSPs, that can then be programmed to perform 
that function. 

0227. The overall signal routing is then broken down into 
component signal paths, with each path involving one or more 
signal source, and one signal destination, and each requiring 
access to the mixer fabric of the digital mixing core. 
0228. These operations are then defined in terms that can 
be stored in the register bank 298 that is associated with the 
mixer, and can be accessed by the controller 300 (see FIG.20) 
in Such a way that the operations are performed as required. 
0229 FIG. 33 shows one possible form of the register 
bank, before any operations have been defined. Thus, there 
are multiple channel identifiers, i.e. Channel IDs, each asso 
ciated with a respective signal destination port in the digital 
mixing core. As described previously, a functional block in 
the digital mixing core may provide a signal destination (in 
deed, a more complex functional block Such as a fully pro 
grammable digital signal processing block might provide 
several independent signal destination ports), and each output 
from the digital mixing core is a signal destination port. 
0230. Each Channel ID, i.e. destination port, has a prede 
termined number of selector ports associated with it. As 
described above with reference to FIGS. 11-13, the number of 
selectorports represents the number of signal sources that can 
be connected to the signal destination associated with that 
Channel ID during any one sample clock period. Thus, FIG. 
33 shows that the signal destinations represented by the Chan 
nel IDs (represented by hexadecimal addresses) 0Dh, OEh 
and 27h each have four selectors associated with them, the 
Channel IDs 14h and 15h each have one selector associated 
with them, and the Channel ID 57h has two selectors associ 
ated with it, and so on. 
0231. In another embodiment, the number of selector 
ports, i.e. the maximum number of Sources, associated with 
any given Channel ID might be made fully programmable by 
the user, i.e. by the designer of the consumer product in which 
the Switching circuit is incorporated. 
0232 Returning to the process shown in FIG. 30, it was 
mentioned above that the required signal routing is broken 
down into signal paths, with each path involving one or more 
signal source, and one signal destination, and each requiring 
access to the mixer fabric of the digital mixing core. For each 
of these signal paths, the relevant signal destination port (and 
the associated Channel ID) is identified in step 504. Then, in 
step 506, one of the selector ports associated with that desti 
nation port is chosen. 
0233. In step 508, the signal source for that selector is 
identified, and, in step 510, again value is specified, so that 
the signal from the identified source is scaled, either up or 
down, to the required degree before being passed to the signal 
destination. 

0234. In step 512, the Source ID and the gain value are 
stored in the relevant row of the register bank (i.e. at the 
corresponding register address shown in FIG. 33), corre 
sponding to the chosen selector associated with the signal 
destination having the appropriate Channel ID. 
0235. Each Channel ID must also have a sample clock rate 
associated therewith. The sample clock rate is the rate at 
which the functional block expects to receive data for pro 
cessing. For example, operations associated with handling 
voice signals will typically be handled with an 8 kHz clock, or 
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16 kHz clock in the case of HD Audio, but operations asso 
ciated with handling recorder music will typically be handled 
with a 48 kHz clock. 
0236. In the example of FIG. 33, a single storage location 

is used to define the sample clock independently for each 
Channel ID. Other methods of associating a sample clock 
with each Channel ID are possible and may be preferable in 
Some embodiments. For instance, for regularity in the register 
map, at the expense of storage space, it may be preferable to 
have a separate storage location to define the sample clock for 
each selector port of each Channel ID, though in use all of the 
sample clocks for selectors for each Channel ID would have 
to be identical. 
0237 Alternatively, it may be preferable to have a single 
storage location for all of the Channel IDs, i.e. destination 
ports, associated with a given signal processing block. In 
many cases the internal signal processing in a signal process 
ing block will be suitable for data only at a single sample rate, 
at least in blocks without a sample-rate conversion capability. 
0238. The sample rate may be denoted by its nominal 
value, e.g. 8K, 16K or 48K. However it may be more conve 
nient and require less storage to define a fixed set of say eight 
sample clocks and allocate an identifying 3-bit (i.e. 2-8) 
code to each, say 000 to 111, and associate the desired sample 
clock to each Channel ID by storing the appropriate identi 
fying code. This may also allow more than one sample clock 
to be defined with the same nominal sample rate. In some 
applications there may be say two nominal 48 kHz clocks, 
where each clock is derived from a different clock source, e.g. 
from different attached apparatus. These clocks in reality will 
usually be slightly different frequencies and phases, and may 
require sample rate conversion before combining or other 
processing. 
0239 Thus, the minimum information that must be pro 
vided, to define a signal path, is the or each signal source port, 
the signal destination port, and the respective data sample 
rate. In this embodiment, it is also possible to store a respec 
tive scaling factor to be applied to the data from the or each 
signal Source port of a signal path. 
0240. A more concrete example will now be given, by way 
of illustration. 
0241 FIG. 32 illustrated a series of operations identified 
by a user of the invention, Such as a designer of a communi 
cations device. 
0242 FIG.34 corresponds to FIG. 14 described above, but 
shows how this signal routing for the desired chains of opera 
tions can be broken down into separate paths. 
0243 In FIG. 34, each signal source is represented by a 
Solid black circle, each signal destination is represented by a 
Solid black diamond, and each selector associated with one of 
the signal destinations is associated with a solid black Square. 
0244 If microphones in the smartphone handset are con 
nected to the analog inputs 550, 552 of the audio hub, these 
inputs will each receive signals representing the Voice of a 
user of the Smartphone, and these signals will pass through 
the pre-conditioning circuitry 54, the switching circuitry 60 
and the down-sampling circuitry 64, to inputs 554, 556 of the 
digital mixing core. 
0245 One path 558 is then defined from the input 554 of 
the digital mixing core to the selector associated with one of 
the inputs 560 to the downsampling block 164. A second path 
562 is defined from the output 564 of the downsampling block 
164 to the selector associated with one of the inputs 108 of the 
first DSP 102, that DSP being chosen for this purpose because 
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it can be programmed to perform the required acoustic echo 
cancellation (AEC), and transmit direction ambient noise 
cancellation (ANC) processing operations on the received 
Voice signals. 
0246 Similarly, a path 568 is defined from the input 556 of 
the digital mixing core to the downsampling block 164, and a 
path 570 is defined from the corresponding output of the 
downsampling block 164 to another of the inputs 110 of the 
first DSP 102. 

0247 Apath 572 is defined from the output of the DSP 102 
to the Nth digital audio interface 52.N. The connection to this 
particular digital audio interface is because the baseband 
processor is intended to be connected to this interface. 
0248 Voice signals received over the cellular phone con 
nection are handled by the baseband processor, and so these 
are received by the digital mixing core 50 at the Nth digital 
audio interface 52.N. and it is desired first to pass these 
signals through the up-sampling block 162, as shown by path 
574. 
0249. The up-sampled signals are passed to the equaliser 
120, which is configured as a notch filter to remove residual 
noise (arising from the properties of the GSM cellular sys 
tem) at 217 Hz and its harmonics, as shown by the path 576. 
(0250. This filtered signal is passed to the Nth DSP 112, as 
shown by the path 578. The Nth DSP 112 can be programmed 
to provide multiband compression (MBC). As shown by the 
path 580, the resulting signal can then be passed to one of the 
outputs of the digital mixing core, to which the Smartphone 
speaker is to be connected. 
0251. In order to provide the call recording function, 
described with reference to FIG. 32, for the voice signals in 
the transmit path of the phone call, the output of DSP1 is 
passed to the upsampling block 162, as shown by the path 
582, and the up-sampled signals are passed to the one of the 
selectors 584 associated with one of the signal destinations 
586 on the first digital audio interface 52.1, as shown by path 
segment 588. The connection to this particular digital audio 
interface is because the applications processor, which 
handles, amongst others, the call recording function, is 
intended to be connected to this interface. 

0252. In order to provide the call recording function for the 
Voice signals in the receive path of the phone call, the output 
of the Nth DSP 112 is passed to a different one of the selectors 
590 associated with the same signal destinations 586 on the 
first digital audio interface 52.1, as shown by path segment 
592. 

0253) Note that the signal path associated with destination 
port 586 actually comprises two path segments, 588 and 592. 
In general when multiple signals are routed into a channel, the 
respective signal path will comprise multiple path segments, 
converging within the mixing channel. When only one selec 
tor is used, the signal path will comprise only one path seg 
ment. 

0254. It will be appreciated that the user might need to 
account for a large number of Such use cases. For example, 
there are the standard use cases for handling the transmit and 
receive Voice signals as described above, and the use cases 
where there is music from a recorded music source, or sounds 
from an associated radio receiver, and there are also use cases 
where ring tones need to be mixed with the Voice signals, use 
cases where a wired or wireless headset is connected to the 
Smartphone and the output sound signals need to be directed 
appropriately, and others. 

Nov. 29, 2012 

(0255 FIG.35 shows how these paths, or more strictly path 
segments, illustrated in FIG. 34 are defined in the register 
map. Note that the reference figures used for the path seg 
ments in FIG. 34 are included in this table for convenience, 
but do not form part of the register map. FIG.36 is a schematic 
representation of the digital mixing core, with the compo 
nents rearranged to show the signal Sources (that is, the func 
tional blocks of the digital mixing core and the signal inputs 
to the digital mixing core) on the left hand side of FIG. 36, 
each with an associated input buffer (as indicated by the 
reference numerals 202.x in FIG. 15), and with the signal 
destinations (that is, the functional blocks of the digital mix 
ing core and the signal outputs from the digital mixing core) 
each having an associated output buffer (as indicated by the 
reference numerals 210.y in FIG. 15). FIG. 36 shows the 
hexadecimal bus addresses of these buffers, and FIG. 35 
shows the Channel ID, the selector number, the sample rate, 
the source ID, and the gain, for each of the paths described 
above with reference to FIG. 34. 

0256 FIG. 35 shows the status of the register map at one 
particular time, based on the operations that are required at a 
time during which the operations as portrayed in FIG.32 need 
to be performed in a consumer device that incorporates the 
audio hub. Typically, these will represent only a small fraction 
of the total number of operations that will have been defined 
by the user (that is, the designer of the product that incorpo 
rates the audio hub) to take account of all possible uses and 
statuses of the product. For example, operations will be 
defined for when a voice call is active, when music playback 
is required, when keys of a keypad are pressed, and many 
O. 

0257 The configuration information for these operations 
is preferably stored in memory in the product, where it is 
accessible while the device is in operation. For example, the 
configuration information can be stored in ROM of the prod 
uct, and downloaded to the audio hub through the Apps Pro 
cessor, on start-up and as the status of the product changes 
later. This is typically more efficient than an alternative of 
storing all of this information in the audio hub itself and 
flagging the active operations, because it can use a more 
efficient memory type, and because it means that the audio 
hub does not need to contain an amount of memory that is 
Sufficient to store configuration information for an unknown 
number of use cases. Moreover, the amount of data to be 
downloaded as the status of the product changes is relatively 
Small. 

0258. The configuration of the routing circuit described 
above can be simplified for the userby using a suitable graphi 
cal configuration program. To enable the user to define the 
signal paths, the user is presented with a functional block 
diagram 1200 of the switching circuitry, or of the mixing core 
as shown in FIG. 31. For example, this might be presented to 
the user on a screen 1210 associated with a computer that is 
running a configuration process, for example allowing the 
user to use amouse and/or keyboard or the like to provide user 
input to indicate all of the required use cases. This may 
include configuration of other parts of the Switching circuit 
39, for example any gain applied in the pre-conditioning or 
post-conditioning blocks. The configuration process may 
interact with an actual Switching circuit in an application, e.g. 
in an actual prototype device, or may interact with a simula 
tion of the signal processing to assist debug. 
0259. The screen also contains an area 1220 showing the 
available functional blocks. Thus, FIG. 31 shows a situation 
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where the user has dragged and dropped a representation 
1222 of a DSP blockinto the working area 1200, with the area 
1220 then showing that one of the three available DSP blocks 
has beenplaced. Similarly, an equaliser 1224 has beenplaced, 
and the area 1220 shows that one of the eight available equa 
lisers has been placed. 
0260 The user requires that data from the second digital 
audio interface 1226 should pass to the equaliser 1224, and 
then to the DSP block 1222, and then to the output 1228. 
0261 However, the user interface is also able to recognise 
that every signal path between functional blocks must have a 
consistent sample rate. 
0262. However it has been specified that the second digital 
audio interface 1226 produces data with a sample rate of 8 
kSamples/second, while the equaliser 1224 is operating at 48 
ksamples/second. Thus a sample rate converter 1230 needs to 
be included between the second audio interface 1226 and the 
equaliser 1224. Thus, there are four required paths through 
the mixer, namely: from the second digital audio interface 
1226 to the sample rate converter 1230 at 8 ksamples/second; 
from the sample rate converter 1230 to the equaliser 1224 at 
48 ksamples/second; from the equaliser 1224 to the DSP 
block 1222 at 48 ksamples/second; and from the DSP block 
1222 to the output 1228 at 48 ksamples/second. 
0263. The sample rate converter 1230 may be added 
manually by the user, possibly followed by the software 
checking for consistent sample rates. Alternatively, the con 
figuration Software may be intelligent enough to recognise 
the need for the sample rate converter as soon as the user 
attempts to draw the track from the second interface to the 
equaliser, and to insert it automatically. 
0264. As described here, the sample rates of the functional 
blocks and interfaces are specified by the user, allowing the 
need for sample rate conversion to be deduced by the interface 
software. Conversely, the sample rate converters could be 
placed by the user, allowing the sample rates of the functional 
blocks to be deduced by the interface software. 
0265 All of the required use cases can be specified in the 
same way. 
0266 FIGS. 32, 34, 35 and 36 above illustrate one use 
case, in which a call recording function is provided. 
0267 FIG.37a illustrates an alternative use case, in which 
a local voice mail (Local Voice MailTM) function is provided. 
The local voice mail function can be activated when the phone 
user presses a button to forward an incoming Voice call to 
local Voice mail, or when the phone user has set up the phone 
so that an incoming Voice call is forwarded to local Voice 
mail, either automatically on receipt of the call, or when the 
call remains unanswered after a predetermined number of 
rings. In any of these events, this use case is activated. 
0268. In this use case, the caller is prompted to leave a 
Voice message for the phone user, and this is stored in the 
phone itself, allowing the phone user to retrieve the message 
even when there is no network coverage available. 
0269 Specifically, the received voice message is received 
in the baseband processor of the phone, which in this case is 
connected to the Nth digital audio interface 52.N. A signal 
path is established through the mixer to the first digital audio 
interface 52.1, to which the applications processor is con 
nected. The Voice message can therefore bestored in memory 
that is controlled and accessed by the applications processor. 
Alternatively, a signal path may be established through the 
mixer to the first digital audio interface 52.1, to which a 
wireless transceiver, i.e. a wireless codec, can be connected. 
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The Voice message can therefore be stored in memory that is 
controlled and accessed by another device that is wirelessly 
connected to receive data i.e. voice messages, from the wire 
less transceiver. 
0270. The signal path through the mixer does not need to 
contain any sample rate conversion, because the data repre 
senting the Voice message can be received on the digital audio 
interface 52.N and transferred to the digital audio interface 
52.1 without any change in Sample rate from its original 
sample rate, 8 ksamples/second for example, even if there are 
other processes being handled at the same time at higher 
sample rates, for example if recorded audio signals at a 48 
kSamples/second sample rate are being passed through the 
mixer. The signal path through the mixer also does not need to 
be scaled in any way. 
(0271 The local voice mail (LVMTM) function may be pro 
vided by an application i.e. software, commonly referred to as 
an “app', that is downloadable via the internet for which a 
user would pay a license fee. 
0272 Alternatively the digital audio hub may already con 
tain the local Voice mail function, i.e. the local Voice mail 
function is embedded in the digital audio hub when shipped, 
but in a disabled state. In order to enable the embedded local 
voice mail, a “key' will be required to unlock the lock that 
disables the local voice mail. In such a scenario the key, i.e. a 
code in the form of software, is downloaded via the internet 
for which a user would pay a licence fee. 
0273 Clearly the device and environment in which the 
local voice mail will be required to function will need to be 
considered when developing the software for local voice 
mail. Such considerations are routine practice in the state-of 
the-art for developers of so called software drivers. 
0274. Once installed or enabled, the activation of local 
voice mail (LVMTM) may be controlled by the user via a 
keypad or touchscreen of the device on which it operates: 
Such a device being a mobile phone, a Smartphone a tablet for 
example. 
0275. How the local voice mail is activated may be carried 
out by means of selecting a scenario from a drop down menu 
for example. Alternatively, selection may be by means of an 
icon. The local Voice mail menu or icons can represent, for 
example, that an incoming call is: to be automatically stored 
without the phone ringing; to be stored after a certain number 
ofrings if the user does not answer the call; or not to be stored 
in local voice mail. Additionally a menu or icon may represent 
that the caller is sent a pre-recorded message prompting the 
caller to leave a voice message for the phone user. 
0276. When a new local voice mail message is stored in 
memory the device can indicate this fact by means of an icon 
on the screen much in the same way as new non-local Voice 
mail messages are indicated to the user. 
0277 Access to stored local voice mail may be via a menu 
or icon. Furthermore, a password may also be required to be 
entered before the stored local voicemail may be retrieved. 
The password could be in the form of a sequence of numbers 
and/or letters and/or, in the case of touchscreen patterns. 
0278 Advantages of local voice mail include the fact that: 
the phone user is able to retrieve messages in the event there 
is no network coverage available; there is no cost to the user 
(other than the license fee) involved with retrieving local 
Voice mail messages; and the traffic on the network associated 
with retrieving non-local voice messages is reduced. 
0279 Another advantage of local voicemail is that it is less 
prone to phone hacking. A would-be “hacker would have to 
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have physical access to the device and then, if password 
protected, the password in order to access stored local Voice 
mail. 
0280. There are other use cases in which the ability to pass 
data from one interface to another interface without any scal 
ing or sample rate conversion is essential to maintain the 
integrity of the data especially when coded in Some way. For 
example, FIG. 37b shows the case of coded data that may be 
compressed or companded data, that is received from one 
processor, and is intended to be expanded or uncompanded, 
i.e. decoded, again by another processor, where any sample 
rate conversion or Scaling of the data would risk changing the 
content of the coded data after that expansion. Somewhat 
similarly, data can be received on one interface in one proto 
col format, and passed through the mixer on a direct path 
without sample rate conversion or Scaling to another inter 
face, in which it can be converted to a different protocol 
format. Again, the data can be passed from one interface to 
another interface without any sample rate conversion, even 
while data is being transferred on other signal paths with 
different sample rates. 
0281. As mentioned above, the mixer is shared between all 
of the paths that are active at any time, on a time division 
multiplexed basis. In order to ensure correct operation of the 
device, it is necessary for the operations performed by the 
mixer to be sequenced appropriately. 
0282 Given a number, Ns, of signal source ports and a 
number, Nd, of signal destination ports, one possibility for 
sequencing the required connections would be for the desti 
nation selector to cycle through the destination ports in turn 
for Nd DCLK periods, and for the source selector to cycle 
through all NS Source ports in turn during each of these sets of 
Ns DCLK periods. This would take a total of Ns-Nd DCLK 
periods. This is possibly an acceptable implementation, for 
simplicity, for a routing circuit with only a small number (say 
less than 10) of sources and destinations, but is grossly inef 
ficient for more typical routing circuits with say 50 sources 
and 50 destinations, that would require 2500 DCLK clock 
cycles per SCLK period, even when only a few of the path 
segments are required to carry signals. 
0283 For an arrangement using a number Nm of multiple 
mixers, such as shown in FIG. 19, this might be reduced to 
Ns-Nd/Nm), but this is still inefficient in DCLK cycles for 
Small Nm, and inefficient in silicon area and power consump 
tion for large Nm. It is unusual for a destination to require a 
mix of data streams from even four signal source ports, so 
even cycling though all 50 destinations and allowing up to 
four selector ports for each channel, would greatly reduce the 
number of DCLK periods needed (to 4x50=200). In the rout 
ing circuit shown in FIG. 14, many destinations are shown 
with only one or two selectorports per channel, which proves 
to be sufficient. Also, in most use cases, only a few destina 
tions may be used, further reducing the number of DCLK 
periods needed. 
0284 Thus it is advantageous to use control circuitry for 
the selectors that only selects the path segments to be used, as 
defined in the register map for instance. 
0285. The number of routing operations that can be per 
formed in one fixed period of time depends on the number of 
mixers, and on the ratio of the data clock rate to the sample 
rate (or rates) of the data. The number of routing operations 
that could theoretically be required depends on the number of 
Source ports and the number of destination ports, and on the 
sample rate (or rates) of the data. In embodiments here, as 
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described above, the multiplexing of the mixer is such that the 
number of routing operations that can be performed in one 
fixed period of time is much smaller than the number of 
routing operations that could theoretically be required. For 
example, the number of routing operations that can be per 
formed in one fixed period of time might be less than one 
quarter, less than one tenth, less than one fortieth, or less than 
one hundredth of the number of routing operations that could 
theoretically be required. 
0286 FIG. 38 is a timing diagram, illustrating a first pos 
sible way of sequencing a required series of operations, 
derived from the use case described above in respect of FIGS. 
32, 34, 35 and 36. 
0287 Thus, there are twelve data routing operations (i.e. 
path segments) that each need to be scheduled regularly, with 
seven of them having a 48 ksamples/second sample rate, and 
the other five having an 8ksamples/second sample rate. These 
operations are identified in FIG.38 by their Register Address, 
Channel ID and Source ID, as well as the sample rate. 
0288 The clock periods of the data clock DCK are num 
bered across the top of the chart and, during each of these 
clock periods, it is indicated whether or not each of the opera 
tions has a pending calculation, or whether that operation has 
been selected for calculation. FIG. 38 shows a relatively 
simple case, in which it is the operation that has a pending 
calculation, and that has the lowest Register Address, that is 
selected for calculation. Thus, by data clock period 1, all 
operations have a pending calculation, and during data clock 
period 1, it is the operation at Register Address 010h that is 
selected for calculation. During data clock period 2, the 
operation at Register Address 010h no longer has a pending 
calculation, and it is the operation at Register Address 014h 
that is selected for calculation, and so on. 
0289. The data clock rate needs to be set high enough that 
the scheduling method causes the data to be calculated at the 
required rate for each of the operations. 
0290 This is illustrated with reference to the following 
figures. 
0291 FIG. 39, made up of FIGS. 39(a) and 39(b) on 
different sheets, is a second timing diagram, illustrating a 
second possible way of sequencing a required series of opera 
tions, derived from the use case described above in respect of 
FIGS. 32, 34, 35 and 36. 
0292. Thus, as in FIG. 38, there are the same twelve data 
routing operations that each need to be scheduled regularly, 
with seven of them having a 48 kbps sample rate, and the other 
five having an 8 kbps sample rate. These operations are iden 
tified in FIG. 39 by their Register Address, Channel ID and 
Source ID, as well as the sample rate, but in FIG. 39 the 
operations having the same sample rate are grouped together, 
and they are listed in order of their Channel ID within each 
group. 
0293. The clock periods of the data clock DCK are num 
bered across the top of the chart and, during each of these 
clock periods, it is indicated whether or not each of the opera 
tions has a pending calculation, or whether that operation has 
been selected for calculation. 
0294 FIG. 39 also shows a “time to deadline' for each 
operation, although this is not used by the scheduling method 
of FIG. 39. Thus, each of the operations must be performed 
once during each of its respective SCK periods, and the start 
point of FIG. 39 is a start point of the 8 kHz, sample clock and 
of the 48 kHz, sample clock. The data clock DCK rate is set 
such that there are 72 DCK periods during each period of the 
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8 kHz, SCK, and thus of course 12 DCK periods during each 
period of the 48 kHz, SCK. (That is, the data clock rate is set 
to 576 kHz.) 
0295 The “time to deadline' during any given data clock 
period is therefore the number of data clock periods that 
remain before the end of that sample clock period i.e. before 
the “deadline' by which the data routing operation must be 
performed. That is, for example, after six DCK periods, there 
remain six DCK periods before the end of the 48 kHz, SCK 
period, and 66 DCK periods before the end of the 8 kHz SCK 
period. 
0296 FIG. 39 illustrates a scheduling method, in which it 

is the operation that has a pending calculation, and that has the 
highest sampling rate that is selected for calculation. When 
there are two or more operations that have pending calcula 
tions and that have the same highest sampling rate, it is the 
operation having the lowest Channel ID that is selected for 
calculation. When there are two or more operations having 
the same lowest Channel ID, it is the operation having the 
lowest Source ID that is selected for calculation. 
0297 Thus, by data clock period 1, all operations have a 
pending calculation, and during data clock period 1, it is the 
operation at Register Address 014h that is selected for calcu 
lation. (It is one of the seven operations that has the highest 
sample rate, and it has the lowest Source ID of the two 
operations out of those seven that have the lowest Channel 
ID.) 
0298. During data clock period 2, the operation at Register 
Address 014h no longer has a pending calculation, and it is 
the operation at Register Address 016h that is selected for 
calculation (it is one of the six operations with pending cal 
culations that has the highest sample rate, and it has the lowest 
Channel ID of those). During data clock period 3, the opera 
tion at Register Address 058h is selected for calculation 
because it is one of the five operations with pending calcula 
tions that has the highest sample rate, and it has the lowest 
Channel ID of those, and so on. 
0299 Thus, after the seven operations with 48 ksamples/ 
second sample rates have been performed during data clock 
periods 1-7, the five operations with 8 ksamples/second 
sample rates are performed during data clock periods 8-12, 
because the seven operations with 48 ksamples/second 
sample rates do not have any pending calculations during data 
clock periods 8-12. 
0300. The next calculations for the seven operations with 
48 ksamples/second sample rates are then performed during 
data clock periods 13-19, but no operations are performed 
during data clock periods 20-24, because there are no opera 
tions with pending calculations. 
0301 FIG. 39 shows slightly more than one full calcula 
tion cycle of this process. 
0302. Thus, FIG. 39 shows that the use of a data clock rate 
of 576 kHz is actually slightly inefficient, because there are 
certain data clock periods during which no calculations can 
be scheduled. 

0303 FIG. 40, made up of FIGS. 40(a) and 40(b) on 
different sheets, is a third timing diagram, illustrating a third 
possible way of sequencing a required series of operations, 
derived from the use case described above in respect of FIGS. 
32, 34, 35 and 36. 
0304 Thus, as in FIGS. 38 and 39, there are the same 
twelve data routing operations that each need to be scheduled 
regularly, with seven of them having a 48 kbps sample rate, 
and the other five having an 8 kbps sample rate. These opera 
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tions are identified in FIG. 40 by their Register Address, 
Channel ID and Source ID, as well as the sample rate, and in 
FIG. 40, as in FIG. 39, the operations having the same sample 
rate are grouped together, and they are listed in order of their 
Channel ID within each group. 
0305 The clock periods of the data clock DCK are num 
bered across the top of the chart and, during each of these 
clock periods, it is indicated whether or not each of the opera 
tions has a pending calculation, or whether that operation has 
been selected for calculation. 
0306 FIG. 40 also shows a “time to deadline' for each 
operation, although this is not used by the scheduling method 
of FIG. 40. 
0307. The data clock DCK rate is set such that there are 48 
DCK periods during each period of the 8 kHz, SCK, and thus 
of course 8 DCK periods during each period of the 48 kHz 
SCK. (That is, the data clock rate is set to 384 kHz.) 
0308 FIG. 40 illustrates the same scheduling method as 
FIG. 39, in which it is the operation that has a pending cal 
culation, and that has the highest sampling rate that is selected 
for calculation. When there are two or more operations that 
have pending calculations and that have the same highest 
sampling rate, it is the operation having the lowest Channel 
ID that is selected for calculation. When there are two or more 
operations having the same lowest Channel ID, it is the opera 
tion having the lowest Source ID that is selected for calcula 
tion. (The Channel ID needs to be prioritised before the 
Source ID when selecting operations for calculation, in order 
to ensure that all of the Source IDs acting as data sources for 
a single data destination are selected one after the other.) 
0309 Thus, by data clock period 1, all operations have a 
pending calculation, and during data clock period 1, it is the 
operation at Register Address 014h that is selected for calcu 
lation. (It is one of the seven operations that has the highest 
sample rate, and it has the lowest Source ID of the two 
operations out of those seven that have the lowest Channel 
ID.) 
0310. During data clock period 2, the operation at Register 
Address 014h no longer has a pending calculation, and it is 
the operation at Register Address 016h that is selected for 
calculation (it is one of the six operations with pending cal 
culations that has the highest sample rate, and it has the lowest 
Channel ID of those). During data clock period 3, the opera 
tion at Register Address 058h is selected for calculation 
because it is one of the five operations with pending calcula 
tions that has the highest sample rate, and it has the lowest 
Channel ID of those, and so on. 
0311. Thus, after the seven operations with 48 ksamples/ 
second sample rates have been performed during data clock 
periods 1-7, the five operations with 8 ksamples/second 
sample rates still have calculations pending, but the seven 
operations with 48 ksamples/second sample rates do not have 
any pending calculations. 
0312. During data clock period 8, it is the operation at 
Register Address 010h that is selected for calculation (the five 
operations with pending calculations all have the same 
sample rate, and it has the lowest Channel ID of those). 
0313 During data clock period9, a new SCK period of the 
48 kHz, SCK has started, and so the seven operations with 48 
kSamples/second sample rates now have pending calculations 
again. Thus, the seven operations with 48 ksamples/second 
sample rates are performed during data clock periods 9-15, in 
the same order as before. After data clock period 15, the seven 
operations with 48 ksamples/second sample rates do not have 
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any pending calculations, and neither does the operation at 
Register Address 010h. Therefore, during data clock period 
16, it is the operation at Register Address 06Eh that is selected 
for calculation (the four operations with pending calculations 
all have the same sample rate, and it has the lowest Channel 
ID of those). 
0314. This process repeats, with the five operations having 
an 8 ksamples/second sample rate being performed during 
data clock periods 8, 16, 24, 32, and 40. FIG. 40 shows 
slightly more than one full calculation cycle, from which it 
can be seen that the use of the data clock rate of 384 kHz is 
sufficient to allow all of the required calculations to be sched 
uled. In fact, no calculation is performed during data clock 
period 48, because there is no operation with a pending cal 
culation. 
0315 FIG. 41, made up of FIGS. 41(a) and 41(b) on 
different sheets, is a fourth timing diagram, illustrating a 
fourth possible way of sequencing a required series of opera 
tions. 
0316. In the example illustrated in FIG. 41, there are the 
same twelve data routing operations that each need to be 
scheduled regularly, but in this case the seven higher data rate 
operations have a 44.1 ksamples/second sample rate, and the 
other five have an 8 ksamples/second sample rate. These 
operations are identified in FIG. 41 by their Register Address, 
Channel ID and Source ID, as well as the sample rate, and in 
FIG. 41, as in FIGS. 39 and 40, the operations having the same 
sample rate are grouped together, and they are listed in order 
of their Channel ID within each group. 
0317. The clock periods of the data clock DCK are num 
bered across the top of the chart and, during each of these 
clock periods, it is indicated whether or not each of the opera 
tions has a pending calculation, or whether that operation has 
been selected for calculation. 
0318 FIG. 41 also shows a “time to deadline' for each 
operation, although this is not used by the scheduling method 
of FIG. 41. 
0319. The data clock DCK rate is set such that there are 8 
DCK periods during each period of the 44.1 kHz SCK. That 
is, the data clock rate is set to 352.8 kHz. The 8 kHz rate is 
asynchronous with this data clock rate, and so one 8 kHz 
period can contain either 44 or 45 DCK periods. In the illus 
trated implementation, a worst case is assumed, because it 
cannot be predicted which periods will contain 44 DCK peri 
ods and which will contain 45 DCK periods. Thus, it is 
assumed that each 8 kHz period contains 44 DCK periods. 
0320. It is also possible in all of these illustrated cases to 
use “sandbagging, particularly when the sample clock rates 
are not known exactly in advance. For example, if the sample 
rate of the data that has the nominal sample clock rate of 44.1 
kHz is actually independent of the DCK, it might actually in 
Some situations be less than 44 kHz, and so for safety it might 
be assumed that each 8 kHz period contains only 43 DCK 
periods. 
0321. It is also possible to include a “learning cycle' in 
advance of the calculation phase, wherein the actual sample 
clock rates are determined. Thus, during an initial period, the 
sample clock rates of the signals are measured, and the mea 
Sured sample clock rates are used as the basis for the Subse 
quent scheduling. 
0322 FIG. 41 illustrates the same scheduling method as 
FIGS. 39 and 40, in which it is the operation that has a pending 
calculation, and that has the highest sampling rate that is 
selected for calculation. When there are two or more opera 
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tions that have pending calculations and that have the same 
highest sampling rate, it is the operation having the lowest 
Channel ID that is selected for calculation. When there are 
two or more operations having the same lowest Channel ID, it 
is the operation having the lowest Source ID that is selected 
for calculation. 
0323 Thus, at the start of data clock period 1, all opera 
tions have a pending calculation, and during data clock period 
1, it is the operation at Register Address 014h that is selected 
for calculation. (It is one of the seven operations that has the 
highest sample rate, and it has the lowest Source ID of the two 
operations out of those seven that have the lowest Channel 
ID.) 
0324. During data clock period 2, the operation at Register 
Address 014h no longer has a pending calculation, and it is 
the operation at Register Address 016h that is selected for 
calculation (it is one of the six operations with pending cal 
culations that has the highest sample rate, and it has the lowest 
Channel ID of those). During data clock period 3, the opera 
tion at Register Address 058h is selected for calculation 
because it is one of the five operations with pending calcula 
tions that has the highest sample rate, and it has the lowest 
Channel ID of those, and so on. 
0325 Thus, after the seven operations with 44.1 ksamples/ 
second sample rates have been performed during data clock 
periods 1-7, the five operations with 8 ksamples/second 
sample rates still have calculations pending, but the seven 
operations with 44.1 ksamples/second sample rates do not 
have any pending calculations. 
0326. During data clock period 8, it is the operation at 
Register Address 010h that is selected for calculation (the five 
operations with pending calculations all have the same 
sample rate, and it has the lowest Channel ID of those). 
0327. During data clock period9, a new SCK period of the 
44.1 kHz, SCK has started, and so the seven operations with 
44.1 ksamples/second sample rates now have pending calcu 
lations again. Thus, the seven operations with 44.1 ksamples/ 
second sample rates are performed during data clock periods 
9-15, in the same order as before. After data clock period 15, 
the seven operations with 44.1 ksamples/second sample rates 
do not have any pending calculations, and neither does the 
operation at Register Address 010h. Therefore, during data 
clock period 16, it is the operation at Register Address 06Eh 
that is selected for calculation (the four operations with pend 
ing calculations all have the same sample rate, and it has the 
lowest Channel ID of those). 
0328. This process repeats, with the five operations having 
an 8 ksamples/second sample rate being performed during 
data clock periods 8, 16, 24, 32, and 40. 
0329. Because the data clock illustrated in FIG. 41 is run 
ning slightly more slowly than that illustrated in FIG. 40 the 
SCK period of the 8 kHz, SCK ends at data clock period 44. 
and so the five operations having an 8 kbps sample rate have 
pending calculations from data clock DCK period 45 
onwards. 
0330. This means that the operation at Register Address 
010h can be selected for calculation during data clock period 
48. 
0331 FIG. 42 is a further timing diagram, illustrating a 
further possible way of sequencing a required series of opera 
tions. In order to illustrate the differences between this 
sequencing method and those described above, there are now 
fourteen data routing operations that each need to be sched 
uled regularly, with seven of them having a 48 ksamples/ 
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second sample rate, and the other seven having a 32 ksamples/ 
second samplerate. These operations are identified in FIG. 42 
by their Register Address, Channel ID and Source ID, as well 
as the sample rate. In FIG. 42, the operations having the same 
sample rate are grouped together, and they are listed in order 
of their Channel ID within each group. 
0332 The clock periods of the data clock DCK are num 
bered across the top of the chart and, during each of these 
clock periods, it is indicated whether or not each of the opera 
tions has a pending calculation, or whether that operation has 
been selected for calculation. 

0333 Each of the operations must be performed once dur 
ing each of its respective SCK periods, and the start point of 
FIG. 42 is a start point of the 32 kHz, sample clock and of the 
48 kHZsample clock. The data clock DCK rate is set such that 
there are 18 DCK periods during each period of the 32 kHz 
SCK, and thus of course 12 DCK periods during each period 
of the 48 kHz, SCK. (That is, the data clock rate is set to 576 
kHz.) 
0334 FIG. 42 also shows a “time to deadline' for each 
operation. The “time to deadline' during any given data clock 
period is therefore the number of data clock periods that 
remain before the end of that sample clock period i.e. before 
the “deadline' by which the data routing operation must be 
performed. That is, for example, after six DCK periods from 
the start point of FIG. 42, there remain six DCK periods 
before the end of the 48 kHz SCK period, and twelve DCK 
periods before the end of the 32 kHz, SCK period. 
0335 FIG. 42 illustrates a scheduling method, in which it 

is the operation that has a pending calculation, and that has the 
shortest “time to deadline' that is selected for calculation. 
When there are two or more operations that have pending 
calculations and that have the same shortest “time to dead 
line', it is the operation having the highest sampling rate that 
is selected for calculation. When there are two or more opera 
tions that have pending calculations and that have the same 
shortest “time to deadline' and the same highest sampling 
rate, it is the operation having the lowest Channel ID that is 
selected for calculation. When there are two or more opera 
tions having the same lowest Channel ID, it is the operation 
having the lowest Source ID that is selected for calculation. 
0336 Thus, before data clock period 1, all operations have 
a pending calculation, and during data clock period 1, it is the 
operation at Register Address 014h that is selected for calcu 
lation. (It is one of the seven operations that has the same 
shortest “time to deadline', and the highest sample rate, and 
it has the lowest Source ID of the two operations out of those 
seven that have the lowest Channel ID.) 
0337. During data clock period 2, the operation at Register 
Address 014h no longer has a pending calculation, and it is 
the operation at Register Address 016h that is selected for 
calculation (it is one of the six operations with pending cal 
culations that has the shortest “time to deadline', and the 
highest sample rate, and it has the lowest Channel ID of 
those). During data clock period 3, the operation at Register 
Address 058h is selected for calculation because it is one of 
the five operations with pending calculations that has the 
shortest “time to deadline', and the highest sample rate, and 
it has the lowest Channel ID of those, and so on. 
0338. Thus, after the seven operations with 48 ksamples/ 
second sample rates have been performed during data clock 
periods 1-7, only the seven operations with 32 ksamples/ 
second sample rates have pending calculations, and so five of 
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these seven operations (namely, the five operations with the 
lowest Channel IDs) are performed during data clock periods 
8-12. 
0339. Before data clock period 13, a new SCK period of 
the 48 kHZ sample clock period begins, and so the seven 
operations with 48 ksamples/second sample rates, as well as 
the remaining two of the seven operations with 32 ksamples/ 
second sample rates, have pending calculations. 
0340. During data clock period 13, the operation at Reg 
ister Address 064h is selected for calculation (the two opera 
tions with pending calculations that have the shortest “time to 
deadline' both have the same sample rate, and it has the lower 
Channel ID of those). Similarly, during data clock period 14, 
the operation at Register Address 065h is selected for calcu 
lation (it is now the only operation with a pending calculation 
that has the shortest “time to deadline'). 
0341. It will be noted that this scheduling method there 
fore produces different results from the scheduling methods 
described above, under which two of the operations with the 
higher 48 ksamples/second sampling rate would have been 
selected for calculation during data clock periods 13 and 14. 
In fact, the other scheduling methods described above would 
not have been able to schedule all of the required operations 
without increasing the data clock rate. 
0342. During data clock periods 15-18, the operations 
with the 32 ksamples/second sample rate have the shortest 
“time to deadline, but none of them has a pending calcula 
tion, and so the first four of the operations with the 48 
ksamples/second sample rate are selected for calculation. 
(0343 Before data clock period 19, a new SCK period of 
the 32 kHZsample clock begins, and so the seven operations 
with 32 ksamples/second sample rates have pending calcula 
tions. However, the operations with the 48 kbps sample rate 
now have the shortest “time to deadline', and so the last three 
of the operations with the 48 ksamples/second sample rate are 
selected for calculation during data clock periods 19-21. 
0344. During data clock periods 22-24, the operations 
with the 48 ksamples/second sample rate have the shortest 
“time to deadline, but none of them has a pending calcula 
tion, and so the first three of the operations with the 32 
kSamples/second sample rate are selected for calculation. 
(0345 Before data clock period 25, a new SCK period of 
the 48 kHZsample clock begins, and so the seven operations 
with 48 ksamples/second sample rates, as well as the remain 
ing four operations with 32 ksamples/second sample rates, 
have pending calculations. 
0346 Further, all of the operations with pending calcula 
tions now have the same “time to deadline', and so it is the 
sample rate that is used as the basis for selection, and it is the 
seven operations with 48 ksamples/second sample rates that 
are selected for calculation during data clock periods 25-31, 
meaning that the remaining four operations with 32 
kSamples/second sample rates are not selected for calculation 
until data clock periods 32-35. During data clock period 36. 
no operation has a pending calculation. 
0347 FIG. 43 shows in more detail the clock generation 
circuit 80 shown in FIG. 3. The clock generation circuit 80 
comprises a frequency locked loop (FLL) 1100, for generat 
ing a first clock signal at a first clock frequency (C) from an 
input clock signal. In the illustrated embodiment, the FLL 
1100 is able to receive first and second master clock signals. 
For example, the first and second master clock signals might 
be generated on the audio hub integrated circuit itself, or 
might be received from an off-chip source. Such as a crystal 
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oscillator that is used for other purposes in the device in which 
the audio hub is included, or a USB clock source. The FLL 
1100 also receives a control signal for controlling the FLL so 
that the first clock signal is generated at the desired frequency, 
regardless of which of the master clock signals is available at 
that time. In the illustrated embodiment, the first clock fre 
quency is 49.152 MHz, that is, 1024x48 kHz, as commonly 
used in audio systems and applications. 
0348. The first clock signal is passed to a first divider 1102, 
which divides the first clock frequency by 2 to generate a 
second clock signal at a second clock frequency (C). Thus, 
in the illustrated embodiment, the second clock frequency is 
24.576 MHz. The second clock signal is passed to a second 
divider 1104, which divides the second clock frequency by 2 
to generate a third clock signal at a third clock frequency 
(C). Thus, in the illustrated embodiment, the third clock 
frequency is 12.288 MHz. The third clock signal is passed to 
a third divider 1106, which divides the third clock frequency 
by 2 to generate a fourth clock signal at a fourth clock fre 
quency (C). Thus, in the illustrated embodiment, the fourth 
clock frequency is 6.144 MHz. 
0349 The first clock signal is also passed to a first switch 
1108, while the second clock signal is passed to a second 
switch 1110, the third clock signal is passed to a third switch 
1112, and the fourth clock signal is passed to a fourth switch 
1114. 
0350. The chip includes multiple IP blocks, i.e. functional 
blocks, 1120, 1122, 1124, of which only three are shown in 
FIG. 43, although it will be appreciated that there will be 
many more such blocks in reality. For example, the IP blocks 
1120, 1122, 1124 might be programmable digital signal pro 
cessing blocks, or digital signal processing blocks having 
fixed functions, as described above. In particular, it is 
intended that one of the IP blocks 1120, 1122, 1124 should be 
the mixer described above. 
0351. For each of the IP blocks 1120, 1122, 1124 there is 
a preferred clock frequency. This preferred clock frequency 
might be fixed, or it might vary depending on the processing 
load at a particular time. In particular, the preferred clock 
frequency of the mixer described above will vary, depending 
on the number of signal paths that need to be processed, as 
described with reference to FIGS. 38-42. 

0352 Associated with each of the IP blocks 1120, 1122, 
1124 there is a respective multiplexer 1126, 1128, 1130. Each 
of the multiplexers 1126, 1128, 1130 receives all four of the 
clock signals at the four clock frequencies C1, C2, Cs, Ca. 
0353. Each of the IP blocks 1120, 1122, 1124 passes a 
control signal to the respective multiplexer 1126, 1128, 1130, 
indicating the preferred clock frequency, at least at that par 
ticular time. Thus, each multiplexer 1126, 1128, 1130 passes 
to its associated IP block 1120, 1122, 1124 a clock signal at 
the preferred clock frequency. This has the advantage that 
each IP block can operate at a clock frequency that is high 
enough to provide the required functionality, but is not so high 
that power is consumed unnecessarily. 
0354 Advantageously, even though the IP blocks 1120, 
1122, 1124 might be physically located at any positions in the 
chip, the associated multiplexers 1126, 1128, 1130 are 
located physically close to the FLL 1100 and the dividers 
1102,1104,1106. This has the effect that clock signals are not 
distributed to IP blocks that will not require them. 
0355 Further, the control signals generated by the IP 
blocks 1120, 1122, 1124, indicating their respective preferred 
clock frequencies, are also passed to a logic block 1136. This 
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determines, for each of the clock frequencies C. C. C. 
C, whether there is an IP block that requires that clock 
frequency. 
0356. For each of the clock frequencies C, C, C, C 
that is required by at least one of the IP blocks, the logic block 
1136 ensures that the respective switch 1108, 1110, 1112, 
1114 is kept closed. However, if there is one of the clock 
frequencies C. C. C. C. that is not required by any of 
the IP blocks, the logic block 1136 ensures that the respective 
switch 1108, 1110, 1112, 1114 is kept open. This has the 
advantage that power is not consumed unnecessarily in dis 
tributing this clock signal even as far as the multiplexers 1126, 
1128, 1130. 
0357 FIG. 44 shows in more detail an alternative form of 
the clock generation circuit 80 shown in FIG. 3. 
0358. The chip includes multiple blocks, 1200. 1, 1200.2, . 
... 1200.M., of which only the first is shown in detail in FIG. 
44. For example, the blocks 1200.1, 1200.2, . . . , 1200.M 
might be programmable digital signal processing blocks, or 
digital signal processing blocks having fixed functions, as 
described above. In particular, it is intended that one of the 
blocks 1200.1, 1200.2, . . . , 1200.M should be the mixer 
described above. 

0359 Each of the blocks 1200. 1, 1200.2, . . . , 1200.M 
includes a respective functional block 1210, an N:1 multi 
plexer 1212, and control logic 1214. For each of the blocks 
1200.1, 1200.2, . . . , 1200.M., there is a preferred clock 
frequency. This preferred clock frequency might be fixed, or 
it might vary depending on the processing load at a particular 
time. In particular, the preferred clock frequency of the mixer 
described above will vary, depending on the number of signal 
paths that need to be processed, as described above. 
0360. A clock generator 1216 is able to generate clock 
signals at a number, N., offrequencies, in this example 49.152 
MHz, 24.576 MHz, 12.288 MHz and 6.144 MHz. 
0361 Each of the IP blocks 1200. 1, 1200.2,..., 1200.M 
passes a N-bit signal to an M:N OR gate 1218, indicating its 
preferred clock frequency, at least at that particular time. 
Where the IP block 1200.1, 1200.2, ..., 1200. M wishes to 
change its preferred clock frequency, the signal that it passes 
to the M:N OR gate 1218 indicates the frequency that is 
wishes to change to, but also indicates its current frequency 
until Such time as the change has been effected. 
0362. The output of the OR gate 1218 is thereforean N-bit 
signal, indicating which of the available frequencies are 
required by any of the blocks 1200.1, 1200.2,..., 1200.M. 
0363 The clock generator 1216 therefore only generates 
clock signals at those frequencies that are required by one or 
more of the blocks 1200.1, 1200.2, ... , 1200.M. 
0364. Each of the clock signals generated is passed to each 
of the N:1 multiplexers 1212, and the control logic 1214 in 
each block 1200.1, 1200.2,..., 1200M selects the frequency 
that is required by the respective functional block 1210. Pref 
erably, the multiplexers 1212 are located close to the clock 
generator 1216, even though this may be relatively distant 
from their respective functional blocks 1210, as this reduces 
power losses associated with passing unnecessarily high fre 
quency clock signals along long paths. 
0365. In addition, the clock generator 1216 sends a control 
signal to a power Supply control block 1220, indicating the 
highest frequency that it is generating. The power Supply 
control block 1220 then sends a signal to the power supply 
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1222, which controls its output voltage, that is the voltage that 
is Supplied as a power Supply Voltage to each of the blocks 
1200.1, 1200.2, ..., 1200.M. 
0366. In general terms, if a functional block is operating 
with a slower clock, it can operate with a lower supply volt 
age. (It would therefore be possible to provide different Sup 
ply Voltages to different functional blocks, depending on their 
clock rates.) However, a more efficient use of silicon can be 
achieved if the same Supply Voltage is provided to every one 
of the functional blocks. Therefore, in this embodiment, the 
same Supply Voltage is provided to every one of the functional 
blocks, but this is varied depending on the highest clock 
frequency Supplied to any of the functional blocks. 
0367 FIG.44a shows in more detailan alternative form of 
the clock generation circuit 80 shown in FIG. 3. The alterna 
tive clock generation circuit 80.1 comprises a frequency 
locked loop (FLL) 1100, for generating a first clock signal at 
a first clock frequency (C) from an input clock signal. In the 
illustrated embodiment, the FLL 1100 is able to receive first 
and second master clock signals. For example, the first and 
second master clock signals might be generated on the audio 
hub integrated circuit itself, or might be received from an 
off-chip source, such as a crystal oscillator that is used for 
other purposes in the device in which the audio hub is 
included, or a USB clock source. The FLL1100 also receives 
a control signal for controlling the FLL so that the first clock 
signal is generated at the desired frequency, regardless of 
which of the master clock signals is available at that time. In 
the illustrated embodiment, the first clock frequency is 
49.152 MHZ, as commonly used in audio systems and appli 
cations. 

0368. As in FIG.43, three IP blocks 1120, 1122, 1124 are 
shown for the purposes of illustration. Each IP block has its 
own preferred clock frequency, and control signals generated 
by the IP blocks 1120, 1122, 1124, indicating their respective 
preferred clock frequencies, are also passed to a logic block 
1136.1. 
0369. The clock signal generated by the FLL 1100 is 
passed to a pulse skip block 1140 in the form of a clock gate. 
A pulse skip control block 1142 contains a counter, for count 
ing pulses in the clock signal generated by the FLL 1100. 
Control signals from the pulse skip control block 1142 are 
passed to a multiplexer 1144 and a control distribution block 
1146. Specifically, in this illustrated embodiment, the pulse 
skip control block generates four data signals, at the four 
available clock frequencies, i.e. 49.152 MHz, 24.576 MHz, 
12.288 MHZ and 6.144 MHZ. 
0370. The logic block 1136.1 determines which of the four 
available clock frequencies is the highest clock frequency 
required by any of the IP blocks 1120, 1122, 1124. Based on 
that determination, the logic block 1136.1 controls the mul 
tiplexer 1144 So that the data signal at that highest frequency 
is passed to the control input of the pulse skip block 1140. In 
response, the pulse skip block 1140 can skip a certain pro 
portion of the pulses in the clock signal generated by the FLL 
1100, in order to generate a clock signal at the highest clock 
frequency required by any of the IP blocks 1120, 1122, 1124. 
This clock signal is then passed from the pulse skip control 
block 1140 to pulse skip blocks 1148, 1150, 1152 associated 
with the three IP blocks 1120, 1122, 1124 respectively. Each 
of the pulse skip blocks 1148, 1150, 1152 is controlled by a 
respective multiplexer 1154, 1156, 1158. 
0371. The four data signals, at the four available clock 
frequencies, are also passed from the pulse skip control block 
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1142 to a control distribution block 1146, which also receives 
a control signal from the logic block 1136.1. Specifically, the 
logic block 1136.1 determines which of the four available 
clock frequencies are required by one or more of the IP blocks 
1120, 1122, 1124. Based on this determination, the control 
distribution block 1146 ensures that data signals at the or each 
frequency that is required by one or more of the IP blocks 
1120, 1122, 1124 are passed to the multiplexers 1154, 1156, 
1158. Thus, the control distribution block 1146 masks that 
data signals at frequencies that are not needed by any of the IP 
blocks 1120, 1122, 1124 so that they are not unnecessarily 
fanned out across the chip. 
0372 Each of the IP blocks 1120, 1122, 1124 is connected 
to send a control signal to its respective associated multi 
plexer 1154, 1156, 1158, so that the multiplexer sends a data 
signal at the required frequency of the IP block to the associ 
ated pulse skip block 1148, 1150, 1152. The pulse skip block 
1148, 1150, 1152 then causes the skipping of the required 
fraction of the pulses in the clock signal from the pulse skip 
block 1140, so that a clock signal at the required frequency is 
passed to the respective IP block 1120, 1122, 1124. 
0373 This has the advantage that the clock signal is dis 
tributed along a single path, regardless of the frequency. 
While data signals at different frequencies are distributed, 
these do not need to be balanced, and so they can be propa 
gated across the chip with less attention needing to be paid to 
the lengths of the signal paths because timing is less of an 
issue for these unbalanced signals. 
0374 FIG. 44b shows in more detail a still further embodi 
ment of the clock generation circuit 80 shown in FIG. 3. This 
alternative clock generation circuit 80.1 is similar to the alter 
native clock generation circuit 80.1 shown in FIG. 44a, and 
features that have the same function as the features of FIG. 
44a are indicated by the same reference numerals. 
0375. In the embodiment shown in FIG.44b, each IP block 
1120, 1122, 1124 has a respective pulse skip controller 1160, 
1162, 1164, which receives a respective signal from the pulse 
skip control block 1142. Based on the respective signal 
received from the pulse skip control block 1142, each pulse 
skip controller 1160, 1162, 1164 causes its respective pulse 
skip block 1148, 1150, 1152 to skip the required fraction of 
the pulses in the clock signal from the pulse skip block 1140, 
so that a clock signal at the required frequency is passed to the 
respective IP block1120, 1122, 1124. 
0376. This means that only one synchronisation signal is 
sent to each IP block, rather than the larger number of pulse 
skip control signals. 
0377 FIG.44c shows an alternative to FIG. 44, illustrating 
the Supply Voltage control, in the situation where the clock 
generation is carried out as shown in FIG. 43a or FIG. 43b. In 
this case, there is only one clock distributed to the IP blocks 
1200. Again, there are pulse skip control signals distributed to 
the IP blocks, under the control of the select control signal and 
pulse skip block 1226, so that each IP block can select an 
appropriate pulse skip rate and pulse skip that clock to pro 
vide a clock of the desired frequency. As described previously 
with respect to FIG. 44, the supply voltage is controlled based 
on the required sample clock(s). 
0378 FIGS. 45-55 illustrate in more detail the operation of 
the mixer in one embodiment of the invention, for example 
the mixer 290 shown in FIG. 15. FIG. 45 is a block diagram, 
illustrating amongst other things the functional structure of 
the mixer, FIGS. 46, 47 and 48 are flow charts, illustrating the 
operation of parts of the mixer, FIG. 49 is a block diagram, 



US 2012/0300960 A1 

illustrating the enable and clock control block in the mixer in 
more detail, FIG.50 is a flow chart showing in more detail a 
part of the method of FIG. 48, FIG. 51 is a flow chart illus 
trating a method performed in a MAC utilisation predictor in 
the mixer, FIG. 52 is a block diagram, illustrating the channel 
scheduler block in the mixer in more detail, FIG. 53 is a flow 
chart illustrating a method performed in the channel Sched 
uler, FIG. 54 is a block diagram, illustrating the calculation 
pipeline in the mixer, and FIG.55 is a flow chart, illustrating 
a method performed in the channel scheduler and the calcu 
lation pipeline. 
0379. In the description of FIGS. 45-55, the term “chan 
nel is used to refer to a signal destination port, that is an 
output from the mixer to a particular DSP function or an 
output from the chip: a channel has a unique address so that 
the output data can be sent over a shared bus. Each output 
channel has one or more “selectors' which each represent a 
possible connection to an input signal or signal source port: a 
selector has an associated register to choose an input signal by 
its address on the input bus and optionally an associated 
register to apply again coefficient to that path segment. 
0380 FIG. 45 illustrates the general functional structure 
of the mixer, and FIG. 46 is a flow chart providing an over 
view of the operation of the mixer in the audio codec. 
0381. The mixer 600 shown in FIG. 45 comprises a regis 
terbank 602, which is programmed by the applications pro 
cessor over a control interface 650, which in turn is pro 
grammed by a system programmer i.e. a user, to set up the 
required connections in the mixer, including gain controls and 
assignment of each channel to one of the available sample 
rates. Thus, the operations corresponding to each of the pro 
grammed use cases are stored in memory associated with the 
applications processor, which also monitors the state of the 
overall device. The operations corresponding to the active use 
cases are then downloaded to the register bank 602 based on 
this state. Thus, for example, when a Smartphone is being 
used for playback of recorded music, by means of an external 
system 23 for example, the relevant operations for that use 
case are stored in the register bank 602. When a phone call is 
started, the use cases for handling Voice calls are downloaded. 
When the user of the device plugs in a headset, the relevant 
operations for that use case are downloaded to the register 
bank 602, and so on. 
0382. The enable and clock control block 604 controls 
which input selectors/output channels are enabled and dis 
abled based on the requests of the user through the register 
bank. 
0383 That is, at any given time, the register bank 602 
indicates to the enable and clock control block 604 whether or 
not each selector is requested to be enabled, and also indicates 
the sample rate of each channel, and the frequency of each 
SCK. 
0384. When the writing of data to the register bank 602 has 
been completed (step 680 in FIG. 46), the enable and clock 
control block 604 also controls clock gearing so that the data 
clock for the mixer (DCK) can be scaled to an appropriate 
frequency. That is, it determines whether the data clock 
(DCK) is fast enough (step 682 in FIG. 46), and adjusts it 
(step 684 in FIG. 46) if it is too slow. Flags indicating which 
selectors are active are set in step 686 of FIG. 46. 
0385. A channel scheduler block 620 picks the next output 
channel that is to be calculated. FIG. 47 is a flow chart illus 
trating a method performed in the channel scheduler block 
620. Thus, when a new data clock (DCK) edge is detected 
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(step 688 in FIG. 47), the channel scheduler block 620 
updates its monitoring of the sample clocks (SCK), in order to 
determine the time-to-deadline for each of the sample clock 
rates, as described in more detail below. 
0386 FIG. 48 is a further flow chart illustrating a method 
performed in the channel scheduler block 620 and the calcu 
lation block 630. In this embodiment, the channel scheduler 
620 chooses the channel that has the earliest deadline as the 
next channel to be calculated (step 694 in FIG. 46). The 
selected channel is notified to the calculation block 630, 
which generates the output for the selected channel (step 696 
in FIG. 48), and this is repeated until all of the calculations 
required in that SCK period have been completed. 
0387. The calculation pipeline block 630 controls fetching 
the data for, and performing the calculation, of an output 
sample value. Within the calculation pipeline block 630, a 
calculation is performed over a number of data clock (DCK) 
periods, as described above. Each output value may need to 
combine data from one or more inputs and operates under 
control of the channel calculation control block 634. Thus, the 
control block 634 obtains from the scheduler 620 the Channel 
ID (i.e. the output address) of the next calculation that it is to 
perform, and it then sends bus control signals and control 
signals for the MAC 292, which iterates through the calcula 
tion steps. 
0388. Once the final step of the calculation has been per 
formed, the result is sent over an output bus (op all bus) 640 
to the appropriate output buffer 642, using the channel's 
output address. As described above, the output buffers 642 are 
associated with the respective signal destinations, and make 
each output sample available for the entire duration of one 
period of the relevant sample clock after the period in which 
the calculation is performed. The output can then be trans 
ferred to the intended output over a respective output bus 644 
at Some point during that Subsequent sample clock period. 
0389. As mentioned above, the data clock DCK frequency 
can be varied, and is preferably held at the lowest frequency 
that is consistent with ensuring that all of the required opera 
tions can be performed so as to advantageously minimise 
power consumption. Thus, as shown in FIG. 49, and as 
described in more detail below, the enable and clock control 
block 604 includes a selector status block 606, which indi 
cates which operations are active at any one time, and a MAC 
utilisation predictor (MUP) function 608, which determines 
the minimum frequency of the data clock (DCK) required to 
perform calculations for all selectors that are currently 
enabled or requested to be enabled. 
0390 FIG. 50 is a flow chart, illustrating a method per 
formed by the enable and clock control block 604. 
0391 The method of FIG. 50 starts at step 720, but the 
processing only begins at step 722, when the writing of data 
to the register bank 602 has been completed (as also shown at 
step 680 in FIG. 48). 
0392. In step 724, it is determined which of the possible 
selectors are desired at that specific time. As described in 
more detail with regard to FIG. 49, a selector is determined to 
be “desired if it is being requested by one of the processes at 
that time, and/or if the selector remains "current'. 
0393 As shown in FIG. 49, the enable and clock control 
block 604 contains a selector status block 606 for each of the 
possible selector inputs for each of the channels, with only 
one such selector status block 606 being shown for reasons of 
clarity in FIG. 49. 
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0394 Each selector status block 606 includes a multi 
plexer 750, and each of these multiplexers receives inputs 
corresponding to the rates of all of the available sample clocks 
(SCK). Each multiplexer 750 receives a select input, corre 
sponding to the SCK appropriate to the channel associated 
with that selector. A latch 752 is then clocked on each rising 
edge of that appropriate sample clock signal. 
0395. Each selector status block 606 also receives a flag on 

its input line 754, indicating whether that particular selector 
has been “requested’, that is, whether it has been identified by 
the register bank 602 as being used in one of the active use 
cases. The selector “requested' flag is passed to one input of 
an AND gate 756, and also to a latch 758, which passes it on 
to a second input of the AND gate 756 only if it receives a 
DCK OK signal from the clock gearing control block 610, 
indicating that the current data clock (DCK) rate is acceptably 
fast. If the DCK clock frequency is not currently fast enough, 
but can be speeded up, this can temporarily block this selector 
from being processed until the speeding up has taken place. If 
the DCK clock frequency is at maximum, this can perma 
nently block the selector from becoming operational. 
0396. If the selector “requested' flag is set, and is also 
passed by the latch 758, the AND gate 756 generates a selec 
tor “active’ flag. The selector “active’ flag is passed to the 
latch 752, which passes it on as a selector “current flag, 
based on the control signal supplied from the multiplexer 750. 
The selector “active’ flag is also passed to the channel sched 
uler, as described in more detail below. 
0397. The IDs of the selectors, for which the selector 
'current' flag is set, are passed to the channel calculation 
control block 634 of the calculation pipeline block 630. It is 
these selectors that are operational, and need to be processed 
in the current sample clock period. Thus, when a selector is 
requested, it will first become “active', but it will not become 
“current until the start of its next SCK period, in order to 
prevent this from occurring just before the end of a SCK 
period, when it might be impossible to schedule it. 
0398 Also, the selector “requested’, and selector “cur 
rent signals are passed to an OR gate 760, and the outputs of 
the respective OR gates in each of the selector status blocks 
606 are passed as the selector “desired bits to the MAC 
utilisation processor (MUP) block 608. It is therefore the 
selectors for which the “desired flag is set that are taken into 
consideration when determining the required data clock rate, 
as described below. Thus, the “desired flag is set for any 
selector that has been “requested’, even if it has not yet 
become “active', and also for any selector that remains “cur 
rent’, even if it has ceased to be “requested or “active'. 
0399. The enable and clock control block 604 also 
includes a SCK Status block 762 for each SCK. Each SCK 
status block controls the frequency of its respective SCK, in 
particular managing the transition from one frequency to 
another when required. In one example, the number of SCK 
status blocks 762 might for example be four, meaning that 
there might be four different SCKs available at any one time. 
However, those four SCKs can be selected from a larger 
group of SCKs that have been made potentially available. 
04.00 When a SCK clock at a particular frequency is 
required, the SCK freq 1 register is changed to a value 
representing the new required frequency. The register value 
can be mapped to the frequency in any convenient manner. 
The implementation is simplest if there is some kind of order 
So, in one example, this mapping can be chosen to match a 
particular industry standard for configuring data rates. For 
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example: 1=12 kHz: 2–24 kHz: 3–48 kHz: etc. 9=11.025 
kHz: 10=22.05 kHz: 11=44.1 kHz: 12=88.2 kHz: etc.; 16–4 
kHz: 17-8 kHz: 18=16kHz; etc. This value representing the 
new frequency is passed to a latch 764, where it is latched 
until the change can be scheduled. 
04.01. The latch 764 is controlled by an OR gate 766. One 
input to the OR gate 766 is the DCKOK signal from the clock 
gearing control block 610, mentioned above, indicating that 
the current data clock (DCK) rate is acceptably fast. The 
second input to the OR gate 766 is the output of a comparator 
768, which determines whether the newly requested SCK 
frequency is less than the currently active SCK frequency. If 
it has been determined that the current data clock (DCK) rate 
is acceptably fast, or if it is determined that the newly 
requested SCK frequency is less than the currently active 
SCK frequency, the newly requested SCK frequency is 
passed through the latch 764 so that it becomes the currently 
active SCK frequency. This frequency is then passed to a 
downcounter in the channel Scheduler, as described in more 
detail below. 
0402. The active frequency is also passed to a second latch 
770, controlled by the SCK clock signal. This ensures that the 
active frequency cannot become the "current frequency until 
the start of the next SCK clock period. When the change takes 
place, the signal indicating the "current frequency is passed 
to the SCK generator, which causes the signal to be generated 
at that frequency. 
0403. The signals indicating the “requested, “active” and 
"current' SCK frequencies are passed to a block 772 which 
determines which of these frequencies is the highest. The 
highest of these three frequencies represents the worst case, 
when determining whether all of the required SCK frequen 
cies can be scheduled at the current DCK rate. The output of 
the block 772 is therefore passed back to the MUP 608, for it 
to determine whether the current DCK rate is adequate, as 
described in more detail below. 
04.04. In step 726 of the process shown in FIG. 50, the 
MUP block 608 calculates the minimum DCK frequency 
required in order to allow all of the required operations to be 
scheduled in their respective sample clock periods. 
04.05 FIG.51 is a more detailed flow chart, illustrating the 
process performed in the MAC utilisation processor (MUP) 
block 608. 
(0406. The process of FIG.51 starts at step 778, and a value 
stored in an accumulator is cleared in step 780. 
0407. In step 784, one of the SCKs, SCK(n), is chosen, and 
the number of selectors associated with that SCK, and for 
which the MUP block 608 has received a selector “desired 
bit from the respective OR gate 760, is counted. That count 
value is increased in step 786 by a first number, to account for 
delays through the calculation pipeline. The first number 
might for example be 5, recognising that a single pipeline 
calculation takes 5 DCK periods. The count value is increased 
in step 788 by a second number to account for possible delays 
in the calculation pipeline block when changing the SCK rate. 
The second number might for example be 3, i.e. one fewer 
than the maximum number of selectors per channel. 
0408. The increased count value therefore represents a 
conservative estimate in a worst case of the possible effect of 
all of the “desired selectors at that SCK rate. 
04.09. In step 790, an arbitrary time period is defined. For 
convenience, that arbitrary time period can be set to the lowest 
common multiple of the periods of signals at the available 
SCK rates. For example, if the available SCK rates are 8 kHz 
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and 48 kHz, their periods are 1/(8 kHz) and 1/(48 kHz), and 
the arbitrary time period can be 1/(8 kHz) i.e. 125us. 
0410. To allow for requested changes in the frequency of 
SCK(n), the worst-case frequency of SCK(n), as determined 
by the output of the respective block 772, is obtained. The 
worst-case, i.e. maximum possible, number of periods of 
SCK(n) in this arbitrary time period is then calculated. In the 
example given above, there is one period of the 8 kHz clock in 
the arbitrary time period of 1/(8 kHz), and six periods of the 
48 kHz clock. This number of periods is multiplied in step 790 
by the count value found in step 788. 
0411. The product found in step 790 is added to an accu 
mulator value in step 792. 
0412 Steps 784-792 are then repeated for each of the 
SCKs. Of course, equivalently, steps 784-792 can be per 
formed in parallel for each of the SCKs. 
0413. The final accumulator value found after step 792 has 
been performed for the final time represents the number of 
operations that might be required in each of the arbitrary time 
periods. 
0414. In step 800, one of the DCK rates, DCK(m), is 
chosen. The number of periods of DCK(m) in the arbitrary 
time period, mentioned above, is then found, and is compared 
with the accumulator value found in the last iteration of step 
792. Thus, this number of periods represents the number of 
operations that might be performed in each of the arbitrary 
time periods. It is therefore determined in step 800 whether 
the accumulator value found in the last iteration of step 792 is 
less than or equal to the number of periods of DCK(m) in the 
arbitrary time period. 
0415. If so, this indicates that, if the data clock rate DCK 
(m) were chosen, it would be less than fully utilised, and the 
process passes to step 802, in which a flag indicating whether 
this would be acceptable (DCK(m). OK) is set equal to 1 
(meaning that it would be acceptable), and is output to the 
clock gearing control block 610. 
0416) If it is determined in step 800 that the accumulator 
value found in the last iteration of step 792 is not less than or 
equal to the number of periods of DCK(m) in the arbitrary 
time period, this indicates that, if the data clock rate DCK(m) 
were chosen, it would be more than fully utilised, and the 
process passes to step 804, in which a flag indicating whether 
this would be acceptable (DCK(m). OK) is set equal to 0 
(meaning that it would not be acceptable), and is output to the 
clock gearing control block 610. 
0417 Steps 800-806 are then repeated for each of the 
DCK rates. Of course, equivalently, steps 800-806 can be 
performed in parallel for each of the DCK rates. 
0418 When all of the DCK rates have been tested in this 
way, the process passes to step 810, and ends. 
0419 Thus, respective flags indicating whether each of the 
DCK rates (namely, in FIG. 49: 6.144 MHZ, 12.288 MHz, 
24.576 MHz and 49.152 MHz) would be acceptable are out 
put from the MUP block 608 to the clock gearing control 
block 610. 
0420. The clock gearing controller 610 uses the output of 
the MAC utilisation predictor 608 in order to select an appro 
priate DCK clock frequency. 
0421 Returning to FIG.50, having calculated the schedu 
lability of the required operations under each of the possible 
DCK rates, the process passes to step 728, in which the clock 
gearing control block 610 determines whether the “desired 
selectors can all be scheduled at the current actual DCK 
frequency. If not, the process passes to step 730, in which an 
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increase in the DCK frequency is requested, by means of a 
"desired clock selection' signal sent to the clock generator 
over the output 612. The clock frequency is then increased in 
step 732. 
0422. Once the DCK frequency has been increased, and it 

is found in step 728 that the “desired selectors can all be 
scheduled at the current actual DCK frequency, the process 
passes to step 734. 
0423. In step 734, a request is sent to the clock generator to 
decrease the DCK frequency, if a lower DCK frequency 
would still allow all of the “desired selectors to be scheduled. 
0424 Thus, the mixer is caused to run on a slower clock 
when fewer selectors are enabled, thus advantageously saving 
power, or the clock frequency can be increased when required 
to accommodate requests for new selectors to become 
enabled. 
0425. If the MAC utilisation predictor function 608 deter 
mines that the current clock frequency is sufficient, then it 
will allow “requested selectors to become “active'; other 
wise, it shall block any selectors from becoming enabled. If 
blocking, this can also be detected by intercepting the signal 
sent to the clock generator, allowing the developer of the 
consumer device incorporating the routing circuit to use this 
as a debug signal. 
0426 In step 740, the DCK OK signal is sent from the 
clock gearing control block 610 to the latch 758 to allow the 
“requested selectors to become “active'. If a request has just 
been sent that the DCK frequency should be increased, then 
the signal is not sent to the latch until the DCK frequency has 
been increased. 
0427. In step 742 of the process shown in FIG.50, an edge 
of the relevant SCK is detected, and step 744 this is used to 
control the latch 752, so that the selector “active’ flags 
become selector “current flags. 
0428. As described above, the channel scheduler 620 
selects a channel for which the next calculation is to be 
performed. The channel scheduler 620 is shown in more 
detail in FIG. 52(a), and FIG. 52(b) is a flow chart illustrating 
a part of the operation of the channel scheduler 620. 
0429. A channel pending flags block 622 in the channel 
scheduler 620 receives the selector “active’ flags from the 
AND gate 756. The channel pending flags block 622 also 
receives all of the available SCK signals and all of the chan 
nel-SCK allocations from the register bank 602. Then, for 
each output channel, a channel pending flag is stored in a 
channel pending flags block 622, to indicate if there is a 
calculation pending. 
0430 FIG. 52(b) illustrates the updating of the channel 
pending flags. Each of the channels is considered separately, 
and although FIG. 52(b) shows them being processed sequen 
tially, they may equally be processed in parallel. 
0431. In step 892 it is determined whether a rising edge of 
the corresponding sample rate clock SCK has been detected. 
If so, the process passes to step 894, and it is determined 
whether that channel is active. If so, the process passes to step 
896, and the channel pending flag is set. 
0432. Thus, if a channel is enabled (that is, if a selector 
“active' flag is received for any of that channel's selectors), a 
channel pending flag is set at the start of each sample period 
assigned to that particular channel, as indicated by the rel 
evant sample clock frequency (SCK). 
0433. There is a respective SCK down-counter block 830. 
1,..., 830.X for each of the sample clocks. Just one of the 
SCK down-counter blocks is shown in detail in FIG. 52 for 
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clarity. A channel listing block 832 in the SCK down-counter 
block identifies the channels having the respective sample 
clock frequency, based on the channel-SCK allocations Sup 
plied to the channel scheduler 620 from the register bank 602. 
The results are passed to a first input of an n-bit AND gate 
834. The Channel IDs having their channel pending flag set 
are passed to a second input of the n-bit AND gate 834. Thus, 
the AND gate 834 in each SCK down-counter block 830 is 
able to identify the pending channels that are associated with 
that SCK, and generates an n-bit output, with each bit indi 
cating whether the respective channel is one that has the 
respective sample clock frequency and has its pending flag 
Set. 

0434. The multi-bit output of the AND gate 834 indicates 
which of the channels at the respective sample rate (SCK) has 
a pending calculation. This multi-bit output is passed to a 
NOR gate 835, which generates an output signal when none 
of the channels at the respective sample rate (SCK) has a 
pending calculation. 
0435 Each SCK down-counter block 830 also contains a 
lookup table (LUT) 836, containing a value that represents 
the period of that SCK, measured in periods of the slowest 
available data clock DCK. A down-counter 838 receives 
pulses of the respective SCK signal for that SCK down 
counter block, and, when a rising edge of that SCK signal is 
detected (step 870 in FIG.53), the value from the lookup table 
836 is loaded into the down-counter 838 (step 872 in FIG.53). 
0436 The down-counter 838 then counts down from that 
value at a rate of one count per period of the slowest available 
DCK signal, or at a rate that is a multiple of the slowest 
available DCK signal if necessary, for each Subsequent period 
in which a rising edge of that SCK signal is not detected. Thus 
the down-counter 838 maintains a record of the time-to 
deadline for that sample clock SCK. 
0437. The output of the NOR gate 835 and the output of 
the down-counter 838 are passed to an OR gate 837. Thus, 
when one or more of the channels at the respective sample rate 
(SCK) has a pending calculation, the down-counter block 830 
outputs its respective current down-counter value (Sck1 
count, Sck2 count, Sckn count) to a comparator 840. When 
none of the channels at the respective sample rate (SCK) has 
a pending calculation, the down-counter block 830 outputs a 
maximum value to the comparator 840. 
0438 Although the use of down-counters 838 is described 
here, it is of course possible to achieve exactly the same effect 
by using an up-counter block to count the periods of the DCK 
signal until a value representing the period of the respective 
SCK signal is reached, in order to determine the remaining 
time-to-deadline for that sample clock SCK. 
0439. As mentioned above, the comparator 840 receives 
the count values associated with the different SCK rates, and 
it then selects the SCK that has the lowest count value, that is, 
the SCK rate with the shortest expected time until the end of 
its sample period out of the SCK rates that have pending 
calculations. 

0440 Thus, the channel scheduler 620 first selects the 
highest priority sample rate. In this illustrated example, an 
“earliest deadline first scheduling method is used. That is, 
the calculation with the earliest deadline is selected first for 
optimum scheduling, and the deadline for the calculation is 
determined by the assigned sample rate. In other examples, 
other scheduling methods can be used. 
0441 Then, from the set of channels assigned to that SCK, 
one channel is selected as the next to be calculated. 
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0442. The comparator 840 outputs a signal identifying the 
selected sample clock, and the block 842 identifies the chan 
nels that are assigned to that sample clock. The result is 
passed to a first input of an AND gate 844, which receives the 
channel pending data on its second input. 
0443) The AND gate 844 thus identifies the pending chan 
nels on the selected sample rate, and the result is passed to a 
priority encoder 846. 
0444 The priority encoder 846 selects a channel. The 
channel chosen must be pending and assigned to the selected 
sample rate, but otherwise is an arbitrary choice. In one 
implementation, channels are chosen in order of ascending 
output address. The selected Channel ID is notified to the 
calculation pipeline controller block 632 in the calculation 
pipeline block 630. 
0445 Once a channel has been accepted by the calculation 
pipeline block 630, the flag that was set in the channel pend 
ing flags block 622 is cleared, until the next sample period. 
Thus at any moment in time, the channel scheduler 620 has a 
record of the calculations that still have to be performed by the 
end of the current sample periods. 
0446. The calculation pipeline controller 632 obtains from 
the scheduler 620 the Channel ID (i.e. the output address) of 
the next calculation that it is to perform, and it then iterates 
through the calculation steps, providing control signals to the 
other blocks in the pipeline, as described in more detail below. 
0447. Once the first step of the calculation has entered the 
pipeline, this is signalled back to the channel pending flags 
block 622, so that the calculation can be marked as success 
fully scheduled. Alternatively, the fact that the final step of the 
calculation has entered the pipeline could be signalledback to 
the channel pending flags block 622. 
0448 FIG. 54 illustrates the form of the calculation pipe 
line block 630, and FIG.55 is a flow chart illustrating the 
method performed in the calculation pipeline block. 
0449 On a new DCK edge (step 914 in FIG. 55), the 
calculation pipeline controller block 632 chooses a channel 
(step 916 in FIG.55), on the basis of the Channel ID received 
on line 940 from the priority encoder 846 of the channel 
scheduler 620, indicating the channel that is to be executed 
next. In step 918 of FIG.55, the calculation pipeline control 
ler block 632 sends a signal (the “advance to next channel” 
signal in FIG. 52) to the channel pending flags block to clear 
the channel pending flag for that channel. As noted above, the 
channel pending flag could as an alternative be cleared when 
the calculation has been completed. 
0450. The calculation pipeline controller block 632 also 
receives on line 942 from the enable and clock control block 
604 the “current Selector IDs. 
0451. In step 920 of the process in FIG.55, the calculation 
pipeline controller block 632 sets a value n to 1. In step 922, 
the calculation pipeline controller block 632 obtains the data 
value for the nth selector associated with the current channel. 
There is a permanent association in the register map between 
the selectors and the channel IDs. Thus, the calculation pipe 
line controller block 632 sends the selector ID on line 944 to 
the register bank 602, which returns the respective Source ID 
online 946. By enabling the mixer input bus, the data value at 
this Source ID can be read, and specifically the data value is 
applied to the first input of a multiplier 950. 
0452. The register bank 602 also returns a respective gain 
setting online 948 (step 924 in FIG.55), and this is applied to 
a coefficient lookup block 952, which generates a corre 
sponding multiplication coefficient. This multiplication coef 
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ficient is applied to a second input of a multiplier 950. Thus, 
in step 926 of the method of FIG.55, the data value is mul 
tiplied by the gain coefficient. For the first selector (when 
there is a signal on the line 958 from the calculation pipeline 
controller that controls the accumulator section 954), this 
result is stored in the accumulator section 954 of the multiply 
accumulate block (MAC) (step 928 in FIG. 55), or for any 
Subsequent selector the result is added to the existing value 
stored in the accumulator section 954 (step 930 in FIG.55) 
which performs a step of the output calculation. 
0453 Instep 932 of FIG.55, it is determined whether there 
are any further selectors for the current channel. If so, the 
process passes to step 934, in which the next DCK pulse edge 
is awaited, and to step 938, in which the value of n is incre 
mented by 1, and steps 922-932 are repeated. 
0454. When it is determined in step 932 that there are no 
further selectors for the current channel (when there is a 
signal on the line 962 from the calculation pipeline control 
ler), the value stored in the accumulator 954 represents the 
final result of the calculation for that channel, namely the sum 
of the one or more input data values, each scaled by the 
respective gain value. 
0455 The calculation pipeline controller block 632 
enables the intended output address for that channel on the 
output bus 640 (by a signal on the line 964), so that the final 
result is stored in the mixer output, i.e. destination, buffer 
associated with the corresponding signal destination block. 
0456. The main user considered in the above is the 
designer or system programmer of the end product or con 
Sumer device, though the end user of the product would also 
be using the product and passing data through it. However the 
ease of re-programming the signal flow though the routing 
circuit, and thus enabling new end use cases also renders it 
feasible for new use cases and/or data for use in one or more 
of the functional blocks to be enabled by either a sophisticated 
end user, or an unsophisticated end user with the help of free 
or paid for downloadable real-time apps software. To avoid 
possible damage (e.g. overdriving speakers by over-riding 
speaker protection paths) there may be paths or gain settings 
which are secured to be not alterable in the end product. 
0457. In transitioning from one use case to another, or 
enabling or disabling use cases, there may be sudden varia 
tions in gain or enabling/disabling paths. To reduce audible 
artefacts during Such changes, the mixing fabric may include 
circuitry to limit the ramp rate of any gain change, to a pre-set 
or programmable rate, and possibly only allow gain changes 
near signal Zero-crossings. 
0458. There is thus provided switching circuitry that 
allows multiple processes to be processed in a mixer at dif 
ferent sample rates, thereby allowing comprehensive and 
highly flexible processing of audio or other signals. 
0459 FIG. 56 shows an electronic device 1000, which 
might for example be an industrial, professional or consumer 
device, and includes a switching circuit 1002, as described 
above, with a plurality of signal sources and signal destina 
tions, and at least one mixer to which the signal sources and 
signal destinations can be connected on a time division mul 
tiplexed basis to establish signal paths. The Switching circuit 
is implemented as an integrated circuit, having a first digital 
interface 1004. Within the device 1000, the first digital inter 
face 1004 is operatively coupled to another integrated circuit 
1006 for receiving and/or providing digital signals to and/or 
from the other integrated circuit. The other integrated circuit 
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1006 comprises either in whole or in part a memory device, a 
short range wireless device and/or a long range wireless 
device. 

0460 FIG. 57 shows an electronic device 1010, which 
might for example be an industrial, professional or consumer 
device, and includes a switching circuit 1012, as described 
above, with a plurality of signal sources and signal destina 
tions, and at least one mixer to which the signal sources and 
signal destinations can be connected on a time division mul 
tiplexed basis to establish signal paths. The Switching circuit 
is implemented as an integrated circuit, having a first digital 
interface 1014 and a second digital interface 1016. Within the 
device 1010, the first digital interface 1014 is operatively 
coupled to a first other integrated circuit 1018 for receiving 
and/or providing digital signals to and/or from the first other 
integrated circuit. Similarly, the second digital interface 1016 
is operatively coupled to a second other integrated circuit 
1020 for receiving and/or providing digital signals to and/or 
from the second other integrated circuit. The first and second 
other integrated circuits 1018, 1020 each comprise either in 
whole or in part a memory device, a short range wireless 
device and/or a long range wireless device. 
0461 FIG. 58 shows an electronic device 1030, which 
might for example be an industrial, professional or consumer 
device, and includes a switching circuit 1032, as described 
above, with a plurality of signal sources and signal destina 
tions, and at least one mixer to which the signal sources and 
signal destinations can be connected on a time division mul 
tiplexed basis to establish signal paths. The Switching circuit 
is implemented as an integrated circuit, having a first digital 
interface 1034, a second digital interface 1036, and a third 
digital interface 1038. Within the device 1030, the first digital 
interface 1034 is operatively coupled to a first otherintegrated 
circuit 1040 for receiving and/or providing digital signals to 
and/or from the first other integrated circuit, the second digi 
tal interface 1036 is operatively coupled to a second other 
integrated circuit 1042 for receiving and/or providing digital 
signals to and/or from the second other integrated circuit, and 
the third digital interface 1038 is operatively coupled to a 
third other integrated circuit 1044 for receiving and/or pro 
viding digital signals to and/or from the third other integrated 
circuit. The first, second and third other integrated circuits 
1040, 1042, 1044 each comprise either in whole or in part a 
memory device, a short range wireless device and/or a long 
range wireless device. 
0462 FIG. 59 shows a communications device 1060, 
which includes a switching circuit 1062, as described above, 
with a plurality of signal sources and signal destinations, and 
at least one mixer to which the signal sources and signal 
destinations can be connected on a time division multiplexed 
basis to establish signal paths. The Switching circuit is imple 
mented as an integrated circuit, having a first digital interface 
1064. Within the device 1060, the first digital interface 1064 
is operatively coupled to another integrated circuit 1066 for 
receiving and/or providing digital signals to and/or from the 
other integrated circuit. The other integrated circuit 1066 
comprises either in whole or in part one or more from the list 
of an applications processor, a wireless codec or a communi 
cations processor 
0463 FIG. 60 shows a communications device 1070, 
which includes a switching circuit 1072, as described above, 
with a plurality of signal sources and signal destinations, and 
at least one mixer to which the signal sources and signal 
destinations can be connected on a time division multiplexed 
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basis to establish signal paths. The Switching circuit is imple 
mented as an integrated circuit, having a first digital interface 
1074 and a second digital interface 1076. Within the device 
1070, the first digital interface 1074 is operatively coupled to 
a first other integrated circuit 1078 for receiving and/or pro 
viding digital signals to and/or from the first other integrated 
circuit. Similarly, the second digital interface 1076 is opera 
tively coupled to a second other integrated circuit 1080 for 
receiving and/or providing digital signals to and/or from the 
second other integrated circuit. The first and second other 
integrated circuits 1078, 1080 each comprise either in whole 
or in part one or more from the list of an applications proces 
Sor, a wireless codec or a communications processor 
0464 FIG. 61 shows a communications device 1090. 
which includes a switching circuit 1092, as described above, 
with a plurality of signal sources and signal destinations, and 
at least one mixer to which the signal Sources and signal 
destinations can be connected on a time division multiplexed 
basis to establish signal paths. The Switching circuit is imple 
mented as an integrated circuit, having a first digital interface 
1094, a second digital interface 1096, and a third digital 
interface 1098. Within the device 1090, the first digital inter 
face 1094 is operatively coupled to a first other integrated 
circuit 1100 for receiving and/or providing digital signals to 
and/or from the first other integrated circuit, the second digi 
tal interface 1096 is operatively coupled to a second other 
integrated circuit 1102 for receiving and/or providing digital 
signals to and/or from the second other integrated circuit, and 
the third digital interface 1098 is operatively coupled to a 
third other integrated circuit 1104 for receiving and/or pro 
viding digital signals to and/or from the third other integrated 
circuit. The first, second and third other integrated circuits 
1100, 1102,1104 each comprise either in whole or in part one 
or more from the list of an applications processor, a wireless 
codec or a communications processor. 
0465. In this disclosure, it will be appreciated that various 
components have been illustrated. Where one such compo 
nent is shown and described, it will be noted that this can be 
replaced by multiple components providing the same overall 
functionality, and similarly where functionality is shown dis 
tributed between different blocks for ease of illustration, this 
functionality can be provided in a single component. 
0466 Reference is made herein to “scaling of signals, 
which can refer to increasing or decreasing the magnitudes or 
values of Such signals, and does not exclude the possibility 
that the signals can be left unchanged. 
0467. It will be apparent that, while certain elements of the 
disclosure have been described in combination for clarity and 
for ease of understanding, these elements could be used inde 
pendently of each other, and that features shown and 
described can be used separately or in any combination. 
0468. The disclosure relates generally to a circuit that may 
be implemented as an integrated circuit, though different 
aspects of the circuit can be implemented in hardware, in 
firmware, in software, or in any combination of these. For 
example, the invention can be implemented in a hardware 
description language provided on a computer readable car 
1. 

0469 Although certain embodiments of the invention 
have been shown and described, it will be apparent that many 
changes could be made without departing from the scope of 
the invention. 
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What is claimed is: 
1. An integrated circuit comprising: 
a digital mixing core configurable to combine a plurality of 

streams of audio data samples, said digital mixing core 
comprising: 

a plurality of digital signal processing blocks wherein each 
of said digital signal processing blocks comprises a 
Source port and a destination port, said digital signal 
processing blocks each being configurable to: receive 
streams of audio data samples at a respective sample 
clock rate at said destination port, process the received 
streams of audio data samples, and transmit the pro 
cessed streams of audio data samples at said respective 
sample clock rate from said source port; 

a clock generator configurable to generate at least a data 
clock; and 

a mixing fabric, said mixing fabric comprising: 
a mixer comprising a multiplier-accumulator, said multi 

plier-accumulator comprising a multiplier-accumulator 
input and a multiplier-accumulator output, said mixer 
being configurable to combine audio data samples in 
response to said data clock; 

a source selector comprising a plurality of source selector 
inputs and a source selector output, said source selector 
output being connected to said multiplier-accumulator 
input, 

a plurality of source buffers each respectively connected 
between a said source port and a said source selector 
input, each source buffer configurable to temporarily 
store a sample of a respective said transmitted Stream of 
audio data samples, 

wherein said source selector is configurable in response to 
a source selector control signal to couple any one of said 
respective source buffers to said multiplier-accumulator 
input; 

a destination selector comprising a destination selector 
input and a plurality of destination selector outputs, said 
destination selector input being connected to said mul 
tiplier-accumulator output, 

a plurality of destination buffers each respectively con 
nected between a said destination port and a said desti 
nation selector output, each destination buffer being 
configurable to temporarily store a sample of a respec 
tive stream of said combined audio data samples, 

wherein said destination selector is configurable in 
response to a destination selector control signal to 
couple any one of said respective destination buffers to 
said multiplier-accumulator output; and 

programmable storage circuitry configurable to store a plu 
rality of configuration data sets, each one of said plurality of 
configuration data sets respectively defining a signal path, 
said signal path comprising at least two source ports and a 
destination port; and 

a controller coupled to said programmable storage cir 
cuitry, said source selector and said destination selector, 
said controller being configured to receive a plurality of 
configuration data and control said source and destina 
tion selectors with respective source and destination 
Selector control signals to establish on a time-division 
multiplexed basis in response to said data clock each one 
of a plurality of respective said defined signal paths 
within each period of a respective sample clock. 

2. An integrated circuit as claimed in claim 1, wherein said 
programmable storage circuitry is configurable to store a 
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second plurality of configuration data sets, each one of said 
second plurality of configuration data sets respectively defin 
ing a signal path, said signal path comprising one source port 
and a destination port, and wherein, when a signal path com 
prises one source port, each destination buffer is also config 
urable to temporarily store a sample of a respective stream of 
output audio data samples derived from the stream of audio 
data samples received from said one source port. 

3. An integrated circuit as claimed in claim 1, wherein the 
programmable storage circuitry is configurable Such that each 
of said configuration data sets identifies at least one scaling 
factor, 

said multiplier-accumulator mixer being configurable to 
multiply the or each received audio data sample by a 
respective Scaling factor. 

4. An integrated circuit as claimed in claim 1, wherein the 
integrated circuit further comprises a plurality of digital 
input interfaces, providing a further plurality of respective 
signal Source ports. 

5. An integrated circuit as claimed in claim 1, wherein the 
integrated circuit further comprises a plurality of digital out 
put interfaces, providing a further plurality of respective sig 
nal destination ports. 

6. An integrated circuit as claimed in claim 1, wherein the 
integrated circuit further comprises a plurality of digital input 
interfaces, providing a further plurality of respective signal 
Source ports, wherein the integrated circuit further comprises 
a plurality of digital output interfaces, providing a further 
plurality of respective signal destination ports, and wherein 
the controller is configurable to define a direct signal path 
from one of said digital input interfaces through the multi 
plier—accumulator to one of said digital output interfaces. 

7. An integrated circuit as claimed in claim 1, wherein the 
programmable storage circuitry is configurable to store in 
each of the plurality of configuration data sets a respective 
data sample rate for the signal path, the data sample rates of 
said signal paths being configurable independently of each 
other. 

8. An integrated circuit as claimed in claim 1, wherein each 
one of said plurality of configuration data sets defines a 
respective sample rate. 

9. An integrated circuit as claimed in claim 8, wherein the 
sample rate for each signal path is programmable indepen 
dently. 

10. An integrated circuit as claimed in claim 8, wherein the 
programmable storage circuitry is configurable to store at a 
single location data defining the sample rate for all destina 
tion ports on at least one signal processing block. 

11. An integrated circuit as claimed in claim 8, wherein the 
programmable storage circuitry is configurable to store data 
indicating one of a predetermined plurality of available 
sample clocks. 

12. An integrated circuit as claimed in claim 1, wherein the 
number of signal paths that can be established within each 
period of a respective sample clock is much smaller than the 
number of signal paths required to connect all signal Source 
ports to all signal destination ports. 

13. An integrated circuit as claimed in claim 1, wherein the 
controller comprises a mixer utilisation predictor, for identi 
fying each defined signal path, for determining a number of 
calculations to be performed for each defined signal path in a 
specified time interval, and for setting the frequency of the 
data clock Such that said number of calculations can be per 
formed in the specified time interval. 
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14. An integrated circuit as claimed in claim 13, wherein 
the controller is adapted to receive inputs identifying a plu 
rality of available data clock rates, and to select the frequency 
of the data clock as the lowest of these available data clock 
rates that enables said number of calculations to be performed 
in the specified time interval. 

15. An integrated circuit as claimed in claim 1, wherein the 
controller is configured Such that, at Successive time intervals, 
the signal path that is established by the source and destina 
tion selector control signals is determined on the basis that it 
is the signal path that has the shortest time before an end of a 
period of a clock signal at the respective data sample rate. 

16. An integrated circuit as claimed in claim 15, compris 
ing a register, for storing details of activated signal paths, 
identifying the or each signal Source port, the signal destina 
tion port, and the respective data sample rate of each activated 
signal path. 

17. An integrated circuit as claimed in claim 16, compris 
ing a down-counter associated with each available data 
sample rate, for maintaining a count of the time remaining 
before the end of a period of a clock signal at the respective 
data sample rate, and logic for selecting the sample rate 
having the shortest time before the end of a period of a clock 
signal at the respective data sample rate. 

18. An integrated circuit as claimed in claim 17, further 
comprising logic for selecting one of the signal paths having 
the selected Sample rate. 

19. An integrated circuit as claimed in claim 1, further 
comprising: 

at least one additional signal processing block, connected 
to receive digital input signals and to provide digital 
output signals without passing said signals through the 
mixer. 

20. An integrated circuit as claimed in claim 19, compris 
ing downsampling circuitry, for receiving the digital input 
signal of the additional signal processing block in parallel 
therewith, and for providing downsampled digital input sig 
nals at a signal Source port comprised by the downsampling 
circuitry. 

21. An integrated circuit as claimed in claim 19, compris 
ing upsampling circuitry, comprising a signal destination port 
and for providing upsampled digital output signals. 

22. An integrated circuit as claimed in claim 19, wherein 
the additional signal processing block is connected to receive 
control signals from at least one of a plurality of the first 
signal processing blocks. 

23. An integrated circuit as claimed in claim 19, wherein 
the additional signal processing block is configured to pro 
cess digital input signals at a sample rate of at least 384 
kSamples/second. 

24. An integrated circuit as claimed in claim 19, wherein 
the additional signal processing block comprises filter cir 
cuitry, for generating a noise cancellation signal from an input 
signal representing ambient noise. 

25. An integrated circuit as claimed in claim 1, wherein the 
clock generator is configured for generating a plurality of 
clock signals at respective different frequencies; and 

wherein the plurality of signal processing blocks each 
require a clock signal at a preferred frequency; 

further comprising selection circuitry, configured such that 
each of the signal processing blocks receives said clock 
signal at the preferred frequency. 

26. An integrated circuit as claimed in claim 25, further 
comprising logic for receiving control signals generated by 
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each of said signal processing blocks, and for allowing dis 
tribution of a clock signal only if it is the preferred frequency 
of one or more of the signal processing blocks. 

27. An integrated circuit, comprising a mixer than can be 
inserted into a plurality of data paths in a time division mul 
tiplexed manner, Such that data that is presented to the mixer 
by the start of one sample clock period is available for a 
receiving block for the whole of the next period of the sample 
clock. 

28. An integrated circuit comprising a digital mixing core, 
said digital mixing core being configurable to process a plu 
rality of streams of audio data samples, and said digital mix 
ing core comprising: 

a plurality of digital signal processing blocks, wherein each 
of said digital signal processing blocks comprises a 
Source port and a destination port, said digital signal 
processing blocks each being configurable to 

receive a stream of audio data samples at said destination 
port, 

process the received stream of audio data, and 
transmit the processed stream of audio data from said 

Source port; 
programmable storage circuitry configurable to store a plu 

rality of configuration data sets, wherein each one of said 
plurality of configuration data sets respectively defines 
at least two source ports and a destination port; and 

mixing fabric configurable to: 
establish a plurality of concurrent signal paths correspond 

ing to said configuration data sets, and 
in each signal path, to combine data from respective 

streams of audio data samples from said defined at least 
two source ports to provide a combined data stream and 
transmit said combined data stream to said defined des 
tination port in accordance with a respective one of said 
plurality of configuration data sets. 

29. A integrated circuit configurable to store a plurality of 
configuration data sets, wherein each one of said plurality of 
configuration data sets respectively defines at least one source 
port and a destination port, and being further configurable to 
establish a plurality of concurrent signal paths from the at 
least one respective source port through the mixing core to the 
respective destination port in accordance with a respective 
one of said plurality of configuration data sets. 

30. An integrated circuit comprising a digital mixing core 
configurable to process streams of audio data samples, said 
digital mixing core comprising mixing fabric, said mixing 
fabric comprising: 

a mixer, said mixer comprising a multiplier-accumulator, 
said multiplier-accumulator comprising a multiplier-ac 
cumulator input and a multiplier-accumulator output; 

at least first and second source data buffers each respec 
tively configurable to repeatedly receive respective at 
least first and second audio data samples and repeatedly 
store said respective at least first and second audio data 
samples; 

at least a first destination data buffer configurable to repeat 
edly store a respective at least third audio data sample 
and repeatedly transmit said at least third audio data 
sample: 

said mixing fabric configurable to, repeatedly, establish at 
least one signal path by: 

receiving a first audio data sample within a period of a 
sample clock; 
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storing said first audio data sample in a first data source 
buffer for the remainder of said period and for the whole 
of a next period of said sample clock; 

receiving at least one second audio data sample within said 
period; 

storing the or each second audio data sample in a respective 
second data source buffer for the remainder of said 
period and for the whole of said next period; 

retrieving said stored first audio data sample within said 
next period; 

multiplying said first audio data sample by a first multipli 
cation coefficient and thus generate a first partial Sum 
within said next period; 

temporarily storing said first partial Sum within said next 
period; 

retrieving said stored at least one second audio data sample 
within said next period; 

multiplying the or each second audio data sample by a 
respective second multiplication coefficient thus gener 
ating at least one respective second partial Sum within 
said next period; 

adding said first partial sum and said at least one second 
partial Sum to generate a third audio data sample within 
said next period; and 

storing said third audio data sample in a data destination 
buffer for the remainder of said next period and for the 
duration of a Subsequent next period. 

31. A method of processing streams of audio data samples, 
said method comprising the steps of repeatedly: 

receiving a first audio data sample within a period of a 
sample clock; 

storing said first audio data sample in a first data source 
buffer for the remainder of said period and for the whole 
of a next period of said sample clock; 

receiving at least one second audio data sample within said 
period; 

storing the or each second audio data sample in a respective 
second data source buffer for the remainder of said 
period and for the whole of said next period; 

retrieving said stored first audio data sample within said 
next period; 

multiplying said first audio data sample by a first multipli 
cation coefficient thus generating a first partial Sum 
within said next period; 

temporarily storing said first partial Sum within said next 
period; 

retrieving said stored at least one second audio data sample 
within said next period; 

multiplying the or each second audio data sample by a 
respective second multiplication coefficient thus gener 
ating at least one respective second partial Sum within 
said next period; 

adding said first partial sum and said at least one second 
partial Sum to generate a third audio data sample within 
said next period; 

storing said third audio data sample in a data destination 
buffer for the remainder of said next period and for the 
duration of a Subsequent next period. 

32. An integrated circuit comprising a multiply-accumu 
late block, wherein the multiply-accumulate block is config 
ured to retrieve at least one input data sample from a respec 
tive input buffer, to multiply the or each input data sample by 
a respective Scaling factor, and to generate an output data 
sample from the or each scaled input data sample within one 
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cycle of a data sample clock, wherein each input buffer is 
configured to store a respective input data sample for a whole 
of said one cycle of the data sample clock, being a cycle after 
a cycle in which it is received, and wherein the output buffer 
is configured to store the output data sample for an entire 
cycle of the data sample clock after said cycle. 

33. An integrated circuit comprising: 
a digital mixing core configurable to mix streams of audio 

data samples, said digital mixing core comprising: 
a plurality of digital signal processing blocks, each com 

prising: 
one or more source ports configurable to transmit respec 

tive audio data samples at a respective sample clock rate; 
and 

one or more destination ports configurable to receive 
respective audio data samples at a respective sample 
clock rate, 

the digital mixing core further comprising: 
a mixer comprising a multiply-accumulate block, said mul 

tiply-accumulate block comprising an input and an out 
put, said mixer being configurable to combine audio data 
samples in response to a received data clock; 

a clock generator configurable to generate at least said data 
clock; 

a source selector configurable to couple said multiply 
accumulate block input to any one of said one or more 
Source ports; and 

a destination selector configurable to couple said multiply 
accumulate block output to any one of said one or more 
destination ports; 

wherein said source and destination selectors are respec 
tively configurable in a sequence, at the frequency of 
said data clock, to establish, in turn, a set of signal paths 
through the mixer, each comprising any one of said one 
or more destination ports and one or more of said one or 
more source ports; and 

wherein the frequency of said data clock is less than that 
necessary to establish for every destination port, within 
one period of each respective sample clock, a signal path 
comprising every source port. 

34. An integrated circuit, comprising a digital mixing core, 
the digital mixing core comprising a plurality of signal 
Sources and signal destinations, and at least one mixer to 
which the signal sources and signal destinations can be con 
nected on a time division multiplexed basis to establish signal 
paths, 

wherein each signal destination requires data at a respec 
tive predetermined sample rate, 

wherein the or each mixer operates at a clock frequency, 
and 

wherein: 

X. ni : CR < X. SR, NSi Ndi 
i i 

where: 
m, is the number of mixers operating at the j" mixer clock 

frequency 
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Cr is the j" mixer clock frequency in use 
Sr., is the i" sample rate in use in the system 
Ns is the number of signal sources providing data at the th 

sample rate, and 
N is the number of signal destinations requiring data at 

the n" sample rate 
35. An integrated circuit, comprising a digital mixing core, 

the digital mixing core comprising a plurality of signal 
Sources and signal destinations, and at least one mixer to 
which the signal sources and signal destinations can be con 
nected on a time division multiplexed basis to establish signal 
paths, 

wherein each signal destination requires data at a respec 
tive predetermined sample rate, 

wherein the or each mixer operates at a respective mixer 
clock frequency, and 

wherein the or each mixer clock frequency is less than that 
necessary to be able to establish signal paths between 
every signal source and every signal destination during 
one period at the respective sample rates. 

36. A method of operation of an integrated circuit, the 
integrated circuit comprising: 

a digital mixing core configurable to mix streams of audio 
data samples, said digital mixing core comprising: 

a plurality of digital signal processing blocks, each com 
prising: 

one or more source ports configurable to transmit respec 
tive audio data samples at a respective sample clock rate; 
and 

one or more destination ports configurable to receive 
respective audio data samples at a respective sample 
clock rate, 

the digital mixing core further comprising: 
a mixer comprising a multiply-accumulate block, said mul 

tiply-accumulate block comprising an input and an out 
put, said mixer being configurable to combine audio data 
samples in response to a received data clock; 

a clock generator configurable to generate at least said data 
clock; 

a source selector configurable to couple said multiply 
accumulate block input to any one of said one or more 
Source ports; and 

a destination selector configurable to couple said multiply 
accumulate block output to any one of said one or more 
destination ports; 

the method comprising: 
configuring said source and destination selectors respec 

tively in a sequence, at the frequency of said data clock, 
to establish, in turn, a set of signal paths through the 
mixer, each comprising any one of said one or more 
destination ports and one or more of said one or more 
Source ports; and 

setting the frequency of said data clock to be less than that 
necessary to establish for every destination port, within 
one period of each respective sample clock, a signal path 
comprising every source port. 

c c c c c 


