initFromDeviceDescription:
free
reset

Starting and stopping DMA startDM A ForChannel :read:buffer:
bufferSizeForlnterrupts:
stopDMAForChannel :read:

Getting DMA buffer address and size



isOutputActive
Getting supported sampling rates
acceptsContinuousSamplingRates
getSamplingRates.count:
getSamplingRatesL ow:high:
Getting supported data encodings
getDataEncodings:count:

Getting device settings channel Count
dataEncoding
sampleRate

Determining what hardware settings are or should be
inputGainL eft
inputGainRight
ISOutputM uted
isL oudnessEnhanced
outputAttenuationL eft
outputAttenuationRight

Setting hardware state updatel nputGainL eft
updatel nputGainRight
updateOutputM ute
updatel oudnessEnhanced
updateOutputAttenuationL eft
updateOutputAttenuationRight

(BOOL )acceptsContinuousSamplingRates

Returns NO. Drivers that accept continuous sampling rates, as opposed to accepting a few, discrets
implement this method so that it returns Y ES. For example, if a device has alow rate of 2000 Hz ¢
Hz and supports every sampling rate in between, its implementation of this method should return

getSamplingRates., getSamplingRatesLow:High:

(unsigned int)channel Count

Returns the number of sound channels to be used for the audio data that's about to be played or re
which can be either 1 (for mono) or 2 (for stereo), is determined during mixing and is set before st
Isinvoked.

dataEncoding, sampleRate

(unsigned int)channel CountLimit

Returns zero. Drivers must implement this method so that it returns either 1 (if only mono is suppc
mono and stereo are supported).
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NX_SoundStreamDataEncoding_Alaws.
channelCount, sampleRate

free
Frees the instance and returns nil.

(void)getDataEncodings:(NX SoundParameter Tag * )encodings count:(unsigned int * )numEnce

Returns zero in numEncodings. Subclasses must override this method to supply an array of suppor
Possible values (defined in the header file soundkit/NX SoundParameterTags.h) are currently
NX_SoundStreamDataEncoding_Linear16, NX_SoundStreamDataEncoding_Linear8,
NX_SoundStreamDataEncoding_Mulaw8, and NX_SoundStreamDataEncoding_Alaw8. Below is
implementing this method. Note that you don't have to allocate memory for encodingsit already h
all possible encodings.

(void)getlnputChannel Buffer:(void * )address size:(unsigned int *)byteCount

Gets the starting address and size of the (already allocated) DMA buffer for the input channel. Thi:
driver to access data in the audio buffer directly.

getOutputChannel Buffer:size:

(void)getOutputChannel Buffer:(void *)address size:(unsigned int *)byteCount

Gets the starting address and size of the (already allocated) DMA buffer for the output channel. Tt
driver to access data in the audio buffer directly.

getlnputChannel Buffer:size:

(void)getSamplingRates:(int *)rates count:(unsigned int *)numRates

Returns zero in numRates. Subclasses must override this method to supply the supported sampling
which has room for up to 256 entries. If the driver supports continuous sampling rates, this methoc
common sampling rates, as shown below.



(void)getSamplingRatesL ow:(int *)lowRate high:(int *)highRate

Returns zero in lowRate and highRate. Subclasses must override this method to supply their highe
sampling rates. Here's an example of implementing this method.

acceptsContinuousSamplingRates, getSamplingRates:

initFromDeviceDescription:description

Initializes a newly allocated |OAudio instance. Subclasses don't generally override this method th
their probe: method. Subclasses perform device-specific initialization in their implementation of tf

|OAudio's implementation of initFromDeviceDescription: invokes super's version of initFromDe
invokes attachl nterruptPort, sets the interrupt port to have a maximum backlog, and then performs
it creates and initializes the private objects that perform much of the driver's work, creates private
to listen to requests on the ports. Finaly, it invokes registerDevice. Returns nil if initialization was
otherwise, returns the IOAudio instance.

(unsigned int)inputGainL eft

Returns the general scaling factor that's applied to the left channel of the incoming sound. Thisva
from O to 32768, where 0 isno gain and 32768 is maximum gain. User-level programs specify the
Kit. To support input gain, you must implement updatel nputGainL eft and updatel nputGainRight.

inputGainRight

(unsigned int)inputGainRight

Returns the general scaling factor that's applied to the right channel of the incoming sound. Thisv
from O to 32768, where 0 isno gain and 32768 is maximum gain. User-level programs specify the
Kit. To support input gain, you must implement updatel nputGainL eft and updatel nputGainRight.

inputGainL eft

(IOAudiolnterruptClearFunc)interruptClearFunc

Does nothing and returns zero. Subclasses must implement this method so that it returns the addre:
clearsinterrupts on the card. The function is called only when the audio system needs to guarantee
pending interrupts. If you don't implement this method and function, your card is likely to suffer f
with some applications. The function runs at interrupt level, so it must not block.



(void)interruptOccurredForlnput:(BOOL *)servicel nput
forOutput:(BOOL *)serviceOutput

Notifies the instance that an interrupt occurred for its hardware. The IOAudio version of this meth
message each subclass must implement this method.

The subclass implementation of this method should try to determine whether the hardware really h
this method should clear the card's interrupt state, set servicelnput to YES if the interrupt was for |
serviceOutput to YES if the interrupt was for output. (The values of servicelnput and serviceOutpl

)

After invoking this method, IOAudio checks whether any more datais available for DMA on the c
service. If noneisavailable, ssopDMAForChannel:read: isinvoked. IOAudio always invokes thisi
thread.

(BOOL)islnputActive
Returns YES if datais being read from the hardware using DMA otherwise, returns NO.
isOutputActive

(BOOL )isL oudnessEnhanced

Returns Y ES if loudness is enhanced otherwise, returns NO. Loudness enhancement refersto the e
hardware to help compensate for the decreased sensitivity of the human ear by boosting the gain a
frequencies as the volume is decreased. User-level programs specify whether to use loudness enha
NX_SoundDeviceOutputL oudness parameter. To support loudness enhancement, you must impler
updatel oudnessEnhanced.

(BOOL)isOutputActive
Returns YES if datais being sent to the hardware using DMA otherwise, returns NO.
islnputActive

(BOOL)isOutputMuted

Returns YES if output is muted otherwise, returns NO. The user can mute audio output by holding
key and pressing the Delete key. User-level programs can mute output using the Sound Kit.

updateOutputM ute

(int)outputA ttenuationL eft
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Returns the attenuation setting of the right channel of the device. The user modifies the left and rig
simultaneously using the Volume slider in the Preferences application or with the Insert and Del et
User-level programs can specify the attenuation using the Sound Kit. The range is -84 decibels (in
(no attenuation).

updateOutputAttenuationRight, outputAttenuationL eft

(BOOL )reset

Generates an error message and returns NO. Subclasses must implement this method so that it rese
hardware. This method is invoked from initFromDeviceDescription:, as described above.

This method should initialize basic information by invoking setName: and setDeviceKind:. It shou
itsinterrupt (IRQ) and DMA channels (all obtained from its |ODeviceDescription) have valid valu
hardware, this method should disable its DMA channels and then set any DMA parameters necess
width.

This method should return Y ES on success otherwise, it should return NO, which will cause initFr
to return nil.

initFromDeviceDescription:, setName: (I0Device), setDeviceKind: (I0Device)

(unsigned int)sampleRate

Returns the sampl e rate to be used for the audio data that's about to be played or recorded. Thisva
during mixing and is set before statDMAForChannel:... is invoked.

channelCount, dataEncoding

(BOOL)startDM A ForChannel:(unsigned int)local Channel
read:(BOOL )isRead
buffer:(IODMABuffer)buffer
bufferSizeForInterrupts:(unsigned int)bufferSize

Generates an error message and returns NO. Subclasses must override this method.

This method should perform DMA after configuring the hardware to reflect the values returned by
dataEncoding, and channel Count. The DMA should be set up so that it generates an interrupt after
interval. If isRead is YES, then the DMA is from the card to memory otherwise, DMA isfrom me
the example IOAudio driver for an implementation of this method.

| OAudio invokes this method from the 1/O thread. Y ou should never invoke this method in an | OA
Implementation.

This method should return YES if it started DMA successfully otherwise, it should return NO.

startDM AForBuffer:channel (10DirectDevice architecture-specific category), enableChannel (10
architecture-specific category), enableAlllnterrupts (I0DirectDevice architecture-specific categor

(void)stopDM A ForChannel:(unsigned int)local Channel read:(BOOL )isRead
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category), disableAlllnterrupts (IODirectDevice architecture-specific category)

(void)timeoutOccurred

Notifies the instance that although aDMA transaction isin progress, no interrupts have been detec
(currently one second). The IOAudio version of this method does nothing each subclass can imple

The subclass implementation of this method might reset the hardware. |OAudio invokes this methq

(void)updatel nputGainL eft

Does nothing. Subclasses should implement this method so that it updates the hardware to the valL
inputGainLeft. Y ou generally have to convert the device-independent value returned by inputGain
value for your device.

updatel nputGainRight

(void)updatel nputGainRight

Does nothing. Subclasses should implement this method so that it updates the hardware to match t
inputGainRight. Y ou generally have to convert the device-independent value returned by inputGai
appropriate value for your device. IOAudio invokes this method from the I/O thread.

updatel nputGainL eft

(void)updatel oudnessEnhanced

Does nothing. Subclasses that support loudness enhancement should implement this method so the
hardware to match the value returned by isL oudnessEnhanced. IOAudio invokes this method from

(void)updateOutputAttenuationL eft

Does nothing. Subclasses should implement this method so that it updates the hardware to match t
outputAttenuationL eft. You generally have to convert the device-independent value returned by ot
the appropriate value for your device. Here's an example of implementing this method.



updateOutputA ttenuationRight

(void)updateOutputAttenuationRight

Does nothing. Subclasses should implement this method so that it updates the hardware to match t
outputAttenuationRight. Y ou generally have to convert the device-independent value returned by «
to the appropriate value for your device. IOAudio invokes this method from the 1/0 thread.

updateOutputA ttenuationL eft

(void)updateOutputM ute

Does nothing. Subclasses should implement this method so that it mutes the output if isOutputM ut
unmutes the output if isOutputM uted returns NO. |OAudio invokes this method from the I/O three



