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MXING AND SPLTTING MULTIPLE 
INDEPENDENT AUDIO DATA STREAMS IN 

KERNEL SPACE 

BACKGROUND OF THE INVENTION 

0001) (1) Field of the Invention 
0002 The present invention relates to the field of pro 
Viding operating System Services for use by audio and Video 
applications. More specifically, the present invention is a 
method and apparatus for mixing and Splitting multiple 
independent audio data Streams in kernel Space, i.e. part of 
an operating System that performs basic functions Such as 
allocating hardware resources. 
0003) (2) Art Related to the Invention 
0004 Audio and video applications running on a com 
puter (e.g. a workstation, a personal computer “PC”, main 
frame, etc.) often require mixing and splitting of data (e.g., 
audio and/or video) as the data is being input or output to 
Some type of network device Such as an Integrated Services 
Digital Network (ISDN) device. An ISDN device is a digital 
phone network defining B-channels carrying up to 64 Kbps. 
0005. Many mixer and splitter devices are implemented 
in firmware or hardware on a card for a PC. A mixer may mix 
outputs from two specific audio peripheral devices and mix 
inputs on a microphone or Some other Set of peripheral 
devices. There are also Software based mixers and Splitters 
which are available in Apple Macintosh computers, IBM 
PCs and IBM PC compatibles, Sun Microsystem, Inc.'s 
WorkStations and in other UNIX based machines. More 
particularly, there is the Audio File (AF) system from Digital 
Equipment Corporation (DEC) of Maynard, Mass., and 
Network Audio System (NAS) from Network Computing 
Devices (NCD), Inc. of Mountain View, Calif., which are 
both audio Servers that have mixing capabilities. 
0006 FIG. 1 illustrates an exemplary embodiment of 
computer employing a conventional mixer/splitter device. 
Computer 101 includes a storage device 103, processor 
(CPU) 105 and audio device 110 coupled through bus 107. 
Audio applications 100, 102 and 104 are coupled to a 
Software-based mixer and splitter, audio server 106. Audio 
server 106 is contained in user space 108 which the area in 
the Storage device used for execution of user programs, and 
is coupled to audio device 110. Audio server 106 takes 
incoming audio data Streams from one or more audio 
applications 100, 102 and 104, mixes them together and 
transmits them to audio device 110. Audio server 106 also 
takes an audio data Stream coming from the audio device 
110, clones the data and transmits the data to one or more 
audio applications 100, 102 and 104 requesting the data. 
0007 As illustrated in FIG. 1, software-based mixing 
and Splitting functions in the prior art are performed in user 
space 108 and audio device 106 can only handle one audio 
application at a time. Consequently, an audio application has 
to provide its own mixing and Splitting functions or depend 
on audio servers such as NAS and AF to provide that 
functionality via a proprietary API (Application Program 
ming Interface). Further, an audio server retains exclusive 
use of the audio device, forcing audio applications to use a 
given audio Server or not have access to the audio device at 
all. This is a poor programming practice Since it cannot be 
assumed that a given audio Server will be available on 
another machine. 
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0008. It is more desirable to have the capability to 
process multiple simultaneous audio streams in kernel Space 
rather than in user Space Since this allows multiple audio 
applications to access an audio device and allows backward 
compatibility with existing audio applications because, 
among other things, the current Application Program Inter 
face (API) does not change. The ability to write to an 
existing API allows the Splitting and mixing operations to be 
transparent regardless of the audio applications from which 
audio data is being received and transmitted for the mixing 
and Splitting operations. 

0009. Therefore it is desirable to have a method and an 
apparatus for processing multiple Simultaneous audio 
Streams in kernel Space. 

BRIEF SUMMARY OF THE INVENTION 

0010 A The present invention provides for processing of 
multiple Simultaneous audio Streams. Additionally, the 
present invention provides for the mixing and Splitting 
capabilities in kernel Space rather than in user Space of a 
system's software environment. This allows for some back 
ward compatibility with old applications running audio and 
allows for writing to an existing interface. The ability to 
write to an existing interface allows the Splitting and mixing 
operations to be transparent regardless of the audio appli 
cations from which audio data is being received and trans 
mitted for the Splitting and mixing operations. 
0011. In one embodiment of the invention, a computer 
has a central processing unit (CPU) coupled to a storage 
device. The storage device has several audio applications 
contained in user space. An audio server (mixer and/or 
splitter) and an audio device driver are in kernel space. The 
present invention also has a data flow checker and adjuster 
for checking the flow of data into data queues and a Setup 
application for connecting the audio Server and the audio 
device driver. The data flow checker and adjuster adjusts the 
flow of data by Sending a message upstream or downstream 
instructing the upstream or downstream processes/devices to 
Send more data or Stop Sending data depending on how full 
the data queues are. 

BRIEF DESCRIPTION OF THE DRAWINGS 

0012 FIG. 1 illustrates an exemplary embodiment of a 
conventional mixer/splitter employed in a conventional 
computer. 

0013 FIG. 2 illustrates a computer system with an exem 
plary implementation of the present invention. 
0014 FIG. 3 is a flow diagram illustrating the general 
Steps followed in the Setup application of the present inven 
tion. 

0.015 FIGS. 4a, 4b and 4c illustrate the mixing function 
of the audio device driver through the audio server of the 
present invention. 
0016 FIGS. 5a, 5b and 5c illustrate the splitting function 
of the audio Server of the present invention. 
0017 FIG. 6 is a flow diagram illustrating how the 
present invention deals with Scheduling and when the mixer 
reads additional data. 

0018 FIG. 7 is a flow diagram illustrating the general 
Steps followed to turn on the present invention's optional 
Secure mode to add audio applications. 
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0019 FIG. 8 illustrates an exemplary embodiment of the 
present invention with telephony applications transmitting 
and reading data to and from an ISDN device driver. 

0020 FIG. 9 illustrates an exemplary embodiment of the 
present invention for a general desktop use. 

DETAILED DESCRIPTION OF THE 
INVENTION 

0021. A method and an apparatus for allowing multiple 
audio-video applications and/or audio-video devices to 
access and utilize an audio Server are disclosed. 

0022 FIG. 2 illustrates a computer 200 with an exem 
plary implementation of the present invention. Computer 
200 has CPU 202 coupled to memory device 204 through 
bus 203. Memory device 204 has a plurality of audio 
applications 215, 215, . . . , 215 contained in user Space 
208. Audio server (e.g. mixer and/or splitter) 212 and audio 
device driver 214 are contained in kernel space 210. The 
audio Server 212 includes a data flow checker and adjuster 
213 which monitors the flow of data to and from data queues 
217, a Setup application 219 for adding audio applications 
215, 215, . . . , 215 to the mixer/splitter operations of 
audio Server 212, and Security application 221 for providing 
an optional Secure mode preventing unauthorized audio 
applications from being added to the mixer/splitter opera 
tions of audio server 212. Data flow checker and adjuster 
213 adjusts the flow of data by Sending a message upstream 
or downstream instructing the upstream or downstream 
processes/devices to Send more data or Stop sending data 
depending on the current capacity of the data queues 217. 
The use of data Streams in processing of audio data is well 
known in the art. 

0023. A more detailed description of setup application 
219 is presented in the text accompanying FIG. 3. Addi 
tionally, a more detailed description of data flow checker and 
adjuster 213 is presented in the text accompanying FIG. 6. 
Audio applications 215, 215, ..., 215 transmit audio data 
to audio Server 212 which in turn mixes the audio data and 
transmits the audio data to audio device 216 coupled to 
memory 204 via bus 218 through audio device driver 214. 
Audio device driver 214 is a software program which 
enables computer 200 to communicate with the audio device 
216 which typically is a microphone, a speaker or any other 
device capable of accepting/outputting audio data. Audio 
server 212 may also be utilized when audio device 216 
transmits information to audio applications 215, 215, . . . 
215 through audio device driver 214. Examples of audio 
applications 215, 215, ... 215 include, but are not limited 
to, Sun Microsystems, Inc.'s AUDIOTOOLTM, 
AUDIOPLAYTM and AUDIORECORDTM. An example of 
audio device driver 214 includes, but are not limited to, Sun 
MicroSystems, Inc.'s a combination audio/dual basic rate 
interface (DBRI) device driver allowing applications to 
access audio and integrated Services digital network (ISDN) 
functionality on SBUS equipped machines. 

0024 CPU 202 includes circuits that control the inter 
pretation and the execution of instructions which carry out 
the mixing and Splitting operations performed by audio 
Server 212 and the transmission of data between audio 
applications 215, 215, . . . 215 and audio device 216 
through audio device driver 214. Although not shown, 
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computer 200 may also include a number of peripheral 
devices including a display device. 
0025 FIG. 3 is a flow diagram illustrating the general 
Steps followed by the Setup application of the present 
invention. In Step 301, Setup application openS audio device 
driver and acquires a file descriptor associated with the 
audio device driver. In Step 302, application opens audio 
Server 212 and acquires another file descriptor to identify the 
audio Server. At this point, Setup application 219 has two 
open file descriptors and the audio Server is not yet involved 
with the audio device driver. In step 303, setup application 
executes an input/output control command to add audio 
applications to the operations performed by the audio Server. 

0026 Audio servers support multiple I/O ports. In initi 
ating processing of a Second application, the audio Server is 
opened as was done in Step 301. A separate unique file 
descriptor is obtained by the Setup application from an 
operating System which controls execution of the audio 
applications for the Second application. The Second audio 
server port which has been opened is added to the mix of the 
audio Server providing for two ports. This proceSS can be 
repeated to Support N audio Server ports. 
0027 Additionally, a security application provides for an 
optional Secure mode when adding additional audio appli 
cations to an audio mix. More Specifically, when the Secure 
mode is turned on, the Security application turns away 
unauthorized audio applications requesting to be added to 
the audio mix. A more detailed description of the Secure 
mode is illustrated in FIG. 7 and the accompanying text. 
0028 FIGS. 4a-4c illustrate how packets of information 
are transmitted from the plurality of audio applications 215, 
215, ..., 215 to audio server 212 which, in turn, are mixed 
and transmitted to audio device driver 214. FIG. 4a illus 
trates the process at time 0. Audio data is typically trans 
mitted in packets 500 from the plurality of audio applica 
tions 215, 215, ... 215 to an audio device driver 214. In 
the illustration, audio packets are illustrated as boxes labeled 
P, ..., P. An arbitrary number of packets are transmitted 
down data Streams on data queues 217. The packets may be 
of arbitrary size. 

0029 Audio server 212 schedules a timer which activates 
audio Server 212 to begin processing data and monitor data 
queues 217 to determine if there are any data packets in data 
queues 217. If there are data packets in data queues 217, then 
audio Server 212 takes a certain portion of the data packets 
and sends that portion “downstream” to audio device driver 
214 after the data has been mixed. 

0030) If audio server 212 is activated too often (e.g. to 
begin processing data), then the queues may not fill fast 
enough with data packets 500, resulting in inefficient use of 
central processing unit (CPU) resources. If audio server 212 
is not activated often enough, the data packets pile up in the 
data queues and the packets are not transmitted “down 
Stream” at a fast enough rate to produce Smooth audio 
output, introducing latency and possible break-up in the 
transmitted audio. The present invention utilizes a unique 
method of determining when to read data off the queues, mix 
it and send it "downstream” to audio device driver 214. The 
present invention's method assures that data is transmitted in 
a continuous stream. This method is described further in 
F.G. 6. 
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0031. At time 1 in FIG. 4b, audio server 212 strips the 
packets of information off data queues 217. The packets 
retrieved are mixed to produce mixed packet M. More 
Specifically, M represents the Sound that would be obtained 
if the three packets of data P, P and P are mixed together. 
At time 2 in FIG. 4c, audio server 212 transmits packet M. 
down to audio device driver 214. At the same time, audio 
Server 212 has already read the next set of packets P, P and 
P off of data queues Q1, Q2 and Q3217 and the process is 
repeated. 

0032 FIGS. 5a, 5b and 5c illustrate the splitting (e.g. 
cloning) function of audio server 212 of the present inven 
tion. In FIG. 5a, speech recognition process 502 and Dual 
Tone Multi Frequency (DTMF, e.g. touch tone) detection 
process application 504 read data transmitted from ISDN 
(Integrated Services Digital Network) device driver 506. 
Packets P, P and P are transmitted upstream from ISDN 
device driver 506 at time 0. 

0033) As illustrated in FIG. 5b, audio server 212 reads 
packet 1 as sent upstream by ISDN device driver 506 and 
duplicates or clones the packet into packets S and S. At 
time 2, as illustrated in FIG. 5c, packets S1 and S2 are 
transmitted "upstream” to Speech recognition proceSS appli 
cation 502 and DTMF detection process application 504 
respectively. Audio Server 212 continues to read packets 
being sent upstream from ISDN device driver 506 and 
continues cloning the packets for delivery to the telephony 
applications. 

0034. As with the mixing function of the audio server 
212, data must not be read too fast or too slowly. For 
example, if audio Server 212 is not reading packets coming 
upstream from ISDN device driver 506 fast enough, then 
ISDN device driver 506 may shut itself down and stop I/O 
due to flow control. In a worst case scenario, if ISDN device 
driver 506 does not shut itself down, then it will continue to 
output packets upstream. Consequently, telephony applica 
tions 502 and 504 will not be able to read all the packets in 
a timely fashion causing additional latency, e.g. delay, from 
when the packets were sent by ISDN device driver 506 and 
received by telephony applications 502 and 504. On the 
other hand, if audio Server 212 attempts to read packets too 
quickly, then the packets will not arrive in time to be read 
causing inefficient use of CPU resources. 
0035). For example, if telephony applications 502 and 504 
Stop accepting data, audio Server 212 will have no idea that 
telephony applications 502 and 504 have stopped and will 
continue to Send data upstream. Eventually, data queues 217 
upstream will fill up and audio Server 212 recognizes that 
data queues 217 are filled. At this point, the present inven 
tion causes a message to be sent downstream to the audio 
device driver or ISDN device driver 506 asking them to stop 
Sending any more additional packets. In an alternate 
embodiment, any additional data which are transmitted from 
the audio or ISDN device driver 506 are discarded. 

0.036 The present invention also converts “A-law”, 
“u-law” and “linear Pulse Code Modulation” (PCM) audio 
data as it is transmitted back and forth between the audio 
applications and the audio device driver. A-law, u-law and 
linear PCM are digital representation of an analog audio 
Signal, typically Sampled at approximately 8 KHZ. For every 
Sample, the amplitude of the audio signal is assigned (quan 
tized) a digital value. For these three encodings, the values 
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used to represent the amplitude is a number between Zero 
and +/-127. More detail may be found in the ITU (Interna 
tional Telecommunication Union) standard G.711. published 
1988. 

0037. The present invention, in order to minimize the 
time necessary to convert between the digitized value and its 
amplitude, uses a pre-computed table of amplitude values 
for each encoding which can be indexed with the digitized 
value. Since audio applications identify what encoding they 
will use when they invoke audio server 212, audio server 
212 can transparently convert the A-law, u-law and linear 
PCM data at the time the mix function is called within audio 
server 212. 

0038 FIG. 6 is a flow diagram illustrating the general 
steps followed by an embodiment of the data flow checker 
and adjuster of the present invention in Scheduling the data 
flow for the mixing operation of the audio server. Since the 
transmission of audio data between the applications in user 
Space and the audio device driver in kernel Space are 
asynchronous, a mechanism must be put into place which 
determines when audio server 212 is to check the lower 
queues for upstream data coming from the audio device and 
the upper queues for downstream data coming from the 
audio applications and how often it must do so. AS men 
tioned earlier, if audio Server 212 checks the queues for data 
packets too quickly, then less than maximum amount of data 
packets will be processed by audio Server 212 leading to 
inefficient use of CPU resources. If audio server 212 checks 
for data packets in queues too slowly, then data packets are 
not processed fast enough and the queues may fill up. Once 
the queues are full, Some data packets may be discarded 
from lack of being read. In the alternative, the audio device 
may shut itself down if none of the data packets are being 
read. 

0039. In step 601, if it is time for the data flow checker 
to check the data flow between the audio applications and 
the audio devices, then go to step 602. In step 602, if the size 
of audio data in the output queue is less than the maximum 
Size of data to be mixed in each round of mixing operations, 
then go to step 603. In step 603, if upper channels do not 
have enough data in the queue for the audio Server operation 
and in step 604, if the size of data in the audio device's 
output queue is greater than or equal to a predetermined 
minimum audio data size to be inserted in the audio device 
output queue (low water mark) 610, then in step 605, the 
audio Server operation is performed. In Step 611, data is sent 
to the output queue. Otherwise, in Step 606, there is enough 
audio data in the upper channels to fill the output queue up 
to a predetermined minimum, then in Step 607, audio data is 
acquired from the upper channels to fill the output queues to 
the minimum audio data size. If there is not enough audio 
data in the upper channels to fill the output queues to a 
predetermined minimum audio data Size, then in Step 608, 
the present invention fills up the queue with a Silent audio 
Signal and Sends out a message to the appropriate applica 
tions to notify them of the underflow condition in step 609 
(allowing the process to start sending more data down 
Stream). 
0040 Back in step 603, if the size of audio data in the 
output queue is less than the maximum and the channel has 
enough audio data in the queue for the audio Server opera 
tion, then in step 610, audio server 212 inserts additional 
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audio data in the output queue Such that the output queue 
contains the maximum size of audio data to be mixed in each 
round of a mixing/splitting operation of audio Server 212. 
0041 Back in step 602, if the size of data in the audio 
devices output queue is greater than or equal to the maxi 
mum size of audio data (in terms of micro Seconds) to be 
mixed in each round of mixing operation (high water mark), 
then go to Step 612. 
0042. In step 612, it is determined whether there are 
audio applications in the mixing operation. If there are none, 
then the process is completed. Otherwise, in step 613, the 
next mixer operation is Scheduled and the proceSS repeats 
itself. 

0043. The asynchronisity of data flow is handled simi 
larly for the Splitting operation of the present invention. 
0044 FIG. 7 is a flow diagram illustrating the general 
Steps followed to turn on the optional Secure mode of the 
present invention and to add audio applications. In Step 701, 
a Security application, defined as an application written by 
the user which runs in user Space and implements. Some form 
of Security policy, opens the audio Server and acquires a 
corresponding file descriptor. In Step 702, the Security appli 
cation issues an input/output command to turn on the Secure 
mode in audio server 212. 

0.045. In step 703, the security application waits for other 
audio applications, defined as audio applications written by 
the user which runs in user Space and is capable of com 
municating with the Security application, to request permis 
Sion to be added to the mix, defined as the current mixer/ 
Splitter Session allowing for audio data Sent to and from the 
audio device to be mixed and distributed to the audio 
applications. 
0046. In step 704, a requesting audio application makes 
a request to join the mix to the Security application. If the 
request is not allowed, then the request is ignored and the 
security application returns to step 703. If the request is 
allowed, then the security application continues to step 705. 
0047. In step 705, security application issues an input/ 
output command via the file descriptor to allow the request 
ing audio application to be added to the mix. The Security 
application then returns to Step 703 to await future requests. 
0.048. The present invention may be implemented for 
various applications. For example, in FIG. 8, multiple 
telephony applications including telephone record proceSS 
800, telephone speech recognition process 502 and tele 
phone DTMF (Dual Tone Multi Frequency, such as “touch 
tone') detection process 504 transmit data to ISDN device 
driver 506 through audio server 212 and read data from 
ISDN device driver 506 through audio server 212. 
0049 Telephone record process application 800 may be 
utilized to record a phone call on the computer. Telephone 
Speech recognition proceSS 502 may be used to recognize 
Vocal commands by a user of a computer and to respond in 
accordance to that Vocal command, for example, through an 
Interactive Voice Response (IVR) system. Telephone DTMF 
detection process application 504 may be utilized to scan for 
DTMF tone by determining if a “0” has been pressed or if 
a “1” has been selected. One or more of these telephony 
applications may have access to the same telephony data 
through ISDN 506 and audio server 212. 
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0050. In another exemplary embodiment, the present 
invention may be utilized in a general desktop use. For 
example in FIG. 9, desktop 900 may include software 
applications including, but not limited to ShowMe TM TV 
Software program 902 and Contool 904 by Sun Microsys 
tems, Inc. of Mountain View, Calif. ShowMe TM TV 902 is a 
computer program which displays television (TV) programs 
on a desktop. ShowMe TM TV 902 receives broadcast audio 
and video data over a network displayed on desktop 900 and 
Sends audio data to audio device driver 214 through audio 
server 212. 

0051 Contool 904 from Sun Microsystems, Inc. of 
Mountain View, Calif., is a software application which is 
designed to monitor various System events on a given 
computer. For example, Contool 904 may alert a user upon 
the occurrence of a certain predetermined event on a com 
puter. To alert the user of an event, Contool 904 may enable 
a flashing message on the display Screen of the computer or 
may display Some other type of prompt to the user. For 
example, if a user in a network is attempting to communicate 
with another user in the network, Contool 904 may enable 
a prompt to be displayed to the latter user through his/her 
computer display device Stating that another user wants to 
access the user. Instead of a visual prompt, Contool 904 may 
also enable an audio prompt to alert the user that another 
user in the network would like to access the user. 

0052 Another example use of Contool 904 requiring the 
use of audio device driver 214 is when Someone is trying to 
log onto another user's WorkStation causing, a Security 
breach. Contool 904 may then alert the user of the security 
breach through, for example, Some type of an audio prompt. 

0053. In prior art devices, exemplary general desktop 
applications such as ShowMe TM TV 902 may run a continu 
ous loop of audio Stream without the desktop being able to 
Stop the audio stream. In Such a case, if there is Some type 
of a Security breach or if a user desired to contact the user 
of desktop 900 through Contool 904, that information would 
be put on hold until ShowMeTM TV 902 has terminated its 
program. 

0054 The present invention allows processing of mul 
tiple audio data Streams. Hence, with the present invention, 
while ShowMe TM TV 902 is running an application playing 
audio data and while Contool 904 is producing occasional 
audio prompts to the user at the same time, audio Server 212 
accepts audio data from audio device driver 212 for both 
ShowMe TM TV 902 and Contool 904. 

0055 What has been described is a method and an 
apparatus for Securely processing multiple Simultaneous 
audio Streams in kernel Space. 

0056 While certain exemplary embodiments have been 
described in detail and shown in the accompanying draw 
ings, it is to be understood that Such embodiments are 
merely illustrative of and not restrictive on the broad inven 
tion, and that this invention is not to be limited to the Specific 
arrangements and constructions shown and described, Since 
various other modifications may occur to those with ordi 
nary skill in the art. 
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What is claimed: 
1. A method for processing a plurality of data Streams 

being transmitted between a memory device and at least one 
audio device coupled to a computer System, the method 
comprising the Steps of: 

processing the plurality of data Streams being transmitted 
between at least one application running in user Space 
of the memory device and the at least one audio device, 
Said processing being performed by an audio Server in 
kernel Space of the memory device; and 

adjusting flow of data of the plurality of data Streams 
between Said at least one application running in user 
Space and Said at least one audio device to prevent data 
overflow and underflow conditions. 

2. The method of claim 1 wherein Said processing Step 
further comprises the Step of interfacing Said at least one 
application with Said at least one audio device through a 
device driver. 

3. The method of claim 2 further comprising the step of 
acquiring at least one file descriptor for Said device driver. 

4. The method of claim 1 further comprising the step of 
processing audio data from Said at least one application by 
Said audio Server. 

5. The method of claim 1 wherein said step of adjusting 
further comprises the Step of determining whether to check 
data flow between Said at least one application and Said at 
least one audio device. 

6. The method of claim 5 further comprising the step of 
determining Size of audio data in a queue between said at 
least one application and said at least one audio device. 

7. The method of claim 6 further comprising the step of 
performing an operation of Said audio Server if Said prede 
termined size of audio data in Said queue is greater than or 
equal to a predetermined minimum and less than a prede 
termined maximum. 

8. The method of claim 5 further comprising the step of 
skipping an operation of Said audio Server if Said size of Said 
audio data is greater than or equal to a predetermined 
maximum. 

9. The method of claim 6 further comprising the step of 
adding additional audio data if Said predetermined size of 
Said audio data is less than a predetermined minimum. 

10. The method of claim 1 further comprising the step of 
preventing an unauthorized application from being pro 
cessed by Said audio Server. 
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11. An apparatus for processing multiple data Streams 
between at least one application and at least one audio 
device, including code configured for Storage on a computer 
readable medium and executable by a computer, the code 
including a plurality of modules each configured to carry out 
at least one function to be executed by the computer, Said 
apparatus comprising: 

an audio Server module configured to process the multiple 
data Stream in kernel Space, Said audio Server module 
utilizing a data flow checker and adjuster module 
configured to adjust data flow between the at least one 
application and the at least one audio device. 

12. The apparatus of claim 11 further comprising a Setup 
module configured to allow data from more than one of Said 
at least one application to be approximately simultaneously 
processed by Said audio Server. 

13. The apparatus of claim 11 further comprising a 
Security module configured to prevent data from unautho 
rized applications from being processed by Said audio 
SCWC. 

14. A System for processing multiple data Stream is 
between at least one application and at least one audio 
device, including code configured for Storage on a computer 
readable medium and executable by a computer, the code 
including a plurality of modules each configured to carry out 
at least one function to be executed by the computer, Said 
System comprising: 

an audio Server module configured to process the multiple 
data Stream in kernel Space, Said audio Server module 
utilizing a data flow checker and adjuster module 
configured to adjust data flow between the at least one 
application and the at least one audio device. 

15. The system of claim 14 further comprising a setup 
module configured to allow data from more than one of Said 
at least one application to be approximately simultaneously 
processed by Said audio Server. 

16. The System of claim 14 further comprising a Security 
module configured to prevent data from unauthorized appli 
cations from being processed by Said audio Server. 


