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Uberblick

» Win32 - Multimedia API
o waveXXX
o mixerXXX

» DirectX - DirectSound

» Media Foundation (SAR)

» Core Audio API‘s
- Windows Audio Session API
> Device Topology API
> MMDevice API
> EndpointVolume API




Der Weg des Audio Streams

Application Service
Process Process
- Windows Multimedia DirectMusic Audio Service
Media
Foundation waveXxx mixerXxx +
SAR Functions Functions DirectSound
Protected
Procaess
¢ ¢ Audio
b 4 From
Core Audio APIs Other
MMDevice WASAPI DeviceTopology EndpointVolume Apps
API API API
| Endpoint Buffer
Shared Mode I |
Exclusive Mode l | Audio Engine
User Mode |
—1 Endpoint Buffer -1 — —
Kernel Mode
| Mix

v

Audio Driver

Software
Hardware

Endpoint
Device mﬁ Audio Adapter
(Speakers)




WASAPI Pro/Contra

» Pro
- Umgeht die Windows Mixer
- Kann zwischen Shared und Exclusive Mode switchen
> Theoretische Latenz liegt bei 2ms
> Mit MMCSS unschlagbar schnell
> ,Pro Audio” Anwendungsorientiert (hardwarenah)

» Contra

- The missing Feature
> Erst ab Windows VISTA verflugbar




The missing Feature

» Sample Rate Converter
» Komplizierte Implementierung

» GrolRer Nachteil der WASAPI

» Jedoch individuell anpassbar an Anspriiche




Die API
EEFERENCE TIME hnsictualluration;
IMMDeviceEnumerator *pEnumerator = NULL;
IMMDevice *pDevice = NULL;
IAndioClient *pAundioClient = NULL;
IAndioRenderClient *pRenderClient = NULL;
WAVEFCOBEMATEX #*pwfx = NULL;
UINT32 bufferFrameCount;
UINT3Z2 numFramesAvailable;
UINT3Z2 numFramesPadding;
BYTE *pData;
DWHCRD flags = 0:

CoCreatelnstance (CLSID MMDeviceEnumerator, NULL, CLSCTX ALL,
ITD IMMDeviceEnumerator, (volid*¥)&ipEnumerator):

pEnumerator->GetDefaultAndioEndpoint (eRender, eConsole, &pDevice);

plhevice->Activate (IID TAundioClient, CLSCTX ALL,
HOLL, (void+**)&pAudioClient);

phundioClient->GetMixFormat (&pwix) ;

phudioClient->Initialize (AUDCLNT SHAREMODE SHRRED, O,
hn=zRequestedlDuration, 0, pwfx, HNULL);

fFf Tell the audio source which format to use.

pHySource->3etFormat (pwEx) ;

JSf Get the actual =ize of the allocated buffer.
phudioClient->GetBufferSize (fbufferFrameCount) ;

pAudioClient->GetService (ITD TaundioRenderClient,

(void#**) gpRenderClient) ;
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ff Grab the entire buffer for the imnitial fill operation.

pRenderClient->GetBuffer (bufferFrameCount, &plData);

S/ Load the initial data into the shared buffer.
pMvySource->LoadData (bufferFrameCount, pData, &flags):;

pRenderClient->ReleasebBuffer (bufferFrameCount, flags);
ff Calculate the actual duration of the allocated buffer.
hnshctualluration = (double)REFTIMES PER SEC *
bufferFrameCount / pwix->nSamplesPerSec:
pludioClient->5taxrt(); f/ Start playing.
S/ Each loop fills about half of the shared buffer.
while (flags != AUDCLNT BUFFERFLAGS SILENT)
{
f/f Bleep for half the buffer duration.

Sleep ( (DWORD) (hnsActualDuration/REFTIMES PER MILLISEC/2)):

Sf Bee how much buffer space i=s available.
pAudioClient->GetCurrentPadding (&anumFramesPadding) ;

numnFramesfivailable = bufferFrameCount - numFramesPadding;

S/ Grab all the available space in the shared buffer.
pRenderClient->GetBuffer (numFramesAvailable, &pData):;

S Get next 1/2-second of data from the audioc source.

pMySource->LoadData (numFramesivailakble, phata, &flags):

pRenderClient->ReleaseBuffer (numFramesfivailable, flag=):

N



Fazit

» Sehr geeignet fur Pro Audio Anwendungen
» Unverzichtbar fur VolP-Communication
» Sehr schwer zu implementieren fur Laien

» Ubertrifft trotzdem die anderen Windows API‘s




