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1.+ FI ELD OF THE | NVENTI ON: 5 The present invention pertains to
the field of personal conputer systens. More particularly, this

I nvention relates to a nmultifunction - | nput / out put subsystem for a
personal conput er AUDZ0 REGORBSANDr BEAYBACKJTHROUGHE oinSTANDARD nput and

out put through a TELEPHONE 3INtA COMBUTER SY2FHMBACKGROUND: Non

dedi cated tel ephone i1 nes are often enployed in small office or

' BACKGROUND OF THE INVENTION
1.  HELD OF THEINVENTION:

5 The present invention pertains to the field of personal computer
systems. More particularly, this invention relates to a multifunction
input/output subsystem for a personal computer that enables unrestricted

sound file input and output through a telephone set.

10 2 ART BACKGROUND:

Non dedicated telephone lines are often employed in small office or
home office environments to provide modem and fax communication lines
for a personal computer. The personal computer typically employs a non

15 dedicated telephone line for sharing modem and fax calls as well as voice
calls. Such telephone line sharing enables modem and fax communication
while avoiding the cost of providing separate modem telephone lines and fax

telephone lines in the small business or home office.

20 In such small businegs or home office environments, a telephony
subsystem of the personal computer typically performs the telephone line
interface functions required,f for modem, fax and voice communication. The
telephone line interface fuﬁctions include line seizure and ring detect, as well
as audio and digital signal processing functions.

25



honme .of fice environnents to provide nodem and fax conmuni cation |ines

for a personal conputer. The personal conputer typically enploys a non 15
dédi cated tel ephone |ine for sharing nodemand fax calls as well as voice
call's. Such tel ephone |ine sharing enabl es nodem and fax comuni cation
whi | e avoi ding the cost of providing separate nodemtel ephone |ines and fax
tel ephone lines in the small business -om hone office. 20 I n such
“smal | business or hone office environnments, a tel ephony subsyst em of

t he personal conputer .t ypi cal.ty..per ' ' f
functions requi redLlfeyt?l’ %&dgﬁ?héggﬂérgé%%gﬁégﬁhg%gﬁ %ér@@nal compdtéF sriace
tel ephone [i ne%érgﬁrﬁ{ tRERi Hé?%de?"ﬁodéi‘ﬁ' fastearld 06iceé Romvhanitation ifagetibatsest , as
wel | 10 and gital signal processing functions. 25

well as user interface functions.

5 In a typical small business or home office telephone line topology, the
telephony subsystem is coupled to an incoming telephone line or a private
branch exchange (PBX) line. The telephony subsystem usually drives one or

more serial telephones over a local line.

10 Typically in such systems, the telephony subsystem transfers incoming
voice calls on the telephone line to the serial telephone over the local line to
enable a user to receive the voice call. The telephony subsystem usually
employs a switching device such as a relay to couple the telephone line to the
local line and serial telephone.

15

Unfortunately is such prior systems, the telephony subsystem creates a
physical connection through the relay between the telephone line and the
local line to transfer incoming voice calls to the serial telephone. With such a
physical connection, the originator of the incoming voice call hears a busy

20 signél over the telephone line if the serial telephone is off-hook during the
incoming call. As a consequence, the serial telephone must remain on-hook
to receive incoming voice calls, thereby precluding the use of .the serial

telephone for other input/output functions.



-2- : Typi cal |y, application prograns executing on the persona
conputer performthe higher |evel nodem fax and voi ce comuni cation
fanctions as wel | -as user interface functions. 5 In a
typical small business or honme office tel ephone |Iine topology, the

t el ephony subsystemis coupled to an incpmd ng tel ephone line or a private
branch exchange (PBX) |ine. The telephony subsystem usual |y drives one or
nore serial tel ephones over pically in such

N
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systens, the tel ephony subsys 4 - v ' voi ce calls on the
tel ephone line to the serial tel ephone over the local line to - enable a
user to receive the voice call. The tel ephony subsystem usually

enpl oys a swi t chi ngo#e\ubjet dfieHe Preséntliaventiois@Uahpldyne stagderhtiléptonee t o
t he | ocal Iine and Serial tel ephone. 15 Unfortunately is
such prior sysfamaudiolinpairebbotput fubctjorisdm « cempaterasystem. physi cal
connection through the relay between the tel ephone Iine and the | ocal
line to trabsfer inconing voice calls to the serial telephone Wth such a
physi cal connecti on, or| tor of the.ingom.n e cal ars busy
D075 gnal “over t he. Baplisnskistt PR preset Swendpn it e sy 5 tdbigeor

during the aud%cu$8?§g§e| wp uf?un%uSRé‘ﬁ?%éeP&ﬁgFfe'?%y?%er Byer & E&Qrﬁgg must

remai n on- hook i’ncomng volce ¢ y prec rng the
use of the serialile enabling reception of incoming calls over a telephone line.

10 A further object of the present invention is to provide a software
architecture for a multifunction I/O subsystem that decouples processing of
incoming calls over the telephone line from the processing of telephony

signals to and from the telephone.

15 A further object of the present invention is to enable audio input and
outl:;ut functions through a standard analog or digital telephone by providing
a standard data format for data streams transferred between driver programs
in the multifunction I/O subsystem, such that the standard data format .
enableé telephony driver programs and audio driver programs to produce

20 and consume sound data streams for audio tasks.

Another object of the present invention is to employ a digital
telephone for audio input and output functions in the computer system by
utilizing stereo-to-mono conversion and sample-rate conversion functions

25 which operate on the standard data format.



t el epgone for other input/output functions. .

- 3- ' SUMMARY AND OBJECTS OF THE | NVENTI ON

One object of the present, invention is to enploy a‘standard tel ephone
for audi o input and output functions in a conputer system 5

Anot her obj ect of the present invention is to enploy the tel ephone for
audi o i nput and output functions in theenmputer systemover a local |ine
whi l e enabling reception of incomng calls over a tel ephone line. 10

A further object of Adithex &5ediofithY préseifirivention/is @y iedlgble reedrdivy 6f sound
architecture for a multifunction |I/0 subsystem that decoupl es processing of
files for the computer system through the standard telephone, and to enable

playback of sound files through the standard telephone.

5 These and other objects of the invention are provided by a method for
performing audio record and playback—.functions through a telephone in a
computer system. A user selects a normal audio mode or a telephone audio
mode for the computer system through a user interface of a host audio
application program executing on a host processor of the computer system. A

10 standard data format for sound data streams enables a telephony driver and
an audio driver executing on a digital signal .processing subsystem of the
computer system to generate and consume sound samples. The telephony
driver samples and transmits audio signals on a local line coupled to the
telephone. The telephony driver converts the sound samples to and from a

15 data stream having a standard data format.

During audio recording, a telephony driver program generates a set of
sound samples by sampling audio signals over a local line coupled to a
telephone, and converts the sound samples into a sound data stream having

20 astandard data format if the telephone audio mode is selected.

An audio driver generates the sound samples by sampling audio
signals over an audio line, and converting the sound samples into the sound
data stream having the standard data format if the normal audio mode is

25 selected.



I ncom n.g calls over the tel ephone line fromthe processing of tel ephony

signals to and fromthe tel ephone. 15 A further object of the
pFesent invention is to-enable audio input and out put functions

t hrough a standard- anal og or digital tel ephone by providing a standard
data format -for data streans transferred hetween driver prograns I n

the multifunction I/O subsystem such that the standard data fornmat
enabl es tel ephony i ver prograns. and..audi.o driver, progr o_produce 20 -
and consune sound a‘°§‘f‘5é§a?&g?%¥“é%m%‘d?3‘éﬁ} rred to'an aq"ﬁmastl(ﬁ%f%‘?g obj ect
of the presenty, 1 81} riaf pt Qibsysfind il B te S 58I "Phd Miaigudi ©

| nput and out poudtgpﬁﬁgdtlig%dgfpn&f e ctonp tser systee?ﬁrggu yu}lplnlﬁ}% ng

st er eo- t 0- MONGagloEdrRVettsthe a0Ehd ditl streadi tht6 Aforinat Peyitedchy atsPaudibi ch
operate on the standard data fornmat.
application program executing on a host processor in the computer system,

5 and then transfers the sound data stream to the host audio application

program.

During audio playback, the audio task receives a sound data stream
from the host audio application program and converts the sound data stream
10 from a data format required by the host audio application program into the
standard data format. The audio task then trénsfers the sound data stream
having the standard data format to the audio driver if the normal audio
mode is selected. The audio driver converts the sound data stream into a set
of sound data values and transfers the sound data values to a stereo audio

15 codec circuit for sound generation over an audio signal line.

The audio task transfers the sound data stream to the telephony driver
if the telephone audio mode is selected. The telephony driver converts the
sound data stream into a set of telephony data values and transfers the

20 telephony data values to a telephony circuit, such that the telephony circuit
generates telephony audio signals corresponding to the telephony data values

and transfers the telephony audio signals to a telephone over a local line.

Other objects, features and advantages of the present invention will be
25 apparent from the accompanying drawings, and from the detailed description

that follows below.



-4- o Another obj ect of the present invention is to enable
recordlng of sound files for the conmputer systemthrough the st andar d
t & ephone, and to enabl-e pl ayback of sound files through the standard
t el ephone. 5 These and ot her objects of the invention are

provi ded by a nethod for perform ng audi o record and pl ayback
functions through a tel ephone in a - &onputer system A user selects a
normal audi o node or a tel ephone audio nDde for the conputer system

- through a user interface of aBRIEFIDESCR : RAWINGEY pr ogram executi ng
on a host processor of the computer system A 10 standard data format for
sound data streans enables a tel ephony driver and an audi o driver

System to genor at o THRIPESHSLIREBRRE LaApRES DIt HaN Sl eAtRls and notay | ver
sanpl es and trgpg bhe .

t el ephone. The te@bﬁoﬁwg?@kw?oﬁ‘vegbfs k;ﬁ gu%%%gagrp%%g?%d froma 15
data streans hagdfegnoessiralichite ¢irflidircelbMeAR] and in which: Buring audio
recording, a tel ephony driver program generates a set of sound sanpl es

by sanpling audio signals over a local line coupled to a t el ephone,
and converts the sound sagﬁles into a sound data stream having 20 a

standard data for meKigmre 1 Hdusteatepndelepheors systerador one @mbadiment which

includes a personal computer that receives incoming calls and transmits

outgoing calls over a telephone line;
10
Figure 2 illustrates the personal computer which comprises a host
processor, a memory subsystem, a mass storage subsystem, and a

multifunction I/O subsystem;

15 Figure 3 is a diagram illustrating the multifunction 1/O subsystem
which comprises an analog phone line interface circuit and assodated codec
circuits, a digital signal processor, an stereo audio codec circuit, and a set of

interface circuits;

- 20 Figure 4 illustrates the software architecture for the host processor and

the multifunction 1/0 subsystem;

Figure 5 illustrates interaction between a host device driver executing
on the host processor and a corresponding DSP-OS task executing on the
25 multifunction I/O subsystem;



An aued 0 driver generates the sound sanples by sanpling audio signal s
over an audio line, and converting the sound sanples into the sound

data stream havi ng the standard data format if the normal audio node is 25
sel ect ed. . -5-

The sound data streamis then transferred to an audi o task executing

on a digital signal processing subsyst-erﬂ in the corrput er system The audio
task converts the sound data.streaminto a formt ?UI red by a host audio
appl i cation progr arfigree6iliusirates thesofiwage 6&@‘%@9&‘-‘1‘? of theheghprocessosfost em

5 and then transfers the sound data streamto the host audio application
program one embodiMgptiny audi o pl ayback, the audi o task receives a
sound data stream fromthe host audio application programand converts
the sound data stream 10 froma data format required by the host audio
appl i cation progr a@igﬁfﬁlm%trates th'éts@ﬂ@f’d'rg afdifeche B lthe DRALAMSEHRAN GEX then
transfers the sound data stream havi ng the standard data format to the
audi o drives idubspstemoforainecertibodiment.



node .is sel ected. The audio driver converts the sound data streaminto a
set of sound data values and transfers the sound data values to a
stereo audio 15 codec-eircuit for sound generation over an audi o signal

i ne. The audio task transfers the sound data streamto the

t el ephony driver I f the tel ephone audio node is selected. The

t el ephony driver converts the sound data streaminto a set of

t el ephony data val ues and transfers the 20 tel ephony data values to a

tel ephony circuit, such that the tPERAILERIDESCRIPTION gener at es t el ephony
audi o signals corresponding to the tel ephony data val ues and transfers
the tel ephony audio signhals to a tel ephone over a Iocal l'ine.

Q her objects, fea res ant age f e be 25
apparent fromthe 5'6% ﬂgﬂfsﬁ@" Wqﬂélét%rgk i(?? ed&%@&? g (tj'\gsﬂ(l:‘%l ption
that fol | ows '?ﬁ%% system 10 includes a personal computer 12 that receives incomirfg

BRI EF DESCRI P
5 calls and transmits outgoing calls over a telephone line 22. The telephone

—
=

line 22 comprises a standard telephoner'line or alternatively a private branch

exchange (PBX) line or ISDN connection.

A pair of telephones 16 and 17, along with a telephone answering
10 machine 18 are coupled to the telephone line 22 in parallel with the personal
computer 12. A serial telephone 15 is coupled to the personal computer 12

over a local line 20.

Figure 2 illustrates the personal computer 12. The personal computer
15 12 comprises a host processor 32, a memory subsystem 31, a mass storage
subsystem 33, and a multifunction I/O subsystem 14. The host processor 32,
the memory subsystem 31, and the multifunction I/O éubsystem 14

communicate over a host bus 44.

20 The multifunction I/O subsystem 14 provides sound capture/playback
functions, fax and data modem functions, and telephone control functions.
The multifunction I/O subsystem 14 provides connections for microphones
and speakers, and hardware to support telephone and telephone line
connections. |

25



The present invention is illustrated by way of exanple and not -
limtation in the figures of the acconpanying drawings in which like 5

references indicate simlar elenents, and in which: Figure 1
illustrates a tel ephone system for one enbodi nent which i ncl udes a
personal conputer that receives incomng calls and transmts .out goi ng
calls over a tel ephone line; 10 -9 - Figure 2 illustrates the
personal conputer which conprises a host’ processor, a menory

SUbSYST M TESS HhgLaAe Rl AIS T Bermere AL URRAbR A
10t 0 kSRS g el GBIRER A3 UOCHERANERR L RE

processor, an dsdkedsvessdnd CDRORCdfivés;uit, and a set of i nterface
circuits; 20 Figure 4 illustrates the software architecture for

t he host processor and the multifunction |I/O subsystem
Figure 5 illustrates interaction between a host device driver executing

on the hos® procesEiguredds a diegramsibwstraling topmadtifunckiondd ELsubsystem 14he
The multifunction I/O subsystem 14 comprises an analog phone line
interface circuit 60 and associated codec circuits (a pu-law codec 70 and a linear
codec 72), a digital signal proceséor (DSP) 61, an stereo audio codec circuit 54,

and a set of interface circuits 63-69.

10
A memory block 62 comprises a DSP static random access memory
(SRAM) and a DSP dynamic random access memory (DRAM). Both DRAM
and SRAM can be used for program or data.
15 The bus interface circuit 67 and the DMA arbiter circuit 65 enable the

DSP 61 to communicate over the host bus 44.

The analog phone line interface circuit 60 and the p-law and linear
codec circuits 70 and 72 enable transfer of inconﬁng and outgoing calls over
20  the local line 20 and the telephone line 22 including full duplex connections
between the p-law codec 70 and the telephone 15 and full duplex connections
between linear codec 72 and the telephone line 22. The p-law phone and
linear line codec circuits 70 and 72 transfer digital data to and from the DSP 61
through the phone interface circuit 66. |
25
The stereo audio codec circuit 54 transfers audio signals (mono and

stereo) to the external speakers 18 and the headphone set 19 over a set of



25 m_utlfunctlon |/ O subsystem

-7- Figure 6 illustrates the software architecture of t he host
processor for one enbodi nent; Figure 7 illustrates the
software architecture of the multifunction I/05 subsystem for one

enmbodi ment . 10 ' - 8-

audio signal lines 56. The stereo audio codec circuit 54 also receives audio
signals (mono and stereo) from an audio source and external microphone 14
over a set of audio signal lines 58. The stereo audio codec circuit 54 performs
analog-to-digital conversion on the received audio signals, and transfers the
"5 digitized audio data to the audio interface (I/F) circuit 68. The stereo audio
codec circuit 54 performs digital-to-anaibg conversion on audio data received

through the audio interface (I/F) circuit 68.

For one embodiment, the multifunction I/O subsystem 14 comprises
10 an industry standard architecture (ISA) add-in card that provides hardware to
support audio and telephony applications. . |

Figure 4 illustrates the software elements for the host processor 32 and
the multifunction I/O subsystem 14. A set of application programs 100 - 102
15 executing on the host processor 32 access the hardware functions of the
multifunction I/O subsystem 14 through an appropriate program interface
(API)104-106.

An application program interface consists of a dynamic link library'

20 (DLL) layer and a corresponding host device driver. The dynamic link library
layer interacts with host application programs that use the co-rresponding
application program interface. The dynamic link library layer performs error
checking and translates application program calls into messages that are

passed to the appropriate device driver.

For example, the application program interface 104 provides dynamic

link library 109 that links at runtime to a host device driver that



DETAI £ED DESCRI PTI ON Figure 1 illustrates a conmputer system 10
for one enbodi ment. The conputer system 10 includes a personal conputer
12 that receives incomi'ng 5 calls and transnmits outgoing calls over a

t el ephone line 22. The tel ephone | ine 22 conprises a standard tel ephone
line or alternatively a private branch 117 - exchange (PBX) line or | SDN
connecti on. - A pair of tel ephones 16 and 17, along with a

tel ephone ansxﬁﬁh{lﬂﬁc&& wiBC hagdv Sretd &0l RImudtifubetibR T2ONsbsysteme 22 in

parallel with the personal conputer 12. A serial telephone 15.is

coupl ed to the4,pThe dyalandolipkiidrary2109 transtates the dpplidatibn progfim interface
Figure 2 illustrates the personal conmputer 12. The personal conputer 15
12 conpri ses Wcalls iptooessages st age passedytodhe devicerdriver whigh performs age
subsystem 33, and a multjfunction I/O subsystem 14. The host processor 32,
the menory subh®zequested fupgloR-ne nultifunction 1/ 0 subsystem 14

communi catg over a host bus 44. 20 The multifunction |I/O subsystem
14" provi des sound capt ure/ pl ayback functions, fax and data nodem

functions, and tel pROQPRAMAEAIRliblad) $hyerE1307-109 of the application program
interfaces 104 - 106 inferact with one or more host device drivers 110-114 via
common device driver interfaces 115-117. The host device drivers 110-114 are
implemented as dynamic link libraries. A set of device-type specific custom

10 messages are defined by the device driver for the corresponding device class.

The code for the application program interfaces 104-106 comprises the
dynamic link libraries 107-109. The application programs 100-102 that require
the services provided by the application program interfaces 104-106 link

15 against the library corresponding to the corresponding dynamic link library
107-109.

The dynamic link libraries 107-109 translate application prograrh
interface calls into host device driver calls or messages. The host device
20 driver calls or messages and associated data structures define the device
driver interface (DDI) for the corresponding device class. A host device driver
for an application program interface is provided by implementing the

corresponding DDL

25 . The multifunction I/O subsystem 14 implements a digital signal
processing operating system (DSP-OS) that executes on the DSP 61. The DSP-

OS enables multiple concurrent execution of audio and telephony tasks (such



The mul tifunction 1/0O subsystem 14 provi des connections for m crophones
and speakers, and hardware to support tel ephone and tel ephone |ine
cénnections. 25 - - 9-

The mass storage subsystem 33 represents a wide variety of nmass

storage devices for large scale data and,program storage, including
magneti c di sk drives and CD ROM driVves. 5 Figure 3 is a

di agram i | I ust %?Eiwm%@ﬁﬂ s DSPROS t43ks13a3 B tRéintdtifunction T/®
mul tifunction I/O subsystem 14 conpri ses an anal og. phone |ine
interface circgibsysfenandl associated codec circuits (a [err]-law codec 70
and a linear codec 72), a digital signal processor (DSP) 61, an stereo
audi o codec circuit 54, and a set of interface circuits 63-69. 10
A nmenory bl ock 62 conprise DSP ti
Y Thrrg ﬂSSP-SS ?s a realst{n% In?ulrti?ar; °n”§ 3§§r§§ﬁg rg)alsngy that provides
5 two programming interfaces: the application programming interface and a

system programming interface (SPI). The DSP-OS application program

interface provides a set of high-level processor independent functions for

computations by the DSP 61, as well as stream input and output to the

multifunction 1/0 subsystem 14.

10
The software for the multifunction I/O subsystem 14 includes a set of
DSP device drivers 130 and 135-137. The DSP-OS tasks 132-134 perform

computations and I/0 to devices via the DSP device drivers 135-137.

15 A typical DSP-OS task reads input data from a hardware device,
processes the input data, and then writes output data to another hardware
device. Normally, multiple DSP-OS tasks perform such processes
concurrently. A DSP device driver enables the DSP-OS tasks to access
hardware devices. Each hardware device corresponds to a DSP device driver

20 that manages the hardware device and provides I/0 services to the DSP-OS
tasks.

The DSP-OS system programming interface provides a set of functions
~ for managing DSP-OS tasks, and for managing the DSP memory 62. The DSP-
25 OS system programming interface provides functions for synchronizing DSP-

OS tasks, and functions for performing device-independent I/0.



(SRAM and a DSP dynami ¢ random access nenory (DRAM). Both DRAM and

SRAM can be used for program or data. 15 The bus interface
ciFrcuit 67 and the DMA-arbiter circuit 65 enable the DSP 61 to
comuni cate over the host bus 44. The anal og phone |ine
interface circuit 60 and the [err]-law and |inear ' codec circuits 70

and 72 enabl e transfer of incom ng ardiButgoing calls over 20 the |ocal
line 20 and the tel ephone Iine 22 including full duplex connections

between the [er]-|pe Rostadevid® drivers 120 ¢ 214 pbraneuriifata vith DSP programs
connecti ons between linear codec 72 and the tel ephone |ine 22. The

Ejgar r]t - : a\(/jv E)ho?&caﬁglgfon the![ﬂhmh%lérl\adtigfd/&a&sz&ﬁent%]ﬁ thronghamBSE interfaees1 2
igital data to an romthe DS ) Lt .ph ' f

Cifeurt 66, 2Bor example,  hostaudse detise SbPbuEERIEE 150 ifPtae A SreoRBRLa audi o
signal s (Moo apdhe o B Emaghads ekl GaRbPId Ehd BRFF BRI efd Ao Eec

headphone set
5 circuit 54. The host audio device driver can communicate with several DSP-

OS tasks. A DSP-OS task created by a host device driver may create other DSP-

OS tasks to provide the appropriate hardware functions.

The DSP interface 120 is message-based. The DSP interface 120 defines a
10 common structure for messages and a programming model for
communication between host device drivers and corresponding DSP-OS
tasks. Each host device driver defines an appropriate set of message formats
(such as command codes, parameters, status and reply codes, etc.) for
communication with the corresponding DSP-OS task.
15
A host DSP driver 122 implements the DSP interface 120. The host DSP
driver 122 comprises a dynamic link library (DLL) that enables
communication with the multifunction 1/O subsystem 14. The host DSP
driver 122 loads the DSP-OS and starts the DSP 61 to initialize the
20 multifunction I/O subsystem 14 and run the DSP-OS. After the
multifunction I/O subsystem 14 is initialized and the DSP-OS is running, the
host DSP driver 122 moves buffers of data and messages between the host
processor 32 and the multifunction I/0 subsystem 14.

25 The host DSP driver 122 communicates with a DSP host driver 130
executing under the DSP-OS. The host DSP driver 122 and the DSP host

driver 130 do not examine the content of the data and messages passed over



- 10 2 audi o signal lines 56. The stereo audio codec circuit 54 also

recei ves audio signals (nono and stereo) froman audi o source and
external mcrophone 14 - - over a set of audio signal lines 58. The stereo
audi o codec circuit 54 perforns anal og-to-digital conversion on the
recei ved audio signals, and transfers the 5 digitized audio data to the
audio interface (I/F) circuit 68. The_sjgreo audio codec circuit 54
perfornms digital -to-anal og conversion on audi o data received t hr ough

t he audi o i nt grhé Rarivarefhtesfat€ 125. Bife host DSP driver 12Fand ehe DSPitasdt driver t he
mul ti function I/0O subsystem 14 conprises 10 an industry standard

archi tecture (B®Aynchtdnize multiple data qmdomaasege Istredmsrand xpute eachssipgao to audi o
and tel ephony applications. Igure 4 illustrates the software
el ements for tth%anmrw%besmmszirm and DSPQstagky ¢ f unction 170

subsystem 14. A set of application progranms 100 - 102 15 executing on the

host processor 32 access the hardware functions of the mul tifunction
| / O subsystem 14 thr ' I+hE § APl) 104 -
106. 5 rAA%ga{%?l ca o%p%%%grghéﬁé%écée (E:% c%%sog ﬁa dynami c
link I'ibrary &‘ant{d?lslakal@y%faﬂdxeaommﬂmm 1483\/1'1@@13913103” The
dynamc link [ibrary | ayer interacts with host application prograns

that use the cerveedpépdocegses requests from the multifunction I/0 subsystem 14. The
" DSP-OS server 124 is a "daemon” on the host processor 32. The DSP-OS
server 124 is a part of the host DSP driver 122. The DSP-OS server 124 server
10 services file and console I/O requests from the DSP-OS tasks 132-134 and 146
to the host processor 32. The DSP-OS server 124 assists in dynamic DSP-OS
task loading, and provides a user interface for status and performance

monitoring of the multifunction I/O subsystem 14.

15 The DSP-0S is a real-time multitasking operating system that provides
a kernel and input/output (I/O) environment for the software executing on
the multifunction I/O subsystem i4. The DSP-OS defines a set of device-
independent 1/0 interface 140-143 for use by the DSP-OS tasks 132-134 and 146
to access hardware devices of the multifunction I/O subsystem 14. The DSP-

20 OS also defines stackable device drivers which are blocks of code that provide
common (i.e., reusable) transformations on 1/O streams in the standard

format.

A DSP program executing on the DSP 61 functions as a server for a
25 corresponding client host device driver on the host processor 32. A DSP
program performs the commands requested by the client host device driver

through the appropriate messages.



apbl lgation programinterface. The dynamic link library |ayer perforns

error checking and transl ates application programcalls into nessages
that are passed to-the appropriate device driver. 25 For
exanpl e, the application programinterface 104 provi des dynanic i nk
library 109 that links at runtinme to a host device driver that

- 11 - communi cates with a hardwat® €levice in the nultifunction I/O
-subsystem 14. The dynamic link library 109 translates the application

programinterface s pert et cbol B BA9RS:d BAP.38 oRBTRAbRe b

devi ce driver whic e regue

dynam c |ink | 858000t devives fd/sink Aebices, W ﬂf6§hl pRCIF Pedcessing and
interfaces 104 - 106 %nterla%t Wllt one or m)rgéhost r%f‘svl ce dri versgllo 114
vi a conMgangienthattord o the dathe Foaeeamplebad budid DSPHOS ttaskereade addiover s
110-114 are i npl emented as dynamic link libraries, A set of

devi ce-t ypeb s psamples frons thensterpo andic sedes crcuithdr usiag atfiﬁ“tl??eméépmﬂfnéll'f‘?er

for the correspondi ng device class.
&terface?processes the samples to perform data compression, and then

The

transfers the compressed data to the host audio device driver executing on the

host processor 32.

10 The DSP-OS creates a DSP-OS dispatcher task 146 after starting up. 'fhe
DSP-OS dispatcher task 146 processes requests from the host device drivers
110 - 114 to create and delete DSP-OS tasks. The DSP-OS dispatcher task 146
matches a task name to the appropriate DSP-OS tasks and then loads and
starts the new DSP-OS tasks. The DSP-OS dispatcher task 146 also creates

15 mailboxes for communications between the requesting host device driver or

other DSP-OS tasks and the new DSP-OS task.

The functions of a DSP-OS task are controlled by placing messages in a
corresponding mailbox. The interpretation of the messages follows a device-~
20  class specific protocol. Each DSP-OS task recognizes a small set of basic

messages.

Figure 5 illustrates interaction between a host device driver 180
executing on the host processor 32 and a corresponding DSP-OS task 182. The
25 host device driver 180 controls and communicates with the DSP-OS task 182

via a control channel and one or more data channels.



The code for the application programinterfaces 104-106 conprises the
dynam c |ink libraries 107-109. The application programs 100-102 that

require t he services provided by the application programinterfaces
104-106 link 15 against the library corresponding to the correspondi ng
dynamic link library 107- 109. The dynamc link libraries

éO? 109 tlriansl ate application progrant 16 - interface calls into host device

river calls or nessa Th ho devL cakls. .0 es and

associ ated data st r'@l?g%]’eén rpqen b‘i"\? '58 con(roygﬁqugeh tﬁ?ﬁeré}agggstﬁ?ml )

for the corre eV|c

application pﬁ%ﬁ?gﬂnﬁﬁﬂé\”ﬁ 4025%%?0‘6?%9%5 sbg%b errent ?%11518%1 antiFecéife

correspondi ngqﬁ@ésagfs from the DSP-OB‘&%S!?“!Bi' fIHEQbh%l thénrtel is ifipRfeiMed

i npl ements a digrt sl gha processi ng operating system (DSP-(Q0S) that

executes on thgcbifingio a MiAlboSFacility. THethashalevize driserilfd eallomcur r ent

execution of audio and tel ephony tasks Igguc
5 dspOpenTask routine to create the DSP-0OS task 182, and to create a pair of

mailboxes 184-185. The host device driver 180 and the DSP-OS task 182 use

the mailboxes 184-185 to exchange messages.

Large data transfers between the host device driver 180 and the DSP-OS
10 task 182 are subdivided into blocks according to a buffer size specified for the
host device driver 180. The control channel messages are interleaved with

data blocks.

The host device driver 180 and the DSP-OS task 182 exchange data
15 through one or more data streams. A data stream is a channel that provides
data flow in one direction between a host device driver and a DSP-OS task.
Two data channels are employed to exchange data in both directions, i.e. from
the host device driver 180 to the DSP-OS task 182 and from the DSP-OS task
182 to the host device driver 180. ' -
20
The DSP interface 120 supplies a uniform set of services for
communication with the multifunction I/O subsystem 14. For one
embodiment, the DSP interface 120 supplies the communication services for
the multifunction I/0O subsystem 14 in a Microsoft® Windows environment.
25 The services are employed by the application programs 100-102 and the host
device drivers 110-114. -



- 12« as a DSP-OS task 132 and a DSP-0s task 134) on the

mul tifunction I/O subsystem 14. The DSP-OC5 is a real tine
mil titasking operating-systemthat provides 5 two progranmng interfaces:
the application programring interface and a system progranmi ng
interface (SPI). The DSP-OS application program interface provides a
set of high-1level processor independentlfunctions for conput ati ons by

(e 0o o1, o vl i o] ST iy TSR Pl ot P BSHLIEL

|/ O subsystem 14. fware _ /0O
subsystem 14 itaed id@transtéts data streamsIOREHbSEHEIDIROE the®, oRE DEPS- 137. The

DSP- OS tasks 132-134 perform conputations and 1/Oto devices via the
DSP devi ce driintarfacé 320 is30ptimized for efficient MataystreahingSB-the DSEOStasd STheput
data from a hardware device, processes the input data, and then wites

out put data tdPehintadaceidlepables command messageNaansfer betwaentthe hestibvics
tasks perfqrm such se currently. A DSP device driver enables
t he DSP- OS%t ascﬁ'éveg%?g(g—ggégnéthe Dﬁ%%g%'devi ces. Each hardware device
corresponds to a DSP device driver 20 that manages the hardware device and
provides I/O services to the DSP-0OS t asks.

The DSP interface 120 also provides basic control functions for the
multifunction 1/0 subsystem 14. The control functions are employed by the
DSP-OS server 124. The control functions provided by the DSP interface 120

10  include control functions for loading the DSP-OS program image, control
functions for starting and stopping the DSP 61, as well as control functions for
obtaining diagnostic and status information from the multifunction I/0O

subsystem 14.

15 An application executing on the DSP 61 consists of one or more DSP-
OS tasks that typically performs computations. A DSP-OS task has an
associated host device driver that functions as a server. The host device
driver launches the DSP-OS tasks (via a call to dspOpenTask) and thereafter
sends commands to the newly launched DSP-OS tasks. The DSP-OS tasks

20  service requests from the corresponding host device driver. A host device

driver and a corresponding DSP-OS task have a client/server relationship.

The DSP-OS tasks are created through the DSP-OS dispatcher task 146.
The DSP-OS dispatcher task 146 is a special DSP-OS task created when the
25 system starts up. The DSP-OS dispatcher task 146 communicates with the
host DSP driver 122. The DSP-OS dispatcher task 146 sets up the DSP-OS

environment on the multifunction 1I/0 subsystem 14 and then assumes the



The DSP-OS system progranm ng interface provides a set of functions _
for managi ng DSP-COS tasks, and for nanagi ng the DSP nenory 62. The DSP- 25
OS system progranm ng i-nterface provides functions for synchroni zi ng DSP-
OS tasks, and functions for perform ng device-independent I/Q

- 13 - The host device drivers 110 - 114 communi cate w th DSP
pr ogr ans executing on the nultifunmcti®nr 1/ O subsystem 14 t hrough a DSP
i nterface 120. For exanple, a host audio device driver uses the DSP

i nterface 120 nole @fomcerx'sralaontrol DEPQSask s Fhe REP-Q8dispascherttask H4fsfer to

and fromthe stereo dec 5 II‘CUIt The, host audi,Q devi ce dri ver-
can communi cat€® Hﬁ"{q’fa@ cggigua messegeig@kgm%h%pi%ce[ggker& eated by a

host devi ce drﬁ@&@e&%@@i@u‘%&@%n&%ﬁeteaDSII’_% B%gks to provide the

appropri ate har interface 120 is
nmessage- based. The DSP interface 120 defines a

5 The DSP-OS tasks send data to the host device drivers, and receive data
from the host device drivers. A data st}eaming interface enables efficient
transmission of data blocks (buffers). The data streaming interface is accessed
through the DSP-OS. The host application programs access the data channels
between a DSP-OS task and the corresponding host device driver through the

10  host device driver. The DSP-OS tasks access files on the mass storage

subsystem 33 through a corresponding host device driver.

The DSP-OS supports device independent I/O by providing a common
set of functions used to access the differing hardware devices of the
15 muitifunction I/O subsystem 14 in a uniform manner. The DSP device
drivers 130 and 135-137 implement the DSP-OS device-independent I/O
interfaces 140-143 to enable access of the hardware devices of the
multifunction I/O subsystem 14. The DSP-OS tasks 132-134 and 146 employ
the dévice-independent I/0 interfaces 140-143 to transfer data to or from any

20 hardware device of the multifunction 1/0 subsystem 14 as a source or a sink.

The DSP-OS tasks 132-134 and 146 read input data from a source device,
processes the input data, and then write the processed data to a sink device.
An SS_get and an SS_put operation are used for such processing. The local
25  line 20, the telephone line 22, the stereo audio codec circuit 54, and the
hardware devices of the host processor 32 are available as sources and sinks.

The mass storage subsystem 33 functions as multiple sinks and multiple



10 common structure for nessages and a progranm ng nodel for

communi cati on between host device drivers and correspondi ng DSP-CS

t asks. Each host device-driver defines an appropriate set of nessage
formats (such as command codes, paraneters, status and reply codes,
etc.) for communi cation with the. cgyrespondi ng DSP-CS task. 15

A host DSP driver 122 inplenents the DSP interface 120. The host DSP

driver 122 cogm&kﬁsemweamly, Lidhkthhat Bratiple(Bgical daai clenatelsare

conmmuni cation wth the nmultifunction 1/0O subsystem 14. The host DSP
driver 122 | ogstecurhatipSietive. and starts the DSP 61 to initialize the 20
mul tifunction 1/0O subsystem 14 and run the DSP-OS. After the

mul ti function I/0O subsystem 14 is initialized and the DSP-CS i s running,

D D el BR IO R R R ReP g (e
e e 5 S R RCAPRTAT Brobl eSS 5 dah il
driver 130 do,pg ¥R ceuit 38 is eMbRYledXor shend Ml@irpid aMisewRgas tiraaghanover
audio application program interface, and for telephone conversations
through a telephony application program interface. The telephone line 22 is
employed for telephone conversations through the telephony application
10 program interface, for sending and receiving faxes through a fax application
program interface, and for data modem processing . In all such cases, the

particular hardware device is accessed via the DSP-OS device-independent

1/0 interface.

15 *The hardware devices of the multifunction I/O subsystem 14 that
generate and consume sampled sound data streams répresent the sampled
sound data in differing data formats. A hardware device or DSP device driver
may represent sound data in amplitude normalized format, wherein the
sound samples comprise 32-bit floating point left justified data values that are

20 scaled to range from -2**31 to 2**31-1 for conversion to 32-bit signed integers.

A hardware device or DSP device driver may represent sound data as
32-bit floating point right justified data values, wherein 8-bit sound samples
range from -256 to 255 and 16-bit sound samples range from -32768 to 32767.

25 A hardware device or device driver may represent sound data as 16-bit signed
integer right justified data values with one sample per 32-bit word, wherein

sound samples range from -32768 to 32767.



- .14-; : the hardware interface 125. The host DSP driver 122 and the

DSP host driver 130 synchroni ze mul ti ple data and nessage streans and
route each streamto - the appropriate host device driver and DSP-COS

t ask. 5 A DSP- CS server 124 server executing on the host
processor 32 functions as a server for the DSP-OS tasks 132-134 and
146. The DSP- CS server 124 procesges-requests f_romthe mul ti function
|/ O subsystem 14. The DSP- S server 124 is a "daenon" on the host

processor 32. The P- Ser i ver
122. The DSP- OS segﬁé’r‘g%’fﬁe gﬁY\?%P}[?%Pl%%rléelsggg%gqgﬂ%gconso %lf%%
requests fro gé;k& 2-bit worQ either bseptPlefs SOf
32. The DSP— server ﬁ}.& SsSi géig}%émgﬁléé%SP tg%f | oadi ng, and
provi des a us@hdirfphR' Eﬁ@@esf(eferéd)airuwwsutcessi\feosampiee (mono). nbmadditiong8-of t he
mul tifunction I/O subsyStem 14. 15 - The DSP-OS is a real -tine

nul titaski g bjtqrkw samples asmpadked fountd aid2-bit words kernel and i nput/ out put
(110 environment for the software executing on ~ the multifunction 1/0
subsystem 14. The DSP-COS defines a set of device- i ndependent 1/0

a0cess. har dvar o dePPEdd GeeY RIRHRN £ eraierd ot PRl Ryt famaled 12p

5 al 20 definggusd asfa%&e%nﬁs% e HlMALRHEATIO ARy b(bepi@. the s@ddaidat

provi de reusa trans ormatlos on /O streans in the
standard da®d fe¥nat is 32-bit floating-point left-justified. The sound data stream

10 samples are scaled to range between -2**31 an 2**31-1. Such scaling enables

conversion between floating point and integer data formats.

The standard data format supports a rahge of +/-(2)127. However,
sound sample values having a magnitude greater than 231 generate
15  erroneous results if sent to a hardware device of the multifunction 1/0
subsystem 14. Also, sound sample values having a magnitude less than 215

are equivalent to 0.

For example, the DSP device driver for the stereo audio codec 54
20 receives standard data format samples from a corresponding DSP-OS task,
converts the standard data format samples into 32-bit integers, then right-
shifts the 32-bit integers by 16 bits to extract the high-ordef 16 bits, and then
writes the high-order 16 bits to the' stereo audio codec 54.

25 For another example, a DSP device driver for telephony converts

standard data format sound samples into to 8-bit p-law samples by converting



A DSP Pprogram executing on the DSP 61 functions as a server for .a 25
correspondi ng client host device driver on the host processor 32. A DSP
program perforns the commands requested by the client host device driver

t hrough the appropriate nessages.

- 15 - A DSP program consists of one or nore DSP-CS tasks that
nove data from source devi ces to=si2dk devi ces, while perform' ng

AR e i P [k TR P N g
54 using a devipgend ﬂ%ﬁgpflfﬂfé %@convemhgttanﬁéﬁ-orﬁ{%eﬁﬁ% é&?ﬁ%gm) les to

perform data conpr &ssi on e conpressed data to

t he host audi o device driver executing on the host processor 32. 10
The DSP-COS creates a DSP-CS di spatcher task 146 after starting up. The
DSP- OS di spat cher tTh&sthAfagdt date femnatrfoqsasipded sound Hetalststamdenables dhe ver s

5 DSP-OS tasks to open and read sound samples from multiple hardware
de.vices that require differing data formats. Similarly, the standard data
format for sampled sound data streams enables the DSP-OS tasks to write
sound samples to multiple hardware devices that require differing data
formats.

The standard data format for sampled sound data streams also enables
the DSP-OS tasks to communicate with devices that éenerate the same data
format with differing scaling. For example, the stereo audio codec 54
generates true .16-bit integer samples that range from -32768 to 32767, while

15  the DSP device driver for the telephone line 22 converts 8-bit yt law sound
samples into a linear integer format having a 14-bit range (-4096 to 4095). The
standard data format for sampled sound data streams enables compatibility if
the sound samples for the telephone line 22 are left justified and the extra

least significant bits set to zero.

20
Figure 6 illustrates the software architecture of the host processof 32 for
one embodiment. The host application programs on the host processor 32
comprise a host telephony application program 200 and a host audio
application program 202. |

25
| The host telephony application program 200 enables origination and

reception of voice calls, data modem calls, and fax calls over the telephone



110 -<114 to create and del ete DSP-OS tasks. The DSP-COS di spatcher task 146
mat ches a task nanme to the appropriate DSP-OS tasks and then | oads and
st'arts the new DSP-CS t-asks. The DSP-OS di spatcher task 146 al so creates 15
mai | boxes for comruni cati ons between the requesting host device driver or
ot her DSP-OS tasks and the new DSP-CS task. The functions of a
DSP-OS task are controlled by placing m@ssages in a correspondi ng '

mai | box. The inptegpretatio f,th . foll | :

peci 1 ¢ prot dit 2 Eib Nesprelophons AFPUCRaN preerameonf PRt E piegtlevet °°°
messages. . ' il ' ' .

devi ce driver Y80 mterfacg)glgxgjtﬁngg hg nﬁ%ﬁhg?tahggﬁ%ggdgg ngfg%ﬁiahcﬂu{?ﬁ{e
cor respondi ng {53k, @atd Aiddel and TR tinshes bvetetteaelephbre link®2. control s and

communi cates with the DSP-OS task 182 via a control channel and one or
nore data channel s. - 16 -
5 The host telephony application program 200 communicates with a host.

phone control driver 160 and a host fax-modem driver 166 through a
telephony application program interface 170. The host phone control driver
160 and the host fax-modem driver 166 communicate with corresponding
DSP-OS tasks on the multifunction 1/O subsystem 14 through the DSP

10 interface 120 of the host DSP driver 122. '

" The telephony application program interface 170 provides telephony
control services to the telephony application program 200. The telephony
application program interface 170 provide services for handling inbound

15 calls, for initiating outbound calls, for accessing features provided by the
analog phone line interface circuit 70, and for communicéting with remote

equipment.

A fax application program interface 172 provides a set of fax control
20 operations to the telephony application program 200. The fax application
program interface 172 provides operations for managing incoming and

outgoing faxes.

The host audio application program 202 enables recording and playback
25 of sound files. The audio applic.;ation program 202 enables transfer of
information between sound files on the mass storége subsystem 33 and audio

playback devices (not shown) coupled to the audio signal lines 56. The audio



The DSP interface 120 provides the control channel that enables the

host device driver 180 to send nessages to the DSP-OS task 182, and receive
nmessages fromthe DSP-CS task 182. The control channel is inplenented
according to a mail box facility. The host device driver 180 calls a 5
dspOpenTask routine to create the DSP_—%t_ask 182, and to create a pair of
mai | boxes 184-185. The host device driver 180 and the DSP-COS task 182 use

the mail boxes 184-185 to ' . :

transfers bet \ﬂBBﬁc#}%‘ Pnr(%? ‘)ﬁﬁre@ ?%%%Z%eqwfgn%f %%r%n%%ﬂ %%)gr%% 182
are subdivi deg;d | 'sUbfi@témR thelsefiblZiRlephOnt 5 eupled thhe
host devi ce d?iilé\?e'u}rp?goﬁﬁﬁsgéﬁa ntsggfsg(t:%]ar?ﬁea:?wnesssgges ae?g i nterllé%ved wth

dat a bl ocks. the local line 20. The host device driver 180 and the DSP-CS task
182 exchange data 15 through one or nore data streans. A data streamis a

channel that provides data flow in one direction between a host device
driver and a DSP-QOS t ask. . Two data channgls are eppl oyed to exchange
data in boPh direcThehest qudio appﬁggnon program212; cqmepupicates; With 215t o ¢ he

A AR e LN R L
for " host audio driver 164 communicates with corresponding DSP-OS tasks on the
multifunction I/O subsystem 14 through the DSP interface 120 of the host
DSP driver 122.
10 |
The functions provided by the audio application program interface 171
include querying audio devices, opening and closing audio devices, recording

and playing audio data, and controlling playback and recording.

15 The host audio application program 202 also communicates with the
host phone control driver 160 through the telephony application program
interface 170 if the serial telephone 15 is employed as a sound file

input/output device.

20 The host audio application program 202 implements a user interface
function that enables a user of the personal computer 12 to select the serial

telephone 15 as the sound file input/output device.

For one embodiment, the audio application program interface 171
25 comprises a Waveform application program interface provided by Microsoft®
Corporation for processing Waveform sound files. The Waveform

application program interface is part of Microsoft® Windows. The



commuii cation with the nmultifunction I/O subsystem 14. For one :
enbodi nent, the DSP interface 120 supplies the comuni cati on services for
thhe nmultifunction 1/0O subsystem 14 in a Mcrosoft Wndows environnent. 25
The services are enployed by the application prograns 100-102 and the host

device drivers 110-114. - 17
- Each host device driver- p1§-114 starts and stops at | east one
DSP- CS task, and transfers data streans to and fromthe DSP-CS task.

The DSP i Weeeformappligation pragram;isverfase providesesoundsegorsk anshplaybaek t he

DSP- OS task. The I nterface 120, enabl onmand nessage transfer
bet ween t he hd@f\% @M@%ﬁ%ﬁ li“ﬁr} 1 _ﬁ@nﬁSP-OS t asks.

The DSP interface 120 al so provi des basic control functions for the

mul ti function 1I/0O subsystem 14. The control functions are enployed by the

DSP- OS server 124. r@ﬁﬁm&&hméww@w&@mmté&dr@w tHeembRBuhid & fa0e 120

10 include control ctions for |oading the DSP-COS program i mge, cont r ol

functions fsor subsystémg4dorioné epbodimnérite ADBBPEAS dispatelidr task H6Procdsses
functions for
requests from the host phone control driver 160, the host audio driver 164

and the host fax-modem driver 166 to create and delete DSP-OS tasks.

The DSP-OS dispatcher task 146 matches the requested task name to the -

10 appropriate DSP-OS tasks and then loads and starts the new DSP-OS tasks.

The DSP-OS dispatcher task 146 also creates mailboxes for communications

between the host phone control driver 160 and the host fax-modem driver

166 and corresponding DSP-OS tasks. The DSP-OS dispatcher task 146 also

‘creates mailboxes for communications between the host audio driver 164 and
15 a corresponding DSP-OS task. The DSP-OS dispatcher task 146 also creates

mailboxes for communications between the new DSP-OS tasks and other

DSP-OS tasks.

A DSP file input/output (FIO) driver 270 enables access the host
20  processor 32 file system by the DSP-OS tasks. The DSP-OS tasks use the DSP
FIO driver 270 to perform open, read, write, and close operations, and to
transfer data to and from files on the host processor 32 including files on the

mass storage device 33.

25 The host phone control driver 160 and the host fax-modem driver 166
cause the DSP-OS dispatcher task 146 to create a set of telephony DSP-OS tasks

260 - 263 for normal processing of incoming calls over the telephone line 22.



obt ai.ni ng di agnostic and status information fromthe multifunction I/0O
subsystem 14. 15 An application executing on the DSP 61 consists
of- one or nore DSP- — OS tasks that typically perforns conputations. A
DSP- OS task has an associ ated host device driver that functions as a
server. The host device driver launches the DSP-CS tasks (via a cal
to dspOpenTask) and thereafter sen 5connands to the newy | aunched
DSP- OS tasks. The DSP-CS tasks 20 serV|ce requests fromthe correspondlng
host device driver. A host device driver and a g respp?dln DSP-

task have a cl Thadigital set emulation PEROS task 262 is created | S 5ar e

created through the. D I S cher it her
task 146 is a 5‘1 F&gﬁ& Q&%ﬁ%&%\fﬁk“ga&‘%’él}fgﬁgﬁgﬁ ezrf‘??f gi#et% ge%t‘fﬁ
The DSP-CS di s I46 at t host DSP dri ver
122. The DSP- d| S t° 2‘?&{%2 ¢ gettsg ﬁ%letmhgbé%rk envi ronnment on

the multifunction I/O subsystem 14 and then assunes the
| 5 The telephony DSP-OS tasks 260 - 263 perform analog and digital
telephony functions through a DSP telephony driver 282. The DSP telephony
driver 282 communicates through the phone interface circuit 66 to the analog

phone line interface circuit 60 and the codec circuits 70 and 72.

10 The host audio driver 164 causes the DSP-OS dispatcher task 146 to
create an audio DSP-OS task 252. The audio DSP-OS task 252 performs soimd
file record and playback functions througﬁ a DSP stereo audio codec driver
280 in a normal mode. The DSP stereo audio codec driver 280 communicates
through the audio interface circuit 68 to the stereo audio codec circuit 54.

15

The audio DSP-OS task 252 also performs sound file record and
playback functions through the DSP telephony driver 282 in a telephone
audio I/0 mode. A user interface function of the host audio application
program 202 determines whether the audio DSP-OS task operates in the

20 normal mode or the telephone audio I/0O mode.

~ The audio DSP-OS task 252 functions as a server for the host audio
driver 164. The audio DSP-OS task 252 performs the commands.requested by
the host audio driver 164 according to messages routed through the

25 corresponding mailboxes.



- 18 = role of a central control DSP-COS task. The DSP-OS di spat cher
task 146 responds to a set of command nessages fromthe host device
dri vers, i ncludi ng-requests to create and del ete a DSP-CS t ask. 5
The DSP-COS tasks send data to the host device drivers, and receive data
fromthe host device drivers. A data stream ng interface enables efficient
transm ssion of data bl ocks (buffers). The data stream ng interface is

accessed t hrough the DSP-CS. ThE' Hést= appl i cation progr'ams access the
data channel s bet ween a DSP-0OS task and the gorre I ng host_ device
driver through the @Bnnﬂdi(tmt?é\ﬁ‘%‘?ﬂf Qdeco WW%@%&%& saé‘df’?l es on

the mass stora ;@% ystem 3 giign es |

driver. ¥odec dnve,r DEFEIYS god'ﬁ@ ﬁsa ?’g{e&f n g%g’n n$%§§6d§Yé
provi ding a cOBIDRe sound Fhmples/frihthe BierdtsHiliibRoBEE Bttuit Be cBhipkRe1BGit
har dwar e devices o t e 15 I'tifunction 1/O subsystem 14 in uni form

manner. The DSB\tdgeﬂ ddta valuesdThedDSP $tdfeccautlid odéSdrivepR8lrenivertsah®SP- OS
devi ce-i ndependent |/ i nterfaces 140-143 to enabl e access of the
har dwar e de§i ceeund samples into arsdund datatstream hayiogithe standard dawhforpep-ane

tasks 132-134 and 146 _enp t he device-| den Ointerfaces
140-143 to traméﬂerﬁﬂteaﬁoﬂladc#at# FG?R%&?%“‘H&H%% f??% of the
mul tifunction 1I/0O subsystem 14 as a source or a sink. The

DSP- OS tasks 132-134 and 146 read input data froma source device,
The audio DSP-OS task 252 preprocesses the sound data stream through

either an 8:1 compression driver 210, a 2:1 compression driver 212, or a pulse
10 code modulation (PCM) audio driver 214 according to the requirements of the
host application program 202. The preprocessed sound data stream is then
transferred to the host audio application program 202 through the device
independent 1/0 interface of the DSP host driver 130, and up through the
host audio driver 164.
15
The 8:1 compression driver 210 converts the sound data stream from
the standard data format into an 8:1 compressed data format. The 2:1
compression driver 212 converts the sound data stream from the standard
data format into an 2:1 compressed data format. The PCM audio driver 214
20 converts the sound data stream from the standard data format into a PCM

format for Waveform files.

During normal mode audio playback operations, the host audio
application program 202 transfers a sound data stream to the host audio
25 driver 164 through the audio application program interface 171. The host
audio driver 164 transfers the sound data stream to the host DSP driver 122
through the DSP interface 120. The audio DSP-OS task 252 receives the sound



processes the input data, and then wite the processed data to ‘a sink

devi ce. An SS-get and an SS-put operation are used for such
proocessing. The local 25 1line 20, the telephone |line 22, the stereo audio
codec circuit 54, and the har dwar e devi ces of the host processor 32
are avail abl e as sources and si nks. The mass storage subsystem 33
functions as multiple sinks and nultlplé

- 19 - sources sinultaneously, such that nultiple |ogical data

channel s are ﬁ%ﬂ%ﬁ‘bﬁf‘iﬂé’h@ﬁbﬂl’ednwr 122 throu h eithér thel8:1 tomptéssion / O
subsystem 14 prov rdwar e devi ces t hat support mul tipl.e

appl i cati on pafigerId, el aontpredsion driven2i2, ot tiee BCM endio drivex@ido codec
circuit 54 is enpl oyed for sound file |nﬁut and out put through an

audi o appl i casicordipgdgrtherrequizamente of theihossapplicatiomReogs sati ons

t hrough a tel ephony appli-cation programinterface. The tel ephone line 22 is
enpl oyed for tel ephone conversations through the tel ephony application 10

o a4 2oe b SEHRANA AN EE Y LR RS bR Bl om
such cases, U g:1 compressed data format into the standard data format during audio
playback. The 2:1 compression driver 212 converts the sound data stream
from the 2:1 compressed data format into the standard data format during
audio playback. The PCM audio driver 214 converts the sound data stream
10. from the PCM format for Waveform files into the standard data format

during playback.

The audio DSP-OS task 252 then transfers the standard format sound
" data stream to the DSP stereo audio codec driver 280 through the device
15 independent 1/0O interface. The DSP stereo audio codec driver 280 converts
the sound data stream into the 16 bit integer data values required by the stereo
audio codec circuit 54 and then transfers the decompressed 16 bit sound data

values to the stereo audio codec circuit 54 to generate sound playback.

20 During telephone audio I/O mode record operations, the DSP
telephony driver 282 receives sound samples of the serial telephone 15 over
the local line 20 from the analog phone line interface circuit 60 and the codecs
70 and 72. The DSP telephony driver 282 converts the sound samples into a
sound data stream having the standard data format. The DSP telephony

25  driver 282 then transfers the sound data stream to the audio DSP-OS task 252.



~particular hardware device is accessed via the DSP-OS devi ce-i ndependent
I/ O interface. 15 The hardware devices of the nultifunction I/0O
subsystem 14 t hat -generate and consune sanpl ed sound data streans
represent the sanpl ed sound data in differing data formats. A hardware
devi ce or DSP device driver may represent sound data in anplitude
normal i zed format, wherein the 8@ﬁd sanpl es conprise 32-bit floating
point left justified data values that are 20 scaled to range from-2**31

to 2**31-1 for conpgs sidib DSP-OB-thék 250 pipiotessesabiesound data stream thrdugh
har dwar e devi ce or DSP device driver nmay represent sound data as

32 bit fl oati sighgrcthei8:TIr éayhpression idrived 236t the\2sl nempredamredmve‘ 32 oz thend

npl es ange from-256 to 255 and 16-bit sound s range from
-32768 to 3273<ng amom@r&%ﬁ@cae%ré@%ﬁom#e@ ﬂfﬁ% er%*ﬁ?‘g%'é’nt sound

data as 16- bi ned te tifi e e
sanpl e per 32¢ tfgW}PHm W]@Péil'cr? lon Jepg ﬁiay? t%%cqr?&r&tq%% n%% g%%%‘ggﬁo
32767. 5 of the host application program 202. The preprocessed sélnd data stream is
then transferred to the host audio application program 202 through the
device independent I/0 interface of the DSP host driver 130, and up through

the host audio driver 164.

10 During telephone audio I/0 mode playbaék operations, the host audio
application program 202 transfers a sound dat.a stream to the host audio
driver 164 through the audio application program interface 171. The host
audio driver 164 transfers the sound data stream to the host DSP driver 122
through the DSP interface 120. The audio DSP-OS task 252 receives the sound

15 data stream from the host DSP driver 122 through either the 8:1 compression
driver 210, the 2:1 compression driver 212, or the PCM audio driver 214 to

convert the sound data stream into the standard data format.

The audio DSP-OS task 252 then transfers the sound data stream to the
20 DSP telephony driver 282 through the device independent 1/O interface. The
DSP telephony driver 282 converts the standard data format sound data
stream into sound data values required by the analog phone line interface
circuit 60 and the codecs 70 and 72. The DSP telephony driver 282 then
transfers the decompressed sound data values to the analog phone line
25 interface circuit 60 and the codecs 70 and 72 to generate s‘ound playback on the

serial telephone 15 over the local line 20. |



A hardware device or DSP device driver may represent sound data as

packed 16-bit integer data val ues, wherein a 32-bit word either represents

| ef t and right sanples (stereo) or two successive sanples (nobno). In

addition, 8- 5 bit [err]-law sanples are packed four to a 32-bit word.

DSP- OS tasks enpl oy a standard data fcgérat to represent sanpl ed sound
u

data streams for the multifunction I7 ibsyst em 14. The standard dat a

format is 32-bit floating-point left-justified. The sound data stream 10
sanpl es are scal efior one ambpodimentethe host-agilio applicatiom program 2AR2dransfersnabl es

conversi on between, floatin ojnt and i nteger data form

The standardsﬁﬂi‘gdﬁﬁﬁﬁﬂi‘e%g'ﬁgbwaé’e f%ﬁ%@‘g?ﬂeﬁlt-"('gff?ﬂm m#* 252 sound
sanpl e val ues, havi ng,.a ni f ude_ qreat than 231 geney at €Eroneous
S &V A TR R e o BRI PR coRIdeRrs
subsyst em 14 thé'Wiefcy P pRAHIN B HAINIA B Droviedhy NigrdsBR® [ han 215

are equivalent to O. r. exanp t he devi ce I ver for

the sterep a@brpoetidadobprdssingceTheWaieiodn sdufdisamiplés@ippoetpdmplefl rom a
correspondi ng DSP-CS t ask, converts the standard data format sanpl es
into 32-bit rates@éBKha menomr tareo, 8 Khzghotie or stese 11026 Khe mgaporby 16

DL X e D06 1o s Ron 55 1 nb S b sereo, S iy &Y O e

stereo, 44.1 Khz mono or stereo, and 48 Khz mono or stereo. Each sample
comprises either 8 bits or 16 bits.

10

If the serial telephone 15 comprises a digital telephone, then sample

rate conversion and stereo to mono conversion is performed for digital
telephone compatibility. The audio DSP-OS task 252 performs sample rate
conversion on the Waveform sound samples,' and performs a stereo to mono

15 conversion on the sound samples if necessary to conform the sound samples

to the sample rate required by the serial telephone 15.

The standard format sound data streams are processed by a universal
conversion driver 220 to perform the required sample-rate conversion and
20 stereo-to-mono conversion. The universal conversion driver 220 converts a
stream of standard format data from one sample rate to another using

standard DSP up sampling, down sampling, and filtering techniques.

The universal conversion driver 220 converts stereo-to-mono by
25 extracting interleaved samples from a standard data format sound data stream
and summing together the interleaved samples to produce a non-interleaved

data stream. The universal conversion driver 220 converts mono-to-stereo by



25 s For anot her exanple, a DSP device driver for tel ephony converts
standard data format sound sanples into to 8-bit [err]-law sanples by
converting - 21 - t he
standard data format sound sanples into 32-bit integers, then extracting
the high-order 14 bits and converting the high-order 14 bits to 8-bit [err]
| aw. The standard data fqrmat for sanpled sound data streans
enables the 5 DSP-OS tasks to open a read sound sanples frommultiple
har dwar e devices that require differing data formats. Simlarly, the :
standard dat aduplicatirgy samiplesfromaastandasd dath fbatrat sound detastedzireand he DSP- OS -
tasks to wite sound sanples to nultiple hardware devices that require
di fferi ng dat interleaving rthetssmples. The standard data format for
sanpl ed sound data streans al so enabl es the DSP-CS tasks to

communi cate with devices that generate the sane data format with

true 1651t 1t ogdp B SRAIG sl Moo Rl VAt RECOealdoscreITRRN S 7
DSP devi cesdr }éféxrgnEé’ fo 5P&ifiCLRRAPIARY binBBdERe8 IMEebE fi-Will, HoWevbr, kW sound
evident that various modifications and changes may be made thereto without
departing from the broader spirit and scope of the invention as set forth in
the appended claims. The specification and drawings are accordingly to be

regarded as illustrative rather than a restrictive sense.



sanples into a linear integer format having a 14-bit range (-4096 to 4095)
The standard data format for sanpled sound data streans enabl es
conpat|b|I|tv | f the sound sanpl es for the tel ephoretine 22 are | ef t

justified and ast significant bits set to zero.

Figure 6 illuqn HMM Hﬂ;ﬂ re architecture of the host

one enbodi rrent ation progrdhs  on the host p

conprise a host tel ephony application pm 200 and a hos

st tel ephony application

application program 202. 25

program 200 enabl es origi nation and reception of voice calls, data
nodem cal l's, and fax calls over the tel ephone

- 22 - ‘line 22. The host tel ephony application program 200 perforns
hi gh-1 ever user interface functions and tel ephony handshake functions
for handling the A metlwdfor atdiarecodding inradedmputer aystesy, comprisingh the

t el ephone 1ine 22. 5 The host tel ephony application program 200

communi cat &8s efephofi host

selecting a normal audio mode or a telephone audio mode for the
computer system;

if the telephone audio mode is selected, genefating a set of sound
samples by sampling audio signals over a local line coupled to a telephone,

10 and converting the sound samples into a sound data stream having a
standard data format;

if the normal audio mode is selected, generating the sound samples by
sampling audio signals over an audio line, and converting the sound samples |
into the sound data stream having the standard data format;

15 transferririg the sound data stream to an audio task executing on a
digital signal processing subsystem in the computer system, the audio task
converting the sound data stream into a format required by a host audio
application program executing on a host processor in the computer system,
the audio task then transferring the sound data stream to the host audio

20 application program.

2. The method of claim 1, wherein the step of converting the sound data
stream into a format required by a host audio application program executing
on a host processor in the computer system comprises the step of performing

25 a data compression function on the sound data stream.
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phone.control driver 160 and a host fax-nodemdriver rough a .

t el ephony application programinterface 170. The host PRROShea Biat Begh R ter
160 and the hoﬂ“lmmmmmmumﬁr 166 communicate with ¢ E \
DSP-OS tasks o in 1/ 0 subsystem 14 throu

interface 120 of the host DBSP*dri ver 122. Th I"ephony
application programinterface 170 praqvigdes tel ephony control services

to the tel ephony application program 200. The tel ephony application
programinterface i nbound 15 <calls, for

70 i,d ' for handlin
initiating o 'boun'iih%ﬁ‘ﬁ?rt Xhﬁﬁﬁ%&'iﬁ@. O‘Fr‘etilearﬁ"%é ogFBUY%FéH‘&)Shet%?d data
I h A R f ' i t, .70, ;and fqQr co nicating with renote
arel 09,50 k'L Rl 50 SR e SO PCRIHE dibsfTR: .

f f i lh.gatdone proar am 200.
The ! oo e BrodBfhcl) e O SR M D B AR
g1 10| OBt coestAR e LA gyt VROV

The audi o sapphodaldtivh dag0fermmat02 enabl es transfer of [ _nf ormation
bet ween sound files on the mass storage subsystem 33 and audi o

pl ayback devices (not shown) coupled to the audio signal lines 56. The
audi o

4, The method of claim 1, wherein the telephone comprises a digital

telephone.

10 - 5. The method of claim 4, wherein the steps of generating a Set of sound
samples by sampling audio signals over a local line coupled to a telephone,
and converting the sound samples into a sound data stream having a
standard data format further comprises the step of performing a sample rate
conversion on the sound data stream from a data rate corresponding to the
15 &igital telephone to a predefined sémple rate supported by the host audio

application program.

6. A method for audio playback in a computer systen{, comprising the
steps of:
20 selecting a normal audio mode or a telephone audio mode for the

computer system;
receiving a sound data stream from a host audio application program
executing on a host processor in the computer system;
converting the sound data stream from a data format required by the |
25 host audio application program into a standard data format;
transferring the sound data stream having the standard data format to

an audio driver executing on a digital signal processing subsystem in the



- 23 . - _application program 202 al so enabl es transfer of

) ipformtion
bet ween sound ' the nmass storage subsyst el S aj neert c&‘ﬁ
t €l ephone 15pHMILm‘1mEn he local line 20. 5 I) udi o
application pr Y icates with a host .a
t hrough an audi o application programinterface 171. The host audi o
driver 164 communi cates with corresp0n§i3ng DSP- OS tasks on the

mul tifunction |I/0O subsystem 14 through the DSP interface 120, of {he host
DSP driver 1zamputér-system if the normal audia m@qois@@ae;&ﬂ.@\etwia@mv&r

ini g o, Enbepestciitanatomm e oSSR B
appl i cation (Fan§feIRNg e&pgadé@rmﬂegifesa fiferer P‘r’tgioTpoedehcocs‘;C“%Polr%ound
generation over an audio signal line;
5 transferring the sound data stream to a telephony driver executing on
the digital signal processing subsystem rif the telephone audio mode is
selected, the telephony driver converting the sound data stream into a set of
telephony data values and transferring the telephony data values to a
telephony circuit, such that the telephony circuit generates telephony audio

10 signals corresponding to the teIephony data values and transfers the

telephony audio signals to a telephone over a local line.

7. The method of claim 6, wherein the step of converting the sound data

stream from a data format required by the host audio application program
15 into a standard data format comprises the steps of performing a data

decompression function on the sound data stream and converting the

decompressed sound data stream into the standard data format.

8. The method of claim 6, wherein the step of converting the sound data
20 stream from a data format reqm"red by the host audio application program

into a standard data format comprises the step of converting the sound data

stream from a pulse code modulation data format into the standarc! data

format.

25 9. The method of claim 6, wherein the telephone comprises a digital

telephone.



host “phone control driver 160 through the tel ephony .application pro ram
interface 170 Lllllmmllfmum”mlegphone 15 is enpl oyed asTh# EF; Beplaced.
i nput/out put d . The host audio applica '- 2
i npl enents a usé&r fnterffac€ * function that enables a '

personal conputer 12 to select the serial t el ephone 15 as the sound
file input/output device. - Br -one enbodi nent, the audio
application programinterface 171 25 conprises a Waveform applicati on
program i nt erf@ce Themethod lof cMimr9soherein the Steppof transferfing the seundidaga
Wavef orm sound files. The Waveform application programinterface is
part of M cr ostedam \o ractetephoniyadriver executing on the digital signal processing

- 2 4- Wavef orm appl i cation programinterface provides sound record
and pl ayback subsysfem@ttbﬁ%&mpmﬁﬂ?o?t?mﬂr}rﬂ%\f%‘%a_é ¢ Late spuversion

on the sound data stream from a predefined sample rate supported by the
5 host audio application program to a data rate corresponding to the digital

telephone.

11.  An apparatus for audio recording in a computer system, comprising:
means for selecting a normal audio mode or a telephone audio mode

10  for the computer system;

means for generating a set of sound samples by sampling audio signals
over a local line coupled to a telephoné, and converting the sound samples
into a sound data stream having a standard data format if the telephone
audio mode is selected;

15 means for generating the sound samples by sampling audio signals
over an audio line, and converting the sound samples into the sound data
stream having the standard data format if the normal audio mode is selected;

means for transferring the sound data stream to an au&io task
executing on a digital signal processing subsystem in the computer system,

20 the audio task converting the sound data stream into a format required by a
host audio application program executing on a host processor in the
computer system, the audio task then transferring the sound data stream to

the host audio application program.

25 12. The apparatus of claim 11, wherein the means for con_irerting the

sound data stream into a format required by a host audio application program



4

Fi gure 7 illustrates the software architecture of the rrultlf t lageg) S

subsystem 14 for. one enbodi nent. A DSP-CS di spat cher t%&

r equest s fromﬂmuw mm,control driver 160, the ho

and the host 1166 to create and del ete

The DSP- 0S dlspatcher t ask 146' mat ches the requested task nane to the 10
appropriate DSP-CS tasks and then | oads3and starts the new DSP-COS t asks.
The DSP-OS di spatcher task 146 al so creates mail boxes for comuni cati ons
bet ween the hegtuBhgon & host piocdssordn thé Gomphtehsystent comprisesl eveasiforr
166 and correspondi ng DSP-CS tasks. The DSP-OS di spatcher task 146 al so
creates mail hpprforoiing « dataicompréssion figtohioaron bke Bound dada streamver 164 and
15 a correspondi ng DSP-COS task. The DSP-COS di spatcher task 146 al so
creates mai | boxes for comruni cations bet ween the new DSP- 0S tasks and
ot her DSP- OS t asks. 5}@? P file inp L%t/oute O driver
270 enabl es aBcesTheapparatusof claimds ywhergin th means tencapveringine. os

t asks. The DSP- Kk t he
ead, wri B, ENIdAERST ”Segttpa@mmeawre & Fftihol el SRS

devi oo 3. cxeutiRl G W Rk &ﬂ;ﬂgonﬁﬁﬁeg?%@?‘ semPLia: ER g

f ax- modem dr 'éﬁ?\%ﬁ@r@g the sound data stream from the standard data format into a pulse

l

code modulation data format.

10 14.  The apparatus of claim 11, wherein the telephone comprises a digital

telephone.

15.  The apparatus of claim 14, wherein the means for generating a set of
sound samples by sampling audio signals over a local line coupled to a
15 telephone, and converting the sound samples into a sound data stream
having a standard data format further comprises means for performing a
sample rate conversion on the sound data stream from a data rate
corresponding to the digital telephone to a predefined sample rate supported
by the host audio application program.
20
16. An apparatus for audio playback in a computer system, comprising:
means for selecting a normal audio mode or a telephone audio mode
for the computer system; |
means for receiving a sound data stream from a host audio application
25 program executing on a host processor in the computer system;
means for converting the sound data stream from a data format

required by the host audio application program into a standard data format;



cause.the DSP—OSdispatcher task: 146 to create a set of tel ephonyﬁP—c‘pS

L i

The digital set =emidl ati oh DSP-"0S|task 262 is created i

t el ephone 15 “is a digital tel ephone. The digital rruI ation DSP-OS
task 263 is created if the tel eplod® IFine 22 is coupled to a digital
PBX net wor k. 5 The tel ephony DSP-COS tasks 260- 263 perform anal og
and digital - ntd 2B ITEP YrahbfReiihg Mhe sBuAd Hhta sBekm RheiNpoMe stahdard d3i
The DSP tel ephony driver 282 Communi cates through the phone interface-
circuit 66 to fofnatioadvgudio drivdtanechting oma eigitalsignalgpiocessing sdbsyseernodec
circuits 70 and 72. 10 The host audio driver 164 causes the DSP-CS.

di spat cher t adf thdGomputer system if the normal audio mode is selected, the audio
driver converting the sound data stream into a set of sound data values and
5 transferring the sound data values to a stereo audio codec circuit for sound
generation over an audio signal line;
means for transferring the sound data stream to a telephony driver

executing on the digital signal processing subsystem if the telephone audio
mode is selected, the telephony driver converting the sound data stream into

10 a set of telephony data values and transfefring the telephony data values to a
telephony circuit, such that the telephony circuit generates telephony audio
signals corresponding to the telephony data values and transfers the

telephony audio signals to a telephone over a local line.

15 17. The apparatus of claim 16, wherein the means for converting the
sound data stream from a data format requ.ired by the host audio application
program into a standard data format comprises means for performing a data
decompression function on the sound data stream and converting the
decompressed sound data stream into the standard data format.

20

18.  The apparatus of claim 16, wherein the means for converting the
sound data stream from a data format required by the host audio application
program into a standard data format comprises means for converting the
sound data stream from a pulse code modulation data format into the

25 standard data format.



create an audi o DSP-OS task 252. The audi o DSP-OS task 252 perfc
file record arg—ptayback funciions through a DSP stereo audi o codec dl’iVﬁ

Ty M 2
' I er 28

e audl o SDSP- OS task 252 al so perforns 1} 4 ord
and pl ayback functions through the DSP tel ephony driv 21in a
t el ephone audio I/0O node. A user interface function of the host audio
application program 202 det er mi nes’whet her the audi o DSP-OS t ask

operates in the 20 normal node or the tel ephone audio I/ 0O node.

The audi o DSI.0S Thelappatatisofidains 16,swhesain\the télephbhie cbafprisesd Qigital
driver 164. The audi o DSP-OS task 252 perfornms the commands requested by

t he host audtedephon®r 164 according to nmessages routed through the 25
correspondi ng nai | boxes. o - 26

20.  The apparatus of claim 19, wherein the means for transferring the

5 -sound data stream to a telephony driver executing on the digital signél
processing subsystem further éomprises means for performing a sample rate
conversion on the sound data stream from a predefined sample rate

supported by the host audio application program to a data rate corresponding
to the digital telephone.

21. A method for audio recording in a computer system,
substantially as hereinbefore described with reference to

the accompanying drawings.

22. An apparatus for audio recording in a computer system,
substantially as hereinbefore described with reference to

the accompanying drawings.



During normal node audi o record operations, the DSP stereo audio codec
driver 280 receives sound sanples fromthe stereo audio codec circuit
54, The sound sanples-fromthe stereo audio codec circuit 54 conprise 16

bi t i nteger data .values. The DSP stereo audi o codec driver 280
converts the 5 sound sanples into a sound data stream having the standard"
data format, and transfers the nd. data streamto the audi o DSP-OS
task 252. ' The audi o DSP- t aska?52 preprocesses the sound

data stream through . either an 8:1 couEsi@n driver 210, a 2:1
conpression driver 212, or a pulse 10 c::l*'-fg'n;‘ ation (PCM audio driver
214 according to the requirenents of the “ J‘@ t application program 202.
The preprocessed sound data streamis then ransferred to the host
audi o application program 202 through the o~"ic_- _ i ndependent 1/0O
interface of the DSP host driver 130, and uf=jll Qugh the . host audio
driver 164. 15 | The 8:1 conpression d er 210 converts the sound
data stream from | the standard data forngt into an 8:1 conpressed data
format. The 2:1 conpression driver_212_gonverts the sound data stream
fromthe standard | data fornat in ah @[l conpressed data format. The
PCM audi o driver 214 20 converts th und Yata streamfromthe standard
data format into a PCM format fo@ ¥avef gr m fi-ta Duri ng
normal node audi o pj ayback oper ations@ghe hdast faudi o pI'ication '
program 202 transfers a sound data st mto St audsJS25 driver 164
t hrough the audio abpl i cation progrant™i$terfach L N\Jhe host
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audi o.driver 164 transfers the sound data streamto the host DSP driver 122
t hrough the DSP interface 120. The audi o DSP-COS task 252 receives the sound
- 27 - data streamfromthe host DSP driver 122 through either the

8: 1 conpression driver 210, the 2:1 conpression driver 212, or the PCM
audi o driver 214 according to the requirements of the host application
program 202. 5 The 8:1 com:ﬁessi on driver 210 converts the sound
data stream from tHe 8:1 conpressed data format into the standard data
format during audio .- M playhack. The 2_J_conpression driver 212 converts’
the sound data stregm fromthe 2:1 conpressed datmma into the
standard data formaty during audi o pl ayback. The P&M @udi ¢ driver 214
converts the sound data stream 10 fromthe PCM format |fpr \/\aveformfi-les,
into the standard dgta f ot gdort™mg pl ayback. :

—=

MASS
STORAGE

SUBSYSTEM
33

MEMORY
SUBSYSTEM
31

Figure 2

g\
4
8 8=
—— g
] | &5~ < >
N '] al..g o
| Em
| =)
| =
I.
I

HOST
32
N



The aydi o DSP-CS task 252 then transfers the standard fornmat sound

data streamto the DSP stereo audi o codec driver 280 through the device 15
i rdependent 1/O interface. The DSP stereo audi o codec driver 280 converts
the sound data streaminto the 16 bit integer data values required by the
stereo audi o codec circuit 54 and_then transfers the deconpressed 16

bit sound data val ues to the ste¥do audio c dec circuit 54 to generate
sound pl ayback. 20 During te ephone he~I/O node record
operations, the DSP t el ephony dr q282“ éﬁlves sound sanpl es of
the serial telephone 15 over the I=I i 6523 from the anal og phone
line interface circuit 60 and the cod Oﬁ w@d 72. The DSP t el ephony
driver 282 converts the sound sanples und data stream havi ng
the standard data format. The DSP tel Brlver 282 then transfers
t he sound data streamto the audio DS task 252.
- 28 - The audi o DSP-0OS task [252 pr§ rocesssd $1e sound dat a
stream t hr ough « A
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either the 8:1 conpression driver 210, the 2:1 conpression driver 212, or
t he PCM audi o driver 214 to convert the sound data streamfromthe
st'andard data format to an application dependent format according to
the requirenents 5 of the host application program 202. The preprocessed
sound data streamis then transferred to the host audio application
program 202 t hrough the devi ce i ndependent 1/O interface of the DSP
host driver 130, and up through 4trhe host audio driver 164. 10
During tel ephone_audio 1/0 mode plavback operations., the host audio
application prdgram 202 transfers a sound data stregfffTo tneg host| audi o
driver 164 thrdqugh the audi o application program:i 1j71. The host
audi o driver 144 transfers the soupe™ a streamto DSP driver 122
through the DSR interface 120. The audi,o \PSP- OS sk ei ves| t he sound
15 data strearpfromthe host DSP dr@ 122 thrgJ t he 8 1

conpr essi on =driver 210, the .18 onp essmnq:lr:n or the PCM
audi o driver 2148 o convert t hesefnd data he st andard
data format. 9o The audi o DSP-OS t ask ZT sfers the
sound data strqggto the 20 DSP t el ephony drivek oy t hel devi ce

I ndependent |/ Qdnterface. DSP t el ephon dr 82| convlerts the
standard data flgemat sound stream i nt o¥sou a_val ugs required
by the anal og gh8ne line i ci rcui tzﬁ(ﬁ } codecjs 70 and
72. The DSP telle§hony drivd E l
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transf-ers the deconpressed sound data values to the anal og phone |ine 25
interface circuit 60 and the codecs 70 and 72 to generate sound pl ayback on

t he serial tel ephone 15 over the local line 20.
- 29 - For one enbodi nent, the host audi o application program
202 transfers sound data.val ues from Waveform sound files to the
audi o DSP-CS task 252 / during audi o pl ayback operations. The Waveform
sound sanples conformto t he Wavél/@rm application programinterface
provi ded by Mcrosoft 5 Corporation for processing . The Wavef orm sound
sanpl es support sanple rates of 8 Khz nono or stereo, 8 Khz nono or
stereo, 11.025 Khz nono or stereo %6 Khz nono or stereo, 22.05 Khz
nono or stereo, 32 Khz nono or 44.1 Khz nono or stereo, and 48
Khz nono or stereo. Each sanple ses either 8 bits or 16 bits.
10 If the serial telephone gbnprlses a digital telephone,
then sanpl e rate converS|on and st g? to nono conversion is perforned
for digital (= 5]
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t el eppone conpatibility. The audi o DSP-OS task 252 perforns sanple rate
conversion on the Wavef orm sound sanples, and perforns a stereo to nono 15
~conversion on the sound sanples if necessary to conformthe sound sanpl es
to the sanple rate requirted by the serial telephone 15. The
standard format sound data streans are processed by a universal

conversion driver 220 to performthe ¢ggquired sanple-rate conversion and 20
stereo-to-nono conversion. The universal conversion driver 220 converts a
stream of standard Tormat data Trom one sanpre rate to anoter upi ng
standard DSP Up sanpling, down sanpling, and filtering techniquep.

The uni versal jconversion driver 220 converts stereo-to-nono by .2
extracting interépaved sanpl es froma standard data forggat sound} data

stream and Eynning together the interleaved sanpleg to produce a
non-interl eavdd x data stream The universal conver%ﬁon drivef 220
converts nono-jt o-'stereo by -
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duplicating sanples froma standard data format sound data stream and
interl eaving the sanpl es. In the foregoing specification the
i nvention has been described with 5-reference to specific exenplary
enbodi nents thereof. It will, however, evi dent that various

nodi fications and changes nay be nmade ther?go wi t hout departing from
the broader spirit and scope of the invention as set forth in t he
appended cl ai ms. The speci fication_and draw pgs are acggrdlngly to be

regarded as illustrative lathe_ Qan a Yestrictive sen 31

1. A conputer system cofpri I a) | nultifunéﬁi\“ At eyt put
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. 1) a telephone line interface circuit coupled to receive an

i ncom ng tel ephony signal froma tel ephone and coupled to transfer an
out goi ng tel ephony sigral to the t el ephone; 2) an audio
circuit coupled to receive an incom ng ' audi o signal froma m crophone
and coupled to transfer an out goi ng audi o signal to a speaker; and

3) a digital signal processor enabling nmultiple concurrent processing
of -t he incom ng and out goi ng audi o signals fromsaid audio circuit.
and i ncom ng and out goi ng ~ tel ephony signals fromsaid tel ephone;

b) a processor that executes: 1% a tel ephony driver for the
tel ephone line interface ~circuit audi o driver for the audio

circuit AUDIO RECORD AND PLAYBACK THROUGH A STANDARD
TELEPHONE IN A COMPUTER SYSTEM

A method for performing audio input/output through a telephone in

a computer system, wherein a telephony driver and an audio driver and an
5 audio task executing on a digital signal processing subsystem of the computer

system perform sound sample data conversion to a standard data format and

perform sample rate conversion and stereo to mono conversion for digital

telephone compatibility.

(Figure 1)



.2) an audi 6 t%ﬁsﬁéétﬂh%BVdndEplad@ sound data streamin.the __ .predefined

dat a format to M Bmimﬂ‘ephony driver or the REPL/@E ENTdSH during
audi-o pl ayback m sound data st fegm he _predefilned
data forrdat fro tel epbpoy driver |orf the audi g drifvdr
during aydi o recording wherein the nul tifunct|i dn Gﬂpﬁﬁﬂoésg
subsystem and processor enable said tel ephone to rfede , cming cal |
while tHe tel ephone is enployed as one of an inputf device for recordlng

REPLACEVHNT1 SHEEAScom@iter system, comprising:

a) multifunction input/output subsystem includingﬁ

l) a telephone line interface circuit coupled to
receive an incoming telephony signal from a telephone and
coupled to transfer an outgoing telephony signal to the
telephone;

2) an audio circuit coupled to receive an incoming
‘\y/ ~ audio signal from a microphone and coupled to transfer an

outgoing audio signal te a speaker; and

3) a dlgital signal processor enabling multiple

concurrent processing of the incoming and outgoing audio

signals from said audio circuit and incoming and outgoing

telephony signals from said telephone; |

b)- a proceséor that executes:

1) a telephony driver for the telephone line interface

circuit and an avdio driver for the audio circuit;

| 2) an audio task to provide the sound data stream in the

ﬁ#edefined data format to either the telephony driver or the

audio driver during audio playback and receive the sound data

stream in the predefined data format from either thé

telephony driver or the audio driver during audio recording

wherein the multifunction input/output subsystem and
processor enable said telephone to recaive an incoming call while

the telephone is employad as one of an input device for racording

I
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t he soundidat a ream an ggengepmeﬁlput device fo BE@MM SHEE"_ﬂ. sound
arLm

i t he

" data-Stream 2 This SIF system defi ned |b
tel ephony driver a %M ‘iver operate t ener at e _apd.cqnsjunme a
sound data stream h& \ I ned data format|f Wt u er
system 3. The 'conputer systemof Caim1, € of the
t el ephony [driver by the processor generé'tzé's a set] of sound sanpl es { by
sanpl i ng dio signals over a local |ine coupled Lo the—telephomre— and

converts the sound sanples into the sound data stream having the

pr edef | ned| qaien JLARA"Ea el st iih A 355! Ski° aet2H0 o8B P SRNG5S

audi o task
sound data stream.

2. The computer system defined by Claim 1 wherein the telephony
driver and the audio driver operate to generate and consume a
sound data stream having a pfedefined data format within the

computer system.

3. The computer system of Claim 1, wherein execution of the
telephony driver by the processor generates a set of sound samples .
by sampling audioc signals over a local line coupled ta the
telephone, and converts the sound samples into the sound dat.:a
stream having the predefined data format and then translferring the

.sound data stream to the audio task.

4. The computer system of Claim 3, wherein execution of the
audio task by the processar converts the sound data stream into a
format required by a host audio application program executin§ in
the computer system and thén transfers the converted sound data

stream to the host audio application program.

5. The computer system of Claim 4, wherein execution of the
audio task by the processor performs a data compression function

on the sound data stream.

6. The computer system of Claim 4, wherein execution of the
audio task by the processor converts the sound data stream into a

pulse code modulation dara format.

LT




‘ S | REPLACEMENT SHEET |
.4. ~ The conputer ,ﬁxssghggmw‘seéﬁﬁﬁp °§-,.,.§ wher ei n execut ijo f—t-he—ateh—q tlask

by. thé processor coO didata streamintd 4 lﬁgr lgg ﬂ}ufred by
a host audi o appli c%@“m xecuting in the donp r @s é
r at a th e

Y

ard

{@ Ind t hen
transfers §he conve stream tg-t he hqstetei-e—appredt ijon
pr ogram 5. The conputer systemof Claim 4, whdrein execution of {the
audi o taskjby the processor perforns a data conpressromfunctomr—on—t
sound data s7trea

he
. h : , : ,

of The auli s t acy PRECERoSEERT T & eh s chie, §9EEPhERE EF 4 "
pul se code 'B.%i'tai:ﬂ %l@ﬁh@n or mat . ' :

8. The computer system of Claim 7, wherein execution of the
audio task by the processor converts the sound data stream into
the format required by the host audio application program by
performing a sample rate conversion on the sound data stream from
a data rate corresponding to the digital tel_ephoné k¢ a predefined

- sample rate supported by the host audio application program,

9. The computer system of Claim 4, wherein execution of the
audio task by the processor receives the sound data stream from a
host audio application program and converts ‘the sound data stream
from the data format required by the host audio application
program into the predefined data format and then transferring the
sound data stream having the predefined data format to the

~ telephony driver.

U 10. The computer system of Clairﬁ 9, wherein execution of the
telephony driver by the procéssor converts the sound data stream
into a set of telephony data values and transfers the telephony

data wvalues to the telephone line interface circuit.

11. The computer system of Claim 9, wherein execution of the
audio task by the processor performs a data decompression on the

sound data stream.

12. The computer system of Claim 9, wherein exacutien of the

audio task by the processor converts the sound data stream from a

pulse code modulation data format into the pfedefined data formakt.

* [+ L M H] *




execution Jof the

7. ' The cdrrpMm 4, wherein the tel ephone is_a Lgital

t el ephone. . The_c pegacesystem of Claim 7, | eon} of the
audi o task by tyaBS SERR verts the sound d ﬂ??&%@ﬁ?ﬁﬁ?ha f or mat
required hy the \I i ’\g ication programb perform ng a slanple rate
conversi onf on th§ ream from a_ggta al e0Drirtdd ifigito the
digital tgl ephone to a predefined sanple rafte suppbrted by the sf audio
applicatidn program 9. The conputer systemof Cl aim4, wherein

13. The computer system of claim 9, wherein the telephone is a

digital telephone.

14, The computer system of Claim 13, wherein execution of the'

audio task by the processor performs a sample rate conversion on
the sound data stream from a predefined sam;;le rate supported by
the host audio application program to a data rate of the digital.

telephone.

15. A method for audio recording in a computer system, comprising

the steps of:

a) generating a set of sound samples by sampling audio
information over a local telephone line coupled to a telephone;
and converting the sound samples into a sound data stream having a

predefined data format;

b) transferring the sound data stream in the predefined
data format to an audic task executing in the computer system,
such that execution of the audio task converts the sound data
stream in the pred;fined data format into a format required by a
host audio application program executing in the computer system
and then transfers the converted sound data stream to the host

audio application program; and

%+ ¢ L M s *x



audi‘o task by t he proc edpReedes t he sound datfla Host

audi o "appl i cation risbe verts t he sound ¢ Bgﬁmﬂ%gﬁ’ tjhe data
format required by m‘ application prggriaminto the p edef i ned

data for and th ng the sound datalstir h® FEG iﬁﬁﬁtre

pr edefi nedf dat a format to the tel ephony driver. 0. __The conputler

of Claim wher ei n execution of the ?ephony diji ver by the procegsor
converts tjhe sound data stream into a set of tel and

circuit o |13, e o Bhatling Y8peiegdt pREchea i BB tneliind AR Bignala
audi o tas bﬁ.‘:&nhea Ricea?S 12he PRAE YrlnAnd ot §1 4HAYPEESIATE Gt lihe 36LAL

data stre

system

telephone line by employing multifunction input/output subsystem

connecting to the local line and the local telephone line.

16. The method of claim 15, wherein the step of converting the
N sound data stream into a format required by a host audio
application program includes the step of performing a data

compression function on the sound data stream.

17. The method of claim 15, wherein the step of converting the
sound data stream into a format required by a host audio
application program includes the step of converting Ehe sound data
stream into a pulse code madulation datz format.

18, The method of claim 15, wherein the telephone is a digical
telephone.

19. The method of Claim 18, wherein execution of the audio task
converts the sound data stream into the format required by the
host audio application program by performing a sample rate
conversion on the sound data stream from a data rate corresponding

(I




2Ad.m 9, wherein executi nREE‘LAFEMENEule:Tt sk

12.- The conpu
" by the processﬁsﬁﬁifﬁ“ ﬁusound data streamfroma ul se code
] §

modul ati on data e predefined data fornht 8 FEB 1998 | 1s.
The conput er s_ysit , Wheregh the tel ephon
tel ephone}  14. The conputer systemof C aim 13,{ wherein executi on of
t he ' |

to the digital telephone to a predefined sample rate supported by

the host' audio application program.

20. A method for audio playback in a comput:'er systemn, compfising

the steps of:

a) receiving a sound data stream from a hest audio
— application program executing in the computer system, and
converting the sound data stream from a data format regquired by

the host audio application program into a predefined data format;

b) transferring the sound data stream having the predefined
data format to a telephony driver ‘executing in the computer
system, such that execution of the telephony driver converts the
sound data stream ia the predetermined data format 1nto a set of
telephony data values and transfers the telephony data values to a
telephony circuit that generates telephony audio signals over a

N local telephone line; and

c) enabling concurrent processing of outgoing audio signals
to a local line and incoming telephony signals from the local
telephone line by employing multifunction input/output subsystem

connecting to the local line and the local telephone line,

»
re

21. The method of claim 20, wherein the step of converting the
gound data stream from a data format required by the host audio

# € L M s *



audi o task-by the processor performs a sanple rate corvVREPLACEMENT Sh!EE'E nd

"data stream f ﬂbﬁﬁﬂeeﬂlz@ﬁ&fnlk@ﬁ&e§aﬁpl e rate supported b

application pro rate of the digital tellepho
nmet hod fo aud| a conputer system conpriisjn
a) genelfat i ng d sanpl es by-ganpl i ng audi ol—i

a local t
sanpl es i
b) trang

of :
over
| ephone.line coupled to a tel ephone, and c nverting t he sound
to a sound data stream having a predefined ‘data—format

ferring the sound data streamin the predefined
application program into a predefined data format includes the

Q% 8 ;‘fgébs

steps of performing a data decompression on the sound data stream.

22; The method of claim 20, wherein the step of converting the
soixnd data stream from a data format required by the host audio
ap;,:lication program into a predefined data format includes the
step of converting the sound data stream from a pulse code

modulation data format into the predefined data format.

23, The method of claim 20, wherein the telephone is a digital

telephone.

24. The met-hod of claim 23, wherein the step of transferring the
sound.data. stream having the predefined data format to a telephony
driver further comprises the step of performing a sample rate

conversion on the sound data stream from a predefined sample rate
supported by the host audio application program to a data rate of

the digital telephone.

L
>

25. The computer system of claim 1, wherein said computer system

.selectively enables said telephone to be employed as one of an

input/output device and a telephone.

O AR




data format t oThiySheasHsBetraRdplaesdecut i ng i n the conputer systle such t hat
execution of - th L nverts the sound data strearhip 8% FEB 1838 |
predefi ned data ] il K| format requged by a host addi Lcation

sound datjp streamto the host audio application program

NL LAVLRIVILINT ONEETD |

pr ogram eFecuti ng 1n iter system and then transferfs the converted
C) enabl iZgl Canel meeRbA PG P CESS of .Qﬁ}. ' a+@é' | iss froma | ocal
l'ine and § nconi ng tel ephony ?;a}ygsf r%i?n ?Fg?:a é)eﬂ%e%ﬁghglﬁé ne by

enpl oyi ng| redricvrareat i proceyriined WP Yhcdkity 3u8Td signals from the local

line and incoming telephony signals from the local telephone line

further includes the step of:

allowing the telephone to receive an incoming call while

executing steps a) and b).

27. The inethod of claim 20, wherein the step of enabling
concurrent processing of outgoing audio signals to the local line
and incoming telephony signals from the local telephone line
further includes the step of:

allowing the telephone to receive an incoming call while

executing steps a) and b).

% [ L M b *
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connecting to the local line and the |ocal telephon

- fret hod of _cl aim 15, wherein the step of converting t
into a f6FﬁEF—FEaUTT§H‘bV‘a*host audi o_, application
Wmﬂmmnmm ) am ‘corpr essi ot unction on t
mﬂﬂ,t:v\herei n the step of cony

mdt required by a host audio

the step of corverting the sound data
18.

step of p¢
17. The mtfHEk
streaminto a for

data format.
di gi t al-

a)

appl i
streaminto 4
The net hod of claim15, wherd

A computer system, ccmprising:

multifuncticn inmput/cutput subsystem including:

1) a telephone line interface circuit coupled to

receive an incoming telephony signal from a telephone and

coupled to

transfer an outgoing telephcny signal to the

telephbne;

2) an audio circuit coupled to receive an incoming

audio signal from a microphone and coupled to transfer an

outgoing audio signal to a speaker; and

. 3)

a digital signal processor enabling multiple

concurrent processing of the incoming and ocutgoing audio

signals from said audio circuit and incoming and outgoing

- telephony signals from said telephone;

" B)

a processor that executes:

l)'a telephony driver for the telephone line interface

circuit and an audio driver for the audio circuit;

2) an audio task to provide the sound data stream in the

predefined data format to either the télephony-driver or the

audio driver during audio playback ana_receive the sound data

stream in the predefined data format from either the

telephony driver or the audio driver during audio recording

wherein the multifunction input/output subsystem and

processor enable said telephone to receive an incoming call while

the telephone is employed as one of an input device for recording
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tele 18, wherein execution of the audio
¥ask conv UII “#ﬂﬂ ngmHUta strean1|nto the format required by the host
audi o appll y perfornlﬁgéa sanple rate conversion on the

sound data stream friom’a data rate co spondi ng : to the digita

tel ephone to a predeflned sanple rate supported by the host audio

application program
PP the %ougd data stream and as an output device for playback of said

sound data stream.

2. The computer system defined by Claim 1 wherein the telephony
driver and the audio driver cperate to generate and consunme a
sound data stream having a predefined data format within the

computer system.

3. The computer sYStem of Claim i,.whereis executionlof the

teTephony driver by'the processor generates a set of sound samples
o by sampllng audio signals over a local line coupled to the

teTephone, and converts the sound samples 1nto the sound data

stream hav1ng the predefined data format and then transferring the

sound data stream to the audio task.

4, The computer system of Claim 3, wherein execution of the
auaio task by the processor converts the sound data stream into a
format required by a host audio application program ex=cuting'iq
the computer system aLd then transfers the coqverted sound data

stream to the host audlo apollcatlon program

5. The computer system of Claim 4; wherein execution of the
audio task by the processor performs a data ccmpression fuhction

on the sound data stream.

6. The computer system of Claim {4, wherein execution of the
audio task by the processor'converts the sound data stream into a

pulse code modulation data format.
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.20.

St eps of :
application
sound dat a strean1fr Om% data format r

A rret g”ry) audi o p ck in a conputer system conprising the

ﬂuuﬂ ing a sound data streamfroma host -audio
m"ﬁg in the ¢ uter system and converting the.
%gﬁlred by the host audio

application programinto a predefined data format; - b) transferring
t he sound data stream having the predefined data format to a t el ephony:-

driver exfcutifig |dbn¥;§1Qe@'05K§t@’ﬁ oS ySteH 4Suiterdiat thretealéphorsf ishe
t

t el ephony driver converts

sound data streamin the predeterm ned data

f or mat - i ng§Dg e Seteedfephorkephony data val ues and transfers the tel ephony
data values to a telephony circuit that generates tel ephony audio signals

over

a

§. The ccmputer'system cf Claim 7, wherein execution of the
audio task by the processor ccnverts the sound data stream into
the format required by the host audio application program by

performing a sample rate conversion orn the sound data stream from

a data rate corresponding to the digital teleghone to a predefined

sample rate supported by the host audio application program.

9. The computer system'of Claim 4, wherein execution of the

- audio task by the processor receives the sound data stream from a

host audio application program and converts the sound data stream

'from the data focrmat requlred by the host audio appllcablon

program into the predeflned data format and then transFerrlng the

. sound data stream having the predeflned data format to the

telephony driver.

10. The computer system of Claim 9, wherein execution of the
telephony driver by the protessor converts the sound data stream
into a set of telephony data values and transfers the telephony

data values to the telephone line interface circuit.

11. The ccomputer system of Claim 9, wherein execution of the

audio task by the processor performs a data. decompression on the

sound data stream.

12. The computer system of Claim 9, wherein execution of the
audio task by the processor converts the scdnd’data'stream frem a

pulse code modulation data format into the predefined data format.
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|ocal tel ephone |ine; and C) enabl i ng concurrent processing of
outgoi ngaudio signals to a local |line and incom ng tel ephony signals from

t he | ocal by enpl oying multifunction input/output subsystem
connect i nH“IﬂImﬂgmmlM| m‘ne and the | @gal tel ephone |ine. 21. The

nmet hod of el.afmR0,* witeré&in the step of converting the sound data stream.
froma data format required by the host audio 37 application

programinto a predeflned data format includes the

13; The ccmputer system of claim 9, wherein the teleghcne is a

digital telephone.

14. The.cémputer system of Claim 13, wherein exeéuticn'of the.

audio tésk by the processor pérforms a sampie rate' conversion on

‘the sound data-stream from a predefined sample rate suppcrted by
! the host audio application program to a'daté rate of.the digital

telépﬂone.

15. A method for audio recording in a computer system, comprising

the steps of:

a) generating a set of sound samples by sampling audio
information over a lccal telephone line coupled to a telephone,
and converting the sound samples into a sound data stream having a

predefined data format;

b) transferring the sound data stream in the predefined
data format to an audio task'ekecuting'in the computer system,
such that execution of Ehe.audio task con&eéts the sound data
stream in the predefined data format intc a format required by a
host'éudio application program executing in.the ccmputef system
and then transfers the converted sound daCa:stream to the host

audioc application program; and
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st eps of ertmﬁﬁ?ﬁ??f?ﬁﬁ?f?ﬁ%bnpre55|on on the sound data stream 22.
The net hod “IMMIMME n the step of converting the sound data
stream f rom(u“mmu uired by the host audio application program
into a predef4 ned dat & for mat |ncludes e step of converting the sound

data streamfroma pul se code nodul'atiion data format into the predefined
data format. 23. The nethod of claim 20, wherein the tel ephone is a

digital telepRgne. enabl g c&t&z@g..hoéréﬁeﬁiai;nbaanw'@ authe sigrelef
transferring the
from a local line and incoming teTepbonv 51gnals from the local
telephone line by employing multifunction input/output subsystem

. connecting to the local line'and'the'ldcal telephone line.

16. The method of claim 15, wherein the step of converting the
sound data'stream intd a format required by é host audio
apnllcatlon program includes the step of performlng a data

ComPIESSLOn function on the sound data stream

17. The method of claim 15, wherein the stép of converting the
sound data stream- into a format reduired by .a host audio
application program includes the step of cornverting the sound data -

stream into a pulse code modulation data format.

18. " The method of clalm 15, whe*eln the telephone is a dlgltal

telephone.

19. The method of Clalm 18, wherein. executlon of the audio task
converts the sound data stream into the fcrnat required by tne
host audio application program by performlng a sample rate

conversion on the sound data stream from a data rate corresponding
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_§_,ound dat a st Im Hw redefined data format to a telephony driver

further conprj performng a sanple rate conversion on the
sound data st f{ned sanple rate supported by the host

audi o application progran1to a data raB6 of the digital tel ephone. 25.
The conputer systemof claim1, wherein said conputer systen1 sel ectively
enabl es said telephone to_be, enpl oyed as .0 of an: 0,

a tel ephoke. the df;ltal te;ennogg tg'a prede fﬁe samDTe é gLﬁBBrJE%VbGG and

the host.audlo application program.

20. A method for audio playback in a computer system, comprising

the steps of:

a) receiving a sound data stream from a host audio _
appllcablon program exncutlng 1n the computer system, and
: convertlng the sound data stream from a data format requlred by

the host audio application program into a predeflned_data format;

b) |  Eransferring the spund déta stream having the'predefined :
data format to a'telephcny driver executing in the coﬁputer
system,'such that execution of the telephony driver converts the .
sound data stféam in the pfeaetermined data format into a set of‘
telephony data values and transfers the teléphony data values to a
télephony-circuit that generates teléphbny audio signals over a

local telephone 1ihe; and

c) enabllng concurren t processing of outgoing audio signals

to a local llne and incoming telephony sxgnals from the local
telephone line by employing multifunctiorn input/output subsystem

connecting to the local line and the local telephone line.

21. The method of claim 20, wherein the step of converting the

sound data stream from a data. format required by the host audio
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26 The net hod of —ctarm 15, wherein the step of enabling concurrent

processing of i als fromthe local |ine and incom ng

t el ephony si gnaimlmmﬂ“ mmml)m"rt el ephone line further includes the step
of : al | owi*ng¢t he t*l ephene to-rggei ve an inconming call while
executing steps a) and b). 27. The nmethod of claim20, wherein the step
of enabling concurrent processing-of outgoing audio signals to the |ocal

| i ne andaﬁﬁwaaﬂgoﬁed:ﬁﬁmy igicanal srddeFineliecd ot aortmalzephobacds rehe fur t her
i ncl udes the step of all owi ng the tel ephone.to receive an incom ng
call whil gteps of performing a data decompression on Phe_suund data stream.

22, The methodlof claim 20,. wherein the step of converting the
seund data stream froem a éata fe:mat required by the hest audio
applicatibn program into a predefined deta formatlincludes the
step of converting_the.sound data stream fréﬁ_e pulse ecde

modulation data format into the predefined data format.

23. The method of clalm 20, wherein the telephone is a digital

| telephone.

24. . 'The method of claim 23, wherein the step of transferring the
scund'data.stream having the predefined aate format to a telephony
driver further comprises.the step of performing'a'sample rate
coﬁversicn on the sound data stream from a predefined sample rate
supported by the host audio application program to a deta rate of

the digital_telephone.

25. The computer system of claim 1, wherein said computer system
selectively enables said telephone to be eméloyed as one of an

' input/output device and a telephone.
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executing steps
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26. The merhcd of cla*m 15, wherein the step of enaollng
concurrent processing of 1nccm1ng audio signals from the lccal
line and incoming telephory signals from the lccal telephone line

further includes the step of:

allowing the telephone to receive an incoming call while

executing steps a) and b).

i 27. The method of clalm 20, wbereln the step of enabllng
concurrent processing of outgolng audio signals to the local line
and ;ncomlng telephony signals from the 1oca1-telephone line
further includes the step of:

allowing the telephone to recei&e an iﬁcoming call while

executing steps a) and k).
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