How to Build and Use Microphone Arrays for Windows Vista - 10

How to Build and Use Microphone Arrays for Windows Vista
September 26, 2006  

Abstract

Under imperfect conditions, a single microphone that is embedded in a laptop or monitor does a poor job of capturing sound. An array of microphones can do a much better job of isolating a sound source and rejecting ambient noise and reverberation. This paper provides guidelines for manufactures and developers to create integrated or external microphone arrays for Microsoft® Windows Vista™ systems.

This information applies for the Windows Vista operating system.
The current version of this paper is maintained on the Web at: 

http://www.microsoft.com/whdc/device/audio/MicArrays_guide.mspx
References and resources discussed here are listed at the end of this paper.
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Introduction

Many computers and related devices have an embedded or external microphone that is used for purposes such as dictation, speech recognition, and voice over IP (VoIP) telephony. However, under typical conditions, ambient noise and reverberation can make it difficult for a single-microphone device to capture a good signal. Microphone arrays provide a solution to this problem; they can do a much better job of isolating a sound source and rejecting ambient noise and reverberation than is normally possible with a single microphone.
Microsoft is providing new support for microphone arrays in the Microsoft® Windows Vista™ operating system, including:

· A class driver to support USB Audio devices that comply with the hardware design guidelines of the Universal Audio Architecture (UAA).
· Algorithms to support typical array geometries.

· Descriptors to identify microphone array geometry.
This paper is intended for the following audiences:

· Hardware manufacturers who are designing external USB microphone arrays for use with Microsoft Windows Vista PCs.
· Application developers who are implementing sound capture functionality in Windows Vista applications and want to benefit from integrated microphone arrays.
The first part of the paper focuses on the firmware that is required for Windows Vista–supported USB microphone arrays. The second part of the paper discusses how the array-processing code is packaged and how to use microphone arrays in Windows Vista applications. There are also several appendixes with detailed information, including complete sample code for a number of tool and test applications.
Firmware for Windows Vista–Supported USB Microphone Arrays

This section contains general guidelines on how to create the firmware for a Windows Vista–supported USB microphone array. For a detailed example of a descriptor for a 4-element linear microphone array, see Appendix A.
Microphone Array Geometry Descriptor Format

USB Audio microphone arrays must describe themselves to the system that is using them. This means that the parameters that are required to describe the array must be embedded in the device itself. Geometry information is retrieved from the device by using a GET_MEM request. The addressable entity identifier (ID) that the device returns is the input terminal that describes itself as the microphone array and the associated control interface. The offset of the information must be 0. For a detailed example, see the input terminal descriptor sample in Appendix A.
Note: The GET_MEM request is defined by the USB Audio 1.0 specification, sections 5.2.1.2 and 5.2.4.1.2.

To interpret the descriptor data, the USB Audio device geometry information must have a standard format. USB microphone arrays that are intended to work with the Windows Vista USB Audio class driver must use the microphone array information format that is defined in the following table.
Microphone Array Information

	Offset
	Field
	Size
	Value
	Description

	0
	guidMicArrayID
	16
	Globally unique identifier (GUID)
	A unique ID that marks the beginning of the microphone array information in memory ( {07FE86C1-8948-4db5-B184-C5162D4AD314} ).

	16
	wDescriptorLength
	2
	Number
	The length in bytes of the microphone array information, including the GUID and length fields.

	18
	wVersion
	2
	Binary coded decimal (BCD)
	The version number of the microphone array specification, followed by this descriptor.

	20
	bmMicArrayType
	2
	BitMap
	The microphone array type. The following bits, when set to one, indicate the associated array type:

D0: Linear.

D1: Planar.

D2: 3D.

D15..3: Reserved

	22
	wWorkVertAngBeg
	2
	Number
	The start of the work volume vertical angle. 

	24
	wWorkVertAngEnd
	2
	Number
	The end of the work volume vertical angle.

	26
	wWorkHorAngBeg
	2
	Number
	The beginning of the work volume horizontal angle.

	28
	wWorkHorAngEnd
	2
	Number
	The end of the work volume horizontal angle.

	30
	wWorkFreqBandLo
	2
	Number
	The lower bound of the work frequency range.

	32
	wWorkFreqBandHi
	2
	Number
	The upper bound of the work frequency range.

	34
	wNumberOfMics
	2
	Number
	The number of individual microphone definitions that follow.

	36
	wMicrophoneType(0)
	2
	Number
	A number that uniquely identifies the type of microphone 0:
00: Omni-Directional
01: SubCardioid
02: Cardioid
03: SuperCardioid
04: HyperCardioid
05: 8 Shaped
0F - FF: Vendor defined

	38
	wXCoordinate(0)
	2
	Number
	The x-coordinate of microphone 0.

	40
	wYCoordinate(0)
	2
	Number
	The y-coordinate of microphone 0.

	42
	wZCoordinate(0)
	2
	Number
	The z-coordinate of microphone 0. 

	44
	wMicVertAngle(0)
	2
	Number
	The main response axis (MRA) vertical angle of microphone 0.

	46
	wMicHorAngle(0)
	2
	Number
	The MRA horizontal angle of microphone 0.

	…
	…
	…
	…
	Microphone definitions 1 - n-2.

	34+((n-1)*12)
	wMicType(n-1)
	2
	Number
	A number that uniquely identifies the type of microphone n-1:
00: Omni-Directional
01: SubCardioid
02: Cardioid
03: SuperCardioid
04: HyperCardioid
05: 8 Shaped
0F - FF: Vendor defined

	36+((n-1)*12)
	wXCoordinate(n-1)
	2
	Number
	The x-coordinate of microphone n-1. 

	38+((n-1)*12)
	wYCoordinate(n-1)
	2
	Number
	The y-coordinate of microphone n-1. 

	40+((n-1)*12)
	wZCoordinate(n-1)
	2
	Number
	The z-coordinate of microphone n-1. 

	42+((n-1)*12)
	wMicVertAngle(n-1)
	2
	Number
	The MRA vertical angle of microphone n-1.

	44+((n-1)*12)
	wMicHorAngle(n-1)
	2
	Number
	The MRA horizontal angle of microphone n-1.


Notes:

· Including a version number in the microphone array allows this structure to be updated after the original specifications are implemented while still maintaining backward compatibility. The version number is a BCD value. For example, the current version (1.0) is represented as 0x0100.

· The offset and size values are in bytes.

· All angles are expressed in units of 1/10000 radians. For example 3.1416 radians is expressed as 31416. The value can range from -31416 to 31416, inclusive.

· X-y-z coordinates are expressed in millimeters. The value can range from ‑32767 to 32767, inclusive.

· The coordinate system’s orientation, axes, and the positive directions of the angles are shown in Appendix B.

· Frequency values are expressed in Hz. The range of frequency values is bounded only by the size of the field and assumes that only reasonable values are used.
Audio Packet Overview

The following text is an overview of the timing and payload of an audio packet for a 4‑element microphone array. Figure 1 shows the audio interface collection for the example.
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Figure 1. Audio interface collection
In response to an IN request on Endpoint 2, the device’s firmware transmits a data packet to the host. The data packet contains 16 audio samples for each of the 4 microphones. With a 16‑KHz sampling rate, each data packet thus contains 1 millisecond (msec) of audio for each microphone, which results in 128 bytes of audio samples. The example shows how these values are calculated:
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Each packet contains 16 samples for each microphone. [image: image3.wmf]packet

audio

m

sample

u

packet

samples

sec_

1

sec

5

.

62

16

=

´


Each sample is 16 bits (2 bytes), and 4 microphones are reported in each packet.
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The audio samples are assembled into a packet in chronological order. Figure 2 shows a timeline representation of how the microphone samples are reported. M1N1 corresponds to microphone 1, sample 1, and so on. The ordering convention is M1N1, M2N1, M3N1, M4N1, M1N2…M4N16 and so on.
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Figure 2. Timeline of digital audio packet reporting
Figure 3 shows a detailed view of an Endpoint 2 IN request from a host, followed by a 128-byte digital audio data packet from the device. The audio sample uses big-endian byte ordering.
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Figure 3. A detailed view of an ENDP2 IN request
How to Read a Microphone Array Descriptor
This section shows how a host uses a GET_MEM request to read a microphone array descriptor. The following table shows the values that are used for the request.
Microphone Array Descriptor

	Offset
	Field
	Size
	Value
	Description

	0
	bmRequestType
	1
	0xA1
	A get request, class specific, that is directed to the audio control interface.

	1
	bRequest
	1
	0x85
	A GET_MEM request.

	2
	wValue
	2
	Number
	The memory offset: 0x0000 is the start of a microphone array descriptor.

	4
	wIndex 
	2
	0x0101


	Entity ID = Input Terminal 1.
Interface = Interface #1.

	6
	wLength
	2
	Number
	The length of the microphone array descriptor to return.


Figure 3 showed an example of a host requesting a microphone array descriptor from a device.

Figure 4 shows the first transfer request, whose purpose is to obtain the descriptor’s size. The request is for 18 bytes: the first 16 bytes contain a 16-byte GUID, and bytes 17 and 18 contain the size of the full descriptor.
Figure 5 shows the second transfer request, which uses the size that was returned by the first request (84 bytes) to obtain the full descriptor.
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Figure 4. Obtaining the size of a microphone array descriptor
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Figure 5. Obtaining a microphone array descriptor
How an Application Discovers a Microphone Array
Applications use the Multimedia Device API (MMDevAPI) to detect host-processed USB microphone arrays and retrieve their geometry. MMDevAPI is included with Windows Vista. Appendix C contains sample code that implements the procedures that are discussed in this section. In particular, see the GetMicArrayGeometry function.
How to Detect a Microphone Array

The first step is to determine whether a microphone array is present and, if it is, retrieve its input jack:
1.
Create a device enumerator and call its IMMDeviceEnumerator::GetDefaultAudioEndpoint method with the EDataFlow parameter set to eConsole. This method returns the array’s IMMDevice object.

2.
Call IMMDevice::Activate to get a pointer to the device object’s IDeviceTopology interface.

3.
Call IDeviceTopology::GetConnector to retrieve the connector’s IConnector interface.
4.
Call IConnector::GetConnectedTo to get the IConnector interface of the input jack.

5.
Call the input jack object’s QueryInterface method to get a pointer to the jack object’s IPart interface.
6.
Call IPart::GetSubType to get the GUID that represents the input jack type. If the device is a microphone array, this GUID is equal to KSNODETYPE_MICROPHONE_ARRAY.
Figure 6 shows a Unified Modeling Language (UML) sequence diagram of this procedure.
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Figure 6. UML sequence diagram for detecting microphone arrays
How to Retrieve the Microphone Array Geometry
After the device object that represents a microphone array is discovered, the next step is to determine its geometry so that it can be used to process the data. There are three basic geometries: linear, planar, and three dimensional (3-D). This procedure also retrieves detailed information on the array, such as the frequency range and the x-y-z coordinates of each microphone. The basic procedure is:
1.
Call IPart::GetTopologyObject to get the IDeviceTopology interface of the device-topology object.
2.
Call IDeviceTopology::GetDeviceId to get the object’s device identifier.

3.
Pass the device identifier to IMMDeviceEnumerator::GetDevice to get the input jack’s device object.

4.
Pass IMMDevice::Activate an interface identifier (IID) of IID_IKsControl to retrieve the object’s IKsControl interface.

5.
Call IKsControl::KSProperty with the property flag set to KSPROPERTY_TYPE_GET to get the array geometry information. The ID that is used to retrieve microphone array geometry is KSPROPERTY_AUDIO_MIC_ARRAY_GEOMETRY.
KSPROPERTY_AUDIO_MIC_ARRAY_GEOMETRY supports only KSPROPERTY_TYPE_GET requests. KSProperty returns a KSAUDIO_MIC_ARRAY_GEOMETRY structure that contains the array type and related information. If the buffer is too small, the property returns the full size of the return structure in the KSProperty method’s BytesReturned parameter. The normal procedure is to initially call KSProperty with the buffer size set to zero to get the correct buffer size and then call it again with the correct buffer size to retrieve the KSAUDIO_MIC_ARRAY_GEOMETRY structure with the geometry data.
For sample code that implements this procedure, see the GetMicArrayGeometry function in Appendix C. Figure 7 shows a UML sequence diagram of the procedure.
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Figure 7. UML sequence diagram for getting the array geometry
The Microsoft High Quality Voice Capture DMO

The voice-capture DirectX Media Object (DMO) provides a complete solution for high-quality audio capture on personal computers. It includes the following voice signal processing components, each of which can be turned on or off individually: 

· Acoustic echo cancellation (AEC) 

· Microphone array processing (MicArray)

· Noise Suppression (NS)

· Automatic Gain Control (AGC)

· Voice Activity Detection (VAD)

The voice-capture DMO is designed to be easy to use. It has two different working modes. 
· In filter mode, the DMO works like a filter. It takes input from the microphone—and the speaker, if AEC is enabled— and produces output signals. 
· In source mode, the DMO works like an audio source. It does not take any input signals. Device-related operations are all handled inside the DMO, including device initialization, audio stream capturing and synchronization, timestamp calculation and compensation, and microphone array device geometry retrieval. 
Source mode is easier to use than the filter mode. Applications must only instantiate and configure a DMO object and then retrieve echo-free or microphone array-processed clean microphone signals. Source mode is recommended unless some special situation requires the use of filter mode.
The sample code in this document uses source mode. However, because the voice capture DMO has a standard DMO interface—with all the necessary property keys provided later in this document—it will be easy to implement applications using the filter mode.
Voice Capture DMO Structure and Interfaces

Figure 8 is a schematic illustration of the voice-capture DMO processing pipeline. It includes the following components:

· Echo cancellation (EC)

· Microphone array processing (MicArray)
· Noise suppression (NS)

· Automatic gain control (AGC)

Each pipeline component can be individually turned on or off. The sampling rate converter is called automatically if the device formats do not match the DMO’s internal formats.
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Figure 8. High quality voice-capture DMO processing pipeline and interfaces

Notes:

· The processing pipeline has four echo cancellation components if microphone array processing is enabled, but only one if it is disabled.

· The source mode DMO is supported only in Windows Vista and later versions of the operating system.

· If AEC is enabled, the DMO can capture speaker streams only after the audio mixer. That means that all system sounds are canceled (per-system cancellation) as well as the far-end voice.

Figure 8 also shows the filter mode DMO interface. The API for the interface is simple, consisting of three required methods and one optional method:
· IMediaObject::SetOutputType (Required) 
Sets the output format.

· IPropertyStore::SetValue (Required) 
Configures the DMO.

· IMediaObject::ProcessOutput (Required) 
Retrieves the output.

· IMediaObject:: AllocateStreamingResources (Optional) 
Allocates resources. It can be called before ProcessOutput. If AllocateStreamingResources is not called explicitly, it is called automatically the first time ProcessOutput is called. However, we recommend explicitly calling this method before calling ProcessOutput.
The next three sections discuss how to use these methods.

How to Initialize the Voice Capture DMO

A voice capture DMO object is instantiated with CoCreateInstance and initialized through its IMediaObject and IPropertyStore interfaces. Figure 9 shows a UML sequence diagram for the process.
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Figure 9. Initializing a voice-capture DMO

How to Set the DMO Output Format

In filter mode, the DMO takes input signals and produces an output signal. This means that, in filter mode, both input and output formats must be set. In source mode, the DMO does not take an input signal from applications, so only the output format must be set. In fact, applications should not set input format in source mode or the DMO might fail to process the signal. 

The DMO output format must be one of the four supported formats listed in Table 1. The input format for filter mode can be virtually any valid uncompressed wave format. If the input and output formats do not match, the DMO converts the format. Note that the AEC algorithm does not currently support stereo or multi-channel echo cancellation. If the input speaker signal has multiple channels, all channels are mixed down to a single channel for AEC processing. This means that the speaker signals in different channels must be identical or the AEC might fail to cancel the echoes.

Table 1. Allowed Output Formats for the Voice Capture DMO
	
	nSamplesPerSec
	nChannel
	nValidBitsPerSample
	wFormatTag

	1
	16000
	1
	16
	WAVE_FORMAT_PCM

	2
	8000
	1
	16
	WAVE_FORMAT_PCM

	3
	11025
	1
	16
	WAVE_FORMAT_PCM

	4
	22050
	1
	16
	WAVE_FORMAT_PCM


Applications call IMediaObject::SetInputType to set input format, or IMediaObject::SetOutputType to set output format. The voice-capture DMO accepts both WAVEFORMATEXTENSIBLE and WAVEFORMATEX formats as input and output types. It must be an uncompressed audio format such as PCM or IEEE_FLOAT. 

How to Configure the DMO

All AEC and microphone array processing parameters are passed to the DMO through its IPropertyStore interface. The DMO processing is controlled by the property key values. Applications use IPropertyStore::SetValue to set the voice capture DMO's property keys. Applications can also use IPropertyStore::GetValue to retrieve some of the DMO's internal processing information. All DMO property keys are defined in wmcodecdsp.h. The following sections provide details about the DMO's property keys. 
Note: For the following discussion of property key values, VBTRUE is defined as (VARIANT_BOOL)-1, and VBFALSE is defined as (VARIANT_BOOL)0.

MFPKEY_WMAAECMA_SYSTEM_MODE (VT_I4)

This property key specifies the DMO's system mode. Currently the DMO supports four system modes:

AEC-only mode: SINGLE_CHANNEL_AEC (0)
[reserved]
MicArray-only mode: OPTIBEAM_ARRAY_ONLY (2)

AEC + MicArray mode: OPTIBEAM_ARRAY_AND_AEC (4)
[reserved]
No AEC or MicArray: SINGLE_CHANNEL_NSAGC (5)

Note: The first and third modes on the list are reserved for future features.
The DMO system mode must be set before starting the AEC and MicArray processes. After the system mode is set, the DMO is ready to work using its default settings. Internal parameters are set automatically to optimal values for most situations, so users do not need to worry about the details. However, users do have the ability to change internal parameters through feature modes, by setting MFPKEY_WMAAECMA_FEATUREMODE_ON to VBTRUE.

MFPKEY_WMAAECMA_DMO_SOURCE_MODE (VT_BOOL)

This property key specifies the DMO working mode. If it is set to VBTRUE, the DMO works in source mode; otherwise, it works in filter mode. The default value for this key is VBTRUE.
In filter mode, the DMO takes microphone input signal—and the speaker input signal if AEC is enabled—and produces clean output signals. Applications must capture the microphone or speaker signals and send them to the DMO.
In source mode, the DMO does not take any input. All the device-related operations are handled inside of the DMO. Applications only need to instantiate and configure a DMO object and then retrieve echo-free or microphone array-processed clean microphone signals. 
Note: With source mode, users should set only the output stream format by calling IMediaObject::SetOutputType, They should not attempt to set input stream formats by calling IMediaObject::SetInputType or DMO initialization will fail.

MFPKEY_WMAAECMA_DEVICE_INDEXES (VT_I4)

This property key specifies which audio devices are used in the DMO's source mode. It is only effective for source mode. The key is a 32-bit integer with the render device index packed into the high word and the capture device index packed into the low word. To use system default audio devices, set both device indexes to -1 (0xFFFFFFFF). The default value of this key is -1.
The following sample creates a key value from specified render and capture device indexes.
pvDeviceId.lVal = (unsigned long)(spkDevIdx<<16) + (unsigned long)(0x0000ffff & micDevIdx);

Note: The application must playback the far-end voice through the selected render device. The DMO captures the render signals after the audio mixer. If there is no active render stream on selected device, the DMO cannot capture any render signals and the ProcessOutput method fails. If there are multiple audio devices, the device specified for the DMO should be the render device that is playing the audio.

MFPKEY_WMAAECMA_FEATURE_MODE (VT_BOOL)

This property key turns the feature mode on or off. Setting it to VBTRUE enables the user to change some internal parameters of the AEC and microphone array algorithms. The default value of this key is VBFALSE.

This feature mode must be turned on for the remaining property keys in this list to take effect. 

MFPKEY_WMAAECMA_FEATR_FRAME_SIZE (VT_I4)

This property key specifies the length of the frame used by AEC processing. AEC processes PCM samples frame by frame, and supports frame sizes of 80, 128, 160, 240, 256, and 320. If this key is set to 0, the DMO automatically determines an optimal frame size based on the system mode and output format. The default value for the key is 0, which is the recommended setting.
This property key is bi-directional. Even when feature mode is off, users can use this property to retrieve the frame size after they have called the AllocateStreamingResources method, or after the first time ProcessOutput is called. 
MFPKEY_WMAAECMA_FEATR_ECHO_LENGTH (VT_I4)

This property key controls the length of the echo that can be handled by AEC. The AEC algorithm relies on an adaptive filter to determine the room response and cancel the echo. The filter length is determined by echo lengths. Although the DMO supports flexible echo lengths, the following values are recommended: 128, 256, 512 and 1024, in units of milliseconds. The default value is 256 ms, which is sufficient for most office and home environments. This property is effective only when AEC is enabled.

MFPKEY_WMAAECMA_FEATR_NS (VT_I4)

This property turns noise suppression on or off. Noise suppression is a DSP component that suppresses or reduces the stationary background noise in the audio signal. A value of 1 turns noise suppression on and 0 turns it off. The default value is 1.

MFPKEY_WMAAECMA_ FEATR _AGC (VT_BOOL) 

This property turns digital AGC on or off. AGC is a DSP component that automatically adjusts the digital gain of the output, so that the output signal is always near a certain level. A value of VBTRUE turns digital AGC on and VBFALSE turns it off. The default value of this key is VBFALSE.

MFPKEY_WMAAECMA_FEATR_AES (VT_I4)

This property key specifies how many times the Acoustic Echo Suppression (AES) process is applied on the residual signal after AEC. AES can further suppress echo residuals. The valid values are 0, 1, and 2. The default value is 0. This property key is effective only when AEC is enabled.

MFPKEY_WMAAECMA_FEATR_VAD (VT_I4)

This property key specifies the voice activity detection (VAD) mode. It can be set to one of the following values: 

AEC_VAD_DISABLED
VAD is disabled (default)
AEC_VAD_NORMAL
General-purpose setting. VAD classification has balanced false-detection and miss-detection rates. The output of the VAD is one of the following values:
0 = Non-speech
1 = Voiced speech
2 = Unvoiced speech
3 = Mixed speech (a mixture of voiced and unvoiced speech)

AEC_VAD_FOR_AGC
The VAD information can be used for AGC and noise suppression. The result is binary, where: 
1 indicates voiced speech only, where the energy of the speech is mainly from voiced sound. 
0 indicates noise or unvoiced speech. The threshold is higher than for normal mode to reduce the false detection rate.
AEC_VAD_FOR_SILENCE_SUPPRESSION
The VAD information can be used for silence suppression. The result is binary where:

1 indicates voice activity—regardless of whether it is voiced or unvoiced speech. Note there is 1 second tailing period for voice.

0 indicates silence. 

Because the DMO output might contain multiple frames, the VAD results cannot be retrieved through a property key. Instead, the VAD results are coded into the output signals. The lowest 8 bits of the first two samples in each frame contain the VAD results. Use a simple function, like the following sample, to decode the results.

int AecDecodeVAD(short *pMicOut)

{

    int iVAD = (*pMicOut) & 0x01;

    pMicOut ++;

    iVAD |= (*pMicOut<<1) & 0x02;

    return iVAD;

}

MFPKEY_WMAAECMA_FEATR_CENTER_CLIP (VT_BOOL) 

This property key turns center clipping on or off. There are usually some echo residues after the echo cancellation processing. Center clipping is a process to completely remove those residues.
A value of VBTRUE turns center clipping on and VBFALSE turns it off. The default value is VBTRUE. This property key is effective only when AEC is enabled.

MFPKEY_WMAAECMA_FEATR_NOISE_FILL (VT_BOOL) 

This property key turns noise filling on or off. For a better user experience, after center clipping removes echo residuals, it is better to use noise filling to fill the silence with comfort noise.
A value of VBTRUE turns noise filling on and VBFALSE turns it off. The default value is VBTRUE. This property key is effective only when AEC is enabled.

MFPKEY_WMAAECMA_RETRIEVE_TS_STATS (VT_BOOL) (AEC)

This property key enables or disables saving or retrieving timestamp statistics. Having accurate timestamps for capture and render streams is crucial to the AEC algorithms. However, in reality timestamps are often imperfect, with noise and relative drift between the render and capture streams. In addition, timestamps for different audio devices might have different statistics, such drift rate and variance.
When AEC is enabled, the DMO processes and compensates imperfect timestamps based on these statistics. If they are known when the DMO starts, the timestamp processing and compensation can be more efficient.
A value of VBTRUE, saves the timestamp statistics to a registry key from which the DMO can retrieve them the next time it starts. A value of VBFALSE disables the saving of timestamp statistics. The default value of this key is VBFALSE. This property key is effective only when AEC is enabled.

For further information, see the MFPKEY_WMAAECMA_DEVICEPAIR_GUID, later in this list.

MFPKEY_WMAAECMA_QUALITY_METRICS (VT_BLOB)

This property key can be used to retrieve the AEC quality metric structure. The structure contains internal AEC processing data that can be used for runtime AEC quality evaluation. This property key is effective only when AEC is enabled.
The AEC quality metric structure is defined in wmcodecdsp.h, and it is shown in the following sample:
// AEC quality metric structure

typedef struct tagAecQualityMetrics_Struct

{

    LONGLONG i64Timestamp;  // Timestamp when the quality metrics are collected

    BYTE  ConvergenceFlag;  // AEC convergence flag

    BYTE  MicClippedFlag;   // Mic input signal clipped

    BYTE  MicSilenceFlag;   // Mic input too quiet or silent

    BYTE  PstvFeadbackFlag; // Positive feadbacks causing chirping sound

    BYTE  SpkClippedFlag;   // Speaker input signal clipped

    BYTE  SpkMuteFlag;      // Speaker muted or too quiet

    BYTE  GlitchFlag;       // Glitch flag

    BYTE  DoubleTalkFlag;   // Double talk flag

    ULONG uGlitchCount;     // Glich count

    ULONG uMicClipCount;    // Mic clipping count

    float fDuration;        // AEC running duration

    float fTSVariance;      // Timestamp variance (long-term average)

    float fTSDriftRate;     // Timestamp drifting rate (long-term average)

    float fVoiceLevel;      // Near-end voice level after AEC (short-term smoothed)

    float fNoiseLevel;      // Noise level of mic input signals (long-term smoothed)

    float fERLE;            // Echo return loss enhancement (short-term smoothed)

    float fAvgERLE;         // Average ERLE over whole running duration

    DWORD dwReserved;       // reserved

}AecQualityMetrics_Struct;
MFPKEY_WMAAECMA_MICARRAY_DESCPTR (VT_BLOB)

This property key can be used to send microphone array geometry information to the DMO. This property key is effective only when microphone array processing is enabled. There are three microphone geometry structures, which are defined in ksmedia.h.
KSAUDIO_MIC_ARRAY_GEOMETRY

KSAUDIO_MICROPHONE_COORDINATES

KSMICARRAY_MICTYPE

Note: Setting microphone array geometry is effective only for the DMO's filter mode. In source mode, the DMO obtains array geometry information through the microphone array device 

MFPKEY_WMAAECMA_DEVICEPAIR_GUID (VT_CLSID)

This property key is related to MFPKEY_WMAAECMA_RETRIEVE_TS_STATS. Each combination of capture/render pairs could have different timestamp statistics. To avoid confusion, each device pair should have an ID that allows the statistics be saved to a unique key. This property key is used to assign a GUID to each device pair.

Note: This property is effective only for the DMO's filter mode with AEC enabled. In source mode, the DMO generates a GUID automatically, based on the audio devices selected by MFPKEY_WMAAECMA_DEVICE_INDEXES.
MFPKEY_WMAAECMA_FEATR_MICARR_MODE (VT_I4)

This property key specifies the microphone array processing mode. It is effective only when microphone array processing is enabled. The key value can be:
MICARRAY_SINGLE_CHAN: Use a single channel. The lower byte of the value specifies which channel to use. For example: 
0x0000: Channel 0 (default)
0x0001: Channel 1
0x0002: Channel 2
0x0003: Channel 3

MICARRAY_SIMPLE_SUM (0x0100): Sum all channels. 

MICARRAY_SINGLE_BEAM (0x0200): Perform beam forming using the beam that is selected by the internal source localizer.
MICARRAY_FIXED_BEAM (0x0400): Perform beam forming using the center beam.
MICARRAY_EXTERN_BEAM (0x0800): Perform beam forming using a beam selected externally by the application.
The default mode is MICARRAY_SINGLE_BEAM.

MFPKEY_WMAAECMA_FEATR_MICARR_BEAM (VT_I4) 

This property key specifies the beam geometry. Beam forming is the fundamental microphone array processing, so it is important how the beams are defined and labeled. All five pre-defined geometries have 11 beams, ranging horizontally from -50° to +50° in 10 degree increments. For convenience, these 11 beams are numbered 0 to 10, where 0 represents a beam at -50° and 10 represents a beam at +50°.
This key specifies the beam to be used. The default value is 5, which represents the center beam at 0°. This property key is effective only when microphone array processing is enabled.
This property key is bi-directional. If the microphone array processing mode is MICARRAY_SINGLE_BEAM, this key can be used to retrieve the beam number selected by the internal source localizer. If the processing mode is MICARRAY_EXTERN_BEAM, this key can be used by applications to set the beam number. 

MFPKEY_WMAAECMA_FEATR_MICARR_PREPROC (VT_BOOL)

This property key turns microphone array pre-processing on or off. Pre-processing can remove stationary tonal interferences such as a fixed pitch tone.
A value of VBTRUE enables microphone array pre-processing. A value of VBFALSE disables pre-processing. This property key is effective only when microphone array processing is enabled. The default value for this property key is VBTRUE. 
MFPKEY_WMAAECMA_MIC_GAIN_BOUNDER (VT_BOOL)

This property key turns the microphone gain bounder (MBG) on or off. AEC does not work well if the microphone gain is too high or too low.

If the gain is too high, the captured signal can saturate and be clipped. This is a non-linear effect that causes AEC to fail.
If microphone gain is too low, the signal-to-noise ratio will be very low and AEC will not work well. 
A value of VBTRUE enables the MGB and ensures that the microphone gain remains within an acceptable range. A value of VBFALSE disables the MGB. The default value is VBTRUE.
Note: MGB is only available in the DMO's source mode . In filter mode, the applications must set the proper microphone gain level.

How to Process and Obtain DMO Outputs

Applications retrieve the voice capture DMO output by calling IMediaObject::ProcessOutput. When an application calls ProcessOutput for the first time, the method performs a set of format and compatibility checks and returns an error code if there are any problems. For example, if an application selects a mode that requires a microphone array, ProcessOutput checks for the presence of the array and returns an error code if it is not present.

Applications should continue calling ProcessOutput as long as samples exist in the output buffer. The presence of additional samples in the buffer is indicated by a DMO_OUTPUT_DATA_BUFFERF_INCOMPLETE flag in the buffer status word.

How to Use Microphone Arrays in a Windows Vista Application

This section is a walk-through with code examples that show how to use the voice capture DMO in a Windows Vista application. For details, see the voice capture DMO sample code. It is installed with the Windows Software Development Kit (SDK) under the %MSSDK%\Samples\Multimedia\Audio\AecMicarray\ folder.
Applications that use the voice capture DMO should include the following header files:
Dmo.h
Mmsystem.h
Objbase.h
Mediaobj.h
Uuids.h
Proidl.h
Wmcodecdsp.h

How to Instantiate a Voice Capture DMO

The voice capture DMO (MFWMADMO.DLL) is already registered in Windows Vista. To create an instance of the DMO:
1.
Call CoCreateInstance with the voice capture DMO's CLSID (CLSID_CWMAudioAEC) and the IMediaObject interface's IID (IID_IMediaObject).

2.
Call the DMO’s IUnknown::QueryInterface method to obtain a pointer to the DMO’s IPropertyStore interface.

The following code example implements this procedure.
IUnknown* pUnk = NULL;

IMediaObject* pDMO = NULL;
IPropertyStore* pPS = NULL;

CoCreateInstance(CLSID_CWMAudioAEC,

                 NULL,

                 CLSCTX_INPROC_SERVER,

                 IID_IMediaObject,

                 (void**)&pDMO);

pDMO->QueryInterface(IID_IPropertyStore, (void**)&pPS);

How to Configure the Voice Capture DMO

Configuring a voice capture DMO requires two steps:

1.
Specify the working modes.

2.
Set the output format.

How to Specify DMO Working Modes

Applications specify the DMO’s working modes by calling the object's IPropertyStore::SetValue method and setting appropriate property keys. A detailed description of the keys was given earlier in this paper. The basic procedure is as follows:
1.
Create and initialize a PROPVARIANT structure.

2.
Set the structure’s vt member to the property key’s data type and its lVal member to the key value.

3.
Pass the key name and the PROPVARIANT structure to SetValue.

The following example sets the voice capture DMO's system mode to SINGLE_CHANNEL_AEC:
// Set DMO system mode

LONG system_mode = SINGLE_CHANNEL_AEC; // AEC only mode

PROPVARIANT pvSysMode;

PropVariantInit(&pvSysMode);

pvSysMode.vt = VT_I4;

pvSysMode.lVal = (LONG)(system_mode);

CHECKHR(pPS->SetValue(MFPKEY_WMAAECMA_SYSTEM_MODE, &pvSysMode));

CHECKHR(pPS->GetValue(MFPKEY_WMAAECMA_SYSTEM_MODE, &pvSysMode));

PropVariantClear(&pvSysMode);

How to Set the DMO Output Format

Applications call IMediaObject::SetOutputType to set the DMO output format. The basic procedure is as follows:
1.
Allocate and initialize a DMO_MEDIA_TYPE structure with the type set to WAVEFORMATEX.

2.
Assign appropriate values to the structure, and copy the formats from a WAVEFORMATEX structure to the pbFormat member.

4.
Set the output format by passing the DMO_MEDIA_TYPE structure to SetOutPutType.

The following code example illustrates this procedure:
DMO_MEDIA_TYPE mt;

WAVEFORMATEX wfxOut;

hr = MoInitMediaType(&mt, sizeof(WAVEFORMATEX));

CHECK_RET(hr, "MoInitMediaType failed");

mt.majortype = MEDIATYPE_Audio;

mt.subtype = MEDIASUBTYPE_PCM;

mt.lSampleSize = 0;

mt.bFixedSizeSamples = TRUE;

mt.bTemporalCompression = FALSE;

mt.formattype = FORMAT_WaveFormatEx;

memcpy(mt.pbFormat, &wfxOut, sizeof(WAVEFORMATEX));

hr = pDMO->SetOutputType(0, &mt, 0);
CHECK_RET(hr, "SetOutputType failed");

MoFreeMediaType(&mt);

How to Process the Output
Applications call IMediaObject::ProcessOutput to obtain the outputs of the AEC/MicArray processing. The basic procedure is as follows:

1.
Allocate an output buffer according to the output data type and the required buffer length. 
The example below allocates a buffer for 1 second. Note that in the example, the main thread is waked every 10 milliseconds, so the application normally gets only 10 milliseconds (ms) of data for each call. Allocating a larger buffer helps to remove occasional glitches that are caused by the system being busy.
2.
Create a static IMediaObject buffer object for DMO output. Initialize the object with the buffer created in step 1. Clear the buffer status word (dwStatus).

3.
Call the ProcessOutput method to obtain the AEC/MicArray processing outputs.

4.
Read the data from the output buffer and save it for further processing, as appropriate.

5.
Check the buffer status word. If the DMO_OUTPUT_DATA_BUFFERF_INCOMPLETE flag is set, repeat steps 2 through 5. Otherwise, end the loop.

// allocate output buffer

int cOutputBufLen = wfxOut.nSamplesPerSec * wfxOut.nBlockAlign;

BYTE *pbOutputBuffer = new BYTE[cOutputBufLen];

CHECK_ALLOC (pbOutputBuffer, "out of memory.\n");

// Create a DMO output buffer object

// main loop to get microphone output from the DMO

CStaticMediaBuffer outputBuffer;
DMO_OUTPUT_DATA_BUFFER OutputBufferStruct = {0};

OutputBufferStruct.pBuffer = &outputBuffer;

// main loop to get microphone output from the DMO

ULONG cbProduced = 0;

while (1)

{

    Sleep(10); //sleep 10ms

    do{

        outputBuffer.Init((byte*)pbOutputBuffer, cOutputBufLen, 0);

        OutputBufferStruct.dwStatus = 0;

        hr = pDMO->ProcessOutput(0, 1,
                                  &OutputBufferStruct,
                                 &dwStatus);

        CHECK_RET (hr, "ProcessOutput failed");

        if (hr == S_FALSE) {

            cbProduced = 0;

        }

        else {

            hr = outputBuffer.GetBufferAndLength(NULL, &cbProduced);

            CHECK_RET (hr, "GetBufferAndLength failed");

        }

        // write microphone output data into a file by using PCM format
        if (fwrite(pbOutputBuffer, 1, cbProduced, pfMicOutPCM) != cbProduced)
        {
            puts("write error");
            goto exit;
         }

    } while (OutputBufferStruct.dwStatus & DMO_OUTPUT_DATA_BUFFERF_INCOMPLETE);

}


Notes

· Applications must keep calling the ProcessOutput method until the DMO_OUTPUT_DATA_BUFFERF_INCOMPLETE flag has been cleared.

· Applications must implement the IMediaBuffer interface to create an output DMO buffer object, as shown in the next section.

How to Create an Output DMO Buffer Object

This code excerpt shows how to create an output DMO buffer object:
class CBaseMediaBuffer : public IMediaBuffer {

public:

   CBaseMediaBuffer() {}

   CBaseMediaBuffer(BYTE *pData, ULONG ulSize, ULONG ulData) :

      m_pData(pData), m_ulSize(ulSize), m_ulData(ulData), m_cRef(1) {}

   STDMETHODIMP_(ULONG) AddRef() {

      return InterlockedIncrement((long*)&m_cRef);

   }

   STDMETHODIMP_(ULONG) Release() {

      long l = InterlockedDecrement((long*)&m_cRef);

      if (l == 0)

         delete this;

      return l;

   }

   STDMETHODIMP QueryInterface(REFIID riid, void **ppv) {

      if (riid == IID_IUnknown) {

         AddRef();

         *ppv = (IUnknown*)this;

         return NOERROR;

      }

      else if (riid == IID_IMediaBuffer) {

         AddRef();

         *ppv = (IMediaBuffer*)this;

         return NOERROR;

      }

      else

         return E_NOINTERFACE;

   }

   STDMETHODIMP SetLength(DWORD ulLength) {m_ulData = ulLength; return NOERROR;}

   STDMETHODIMP GetMaxLength(DWORD *pcbMaxLength) {*pcbMaxLength = m_ulSize; return NOERROR;}

   STDMETHODIMP GetBufferAndLength(BYTE **ppBuffer, DWORD *pcbLength) {

      if (ppBuffer) *ppBuffer = m_pData;

      if (pcbLength) *pcbLength = m_ulData;

      return NOERROR;

   }

protected:

   BYTE *m_pData;

   ULONG m_ulSize;

   ULONG m_ulData;

   ULONG m_cRef;

};

class CStaticMediaBuffer : public CBaseMediaBuffer {

public:

    STDMETHODIMP_(ULONG) AddRef() {return 2;}

    STDMETHODIMP_(ULONG) Release() {return 1;}

    void Init(BYTE *pData, ULONG ulSize, ULONG ulData) {

        m_pData = pData;

        m_ulSize = ulSize;

        m_ulData = ulData;

    }

};

How to Release the DMO

After processing is complete, applications should release the DMO.

// Cleanup resources

if (pDMO)

{

   pDMO->Release();

   pDMO = NULL;

}

if (pPs)

{

   pPs->Release();

   pPs = NULL;

}

Next Steps

This section discusses the steps that interested parties should take to prepare for the new Windows Vista microphone array support that is discussed in this paper.
System manufacturers:
· Integrate microphone arrays into your laptops or monitors. Microphone arrays provide high-quality sound capture without requiring the user to wear a headset, which will make your products more appealing to consumers.

· Consider the value-add up-sell opportunity that external microphone array devices create for your PC product lines.

· Use Microsoft UAA class drivers to support the audio devices in your systems. These Microsoft drivers provide the necessary microphone array hardware characteristics to the microphone array algorithm in Windows Vista.

Firmware engineers:
· When writing firmware for USB microphone arrays, make sure that it is compatible with Windows Vista requirements and the UAA-compliant USB Audio design guidelines.

Device manufacturers:
· Consider the business opportunities in manufacturing UAA-compliant external USB Audio microphone arrays for office and conference room use.
Driver developers:
· Ensure that your driver supports the property set that is necessary to pass microphone array descriptions to the Windows Vista microphone array algorithm.

· Enable multichannel capture. Ensure that the driver provides all the individual channels from the microphone array to the Microsoft Windows® audio subsystem.

· Use the WaveRT miniport model to ensure glitch-resilient audio data.
Application developers:
· If your application captures sound and the computer has an embedded or attached microphone array, get the best sound quality for your application by using the new Windows Vista audio stack.

· Use the new Windows Vista audio-capture stack in new application scenarios that take advantage of the high-quality audio that is captured by microphone arrays.

· If your application performs real-time communication, use the Microsoft real-time clock (RTC) API. Your application will benefit from the better sound quality and improvements in establishing the connection, transportation, and encoding and decoding of audio and video streams.
More Information
For more information about microphone array sound capture capabilities in Windows, send e-mail to micarrex@microsoft.com.
Specifications
When related specifications are available, a notice will be published in the Microsoft Hardware Newsletter. You can subscribe to this newsletter at http://www.microsoft.com/whdc/newsreq.mspx.

Resources
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http://research.microsoft.com/users/ivantash/Documents/Tashev_MABeamforming_ICASSP_05.pdf
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Appendix A: Example USB Microphone Array Descriptors

This appendix contains example descriptors for a 4-element linear microphone array.

Device and Configuration Descriptors

The following tables contain examples of device and configuration descriptors.

Device Descriptor
	Offset
	Field
	Size
	Value
	Description

	0
	bLength
	1
	0x12
	The size of this descriptor in bytes.

	1
	bDescriptorType
	1
	0x01
	The descriptor type.

	2
	bcdUSB
	2
	
	The BCD encoded USB Specification release number that the device is compliant with.

	4
	bDeviceClass
	1
	0x00
	The device class. If this value is zero, the interface descriptor contains a class specifier.

	5
	bDeviceSubClass
	1
	0x00
	The device subclass. This value qualifies the bDeviceClass field and must be zero if bDeviceClass is zero.

	6
	bDeviceProtocol
	1
	0x00
	Device protocol. This value qualifies the bDeviceClass and bDeviceSubClass fields. A value of zero indicates that the device does not use class-specific protocols on a device basis.

	7
	bMaxPacketSize0
	1
	0x08
	The maximum packet size for endpoint zero.

	8
	idVendor
	2
	
	The vendor ID, which is assigned by the USB organization.

	10
	idProduct
	2
	
	The product ID, which is assigned by the vendor.

	12
	bcdDevice
	2
	
	The firmware revision number.

	14
	iManufacturer
	1
	
	The index of the string descriptor that describes the manufacturer.

	15
	iProduct
	1
	
	The index of the string descriptor that describes the product.

	16
	iSerialNumber
	1
	
	The index of the string descriptor that describes the device's serial number. A value of zero indicates that no such descriptor exists.

	17
	bNumConfigurations
	1
	0x01
	The number of possible configurations.


Configuration Descriptor

	Offset
	Field
	Size
	Value
	Description

	0
	bLength
	1
	0x09
	The size of this descriptor in bytes.

	1
	bDescriptorType
	1
	0x02
	The descriptor type.

	2
	wTotalLength
	2
	
	The total length of data that was returned for this configuration. The value includes the combined length of configuration, interface, and endpoint descriptors for this configuration

	4
	bNumInterfaces
	1
	0x02
	The number of interfaces supported by this configuration:
1 Audio Control
1 Audio Streaming

	5
	bConfigurationValue
	1
	0x01
	A value that is used as an argument to the Setconfiguration() request to select this configuration.

	6
	iConfiguration
	1
	0x00
	The index of the string descriptor that describes this configuration. A value of zero indicates that no such descriptor exists.

	7
	bmAttributes
	1
	0x80
	The configuration characteristics:

D7:    Reserved (set to 1)
D6:    Self-powered
D5:    Remote wakeup
D4..0: Reserved (reset to zero)

	8
	MaxPower
	1
	0x32
	The maximum current, in units of 2 mA, that the USB device draws from the bus when the device is fully operational in this specific configuration. 


Standard AudioControl Interface Descriptor

	Offset
	Field
	Size
	Value
	Description

	0
	bLength
	1
	0x09
	The size of this descriptor, in bytes.

	1
	bDescriptorType
	1
	0x04
	The descriptor type.

	2
	bInterfaceNumber
	1
	0x01
	The interface number.

	3
	bAlternateSetting
	1
	0x00
	The alternate setting.

	4
	bNumEndpoints
	1
	0x00
	The number of endpoints

	5
	bInterfaceClass
	1
	0x01
	The interface class: set to AUDIO.

	6
	bInterfaceSubclass
	1
	0x01
	The interface subclass: set to AUDIO_CONTROL.

	7
	bInterfaceProtocol
	1
	0x00
	Unused.

	8
	iInterface
	1
	0x00
	Unused.


Class-Specific AudioControl Interface Descriptor

	Offset
	Field
	Size
	Value
	Description

	0
	bLength
	1
	0x09
	The size of this descriptor in bytes.

	1
	bDescriptorType
	1
	0x24
	The descriptor type.

	2
	bDescriptorSubtype
	1
	0x01
	The descriptor subtype: set to HEADER.

	3
	bcdADC
	2
	0x0100
	The class specification: supports class specification 1.0.

	5
	wTotalLength
	2
	0x001E
	The total size of class-specific descriptors.

	7
	bInCollection
	1
	0x01
	The number of streaming interfaces.

	8
	baInterfaceNr(1)
	1
	0x02
	AS interface 2 belongs to this AC interface.


Microphone Terminal and Unit Descriptors

These descriptors define the audio device terminals and units that support the microphone inputs.

Input Terminal Descriptor

	Offset
	Field
	Size
	Value
	Description

	0
	bLength
	1
	0x0C
	The size of this descriptor, in bytes.

	1
	bDescriptorType
	1
	0x24
	The descriptor type.

	2
	bDescriptorSubtype
	1
	0x02
	The descriptor subtype: set to INPUT_TERMINAL.

	3
	bTerminalID
	1
	0x01
	The terminal ID.

	4
	wTerminalType
	2
	0x0205
	The terminal type: set to microphone array and host processing.

	6
	bAssocTerminal
	1
	0x00
	The terminal association: set to no association.

	7
	bNrChannels
	1
	0x04
	The number of microphone channels.

	8
	wChannelConfig
	2
	0x0000
	The number of spatial locations.

	10
	iChannelNames
	1
	0x00
	Unused.

	11
	iTerminal
	1
	0x00
	Unused.


Output Terminal Descriptor

	Offset
	Field
	Size
	Value
	Description

	0
	bLength
	1
	0x09
	The size of this descriptor, in bytes

	1
	bDescriptorType
	1
	0x24
	The descriptor type.

	2
	bDescriptorSubtype
	1
	0x03
	The OUTPUT_TERMINAL subtype.

	3
	bTerminalID
	1
	0x03
	The terminal ID (Output terminal #3).

	4
	wTerminalType
	2
	0x0101
	The terminal type (streaming)

	6
	bAssocTerminal
	1
	0x01
	The associated terminal (input terminal 1, which is required by Windows Vista for microphone arrays).

	7
	bSourceID
	1
	0x01
	The source ID (input terminal #1.

	8
	iTerminal
	1
	0x00
	Unused.


AudioStreaming Interface Descriptors

These descriptors define the standard and alternate audio streaming interfaces for microphone arrays.
Alternate Setting 0

Alternate setting 0 is a zero-bandwidth setting that is used to relinquish the claimed bandwidth on the bus when the microphone array is not in use. It is the default setting after power-up and is a required alternate setting for use with the USB Audio class driver.

Standard AS Interface Descriptor

	Offset
	Field
	Size
	Value
	Description

	0
	bLength
	1
	0x09
	The size of this descriptor in bytes.

	1
	bDescriptorType
	1
	0x04
	The descriptor type.

	2
	bInterfaceNumber
	1
	0x02
	The interface number.

	3
	bAlternateSetting
	1
	0x00
	The alternate setting number.

	4
	bNumEndpoints
	1
	0x00
	The number of endpoints.

	5
	bInterfaceClass
	1
	0x01
	The interface class: set to AUDIO.

	6
	bInterfaceSubclass
	1
	0x02
	The interface subclass: set to AUDIO_STREAMING.

	7
	bInterfaceProtocol
	1
	0x00
	Unused.

	8
	iInterface
	1
	0x00
	Unused.


Operational Alternate Setting 1

The following tables define operational alternate setting 1.

Standard AS Interface Descriptor

	Offset
	Field
	Size
	Value
	Description

	0
	bLength
	1
	0x09
	The size of this descriptor, in bytes.

	1
	bDescriptorType
	1
	0x04
	The descriptor type.

	2
	bInterfaceNumber
	1
	0x02
	The interface number.

	3
	bAlternateSetting
	1
	0x01
	The alternate setting number.

	4
	bNumEndpoints
	1
	0x01
	The number of endpoints.

	5
	bInterfaceClass
	1
	0x01
	The interface class: set to AUDIO.

	6
	bInterfaceSubclass
	1
	0x02
	The interface subclass: set to AUDIO_STREAMING.

	7
	bInterfaceProtocol
	1
	0x00
	Unused.

	8
	iInterface
	1
	0x00
	Unused.


Class-Specific AS General Interface Descriptor

	Offset
	Field
	Size
	Value
	Description

	0
	bLength
	1
	0x07
	The size of this descriptor, in bytes

	1
	bDescriptorType
	1
	0x24
	The descriptor type: set to CS_INTERFACE.

	2
	bDescriptorSubtype
	1
	0x01
	The descriptor subtype: set to AS_GENERAL.

	3
	bTerminalLink
	1
	0x03
	The terminal: set to output terminal #3

	4
	bDelay
	1
	0x01
	The interface delay.

	5
	wFormatTag
	2
	0x0001
	The format: set to PCM.


Type I Format Type Descriptor

	Offset
	Field
	Size
	Value
	Description

	0
	bLength
	1
	0x0B
	The size of this descriptor, in bytes.

	1
	bDescriptorType
	1
	0x24
	The descriptor type: set to CS_INTERFACE.

	2
	bDescriptorSubtype
	1
	0x02
	The descriptor subtype: set to FORMAT_TYPE.

	3
	bFormatType
	1
	0x01
	The format type: set to FORMAT_TYP E_I.

	4
	bNrChannels
	1
	0x04
	The number of microphones.

	5
	bSubFrameSize
	1
	0x02
	The frame size: set to 2 bytes per audio subframe.

	6
	bBitResolution
	1
	0x10
	The resolution: set to16 bits per sample.

	7
	bSamFreqType
	1
	0x01
	The number of supported frequencies.

	8
	tSamFreq(1)
	3
	0x003E80
	The sampling frequency: set to16 kilohertz (KHz).


Standard AS Isochronous Audio Data Endpoint Descriptor

	Offset
	Field
	Size
	Value
	Description

	0
	bLength
	1
	0x09
	The size of this descriptor, in bytes.

	1
	bDescriptorType
	1
	0x05
	The descriptor type: set to ENDPOINT.

	2
	bEndpointAddress
	1
	0x82
	The endpoint address: set to IN endpoint #2.

	3
	bmAttributes
	1
	0x0D
	The attributes: set to isochronous, synchronous synchronization, and data.

	4
	wMaxPacketSize
	2
	0x0080
	The maximum packet size: set to 16 bytes. 16 samples per channel x 2 bytes per sample x 4 microphone channels  = 128.

	6
	bInterval
	1
	0x01
	The interval: set to one packet per frame.

	7
	bRefresh
	1
	0x00
	Unused.

	8
	bSynchAddress
	1
	0x00
	Unused.


Class-Specific Isochronous Audio Data Endpoint Descriptor

	Offset
	Field
	Size
	Value
	Description

	0
	bLength
	1
	0x07
	The size of this descriptor, in bytes.

	1
	bDescriptorType
	1
	0x25
	The descriptor type: set to CS_ENDPOINT.

	2
	bDescriptorSubtype
	1
	0x01
	The descriptor subtype: set to EP_GENERAL.

	3
	bmAttributes
	1
	0x00
	Attributes: no frequency control, no pitch control, and no packet padding.

	4
	bLockDelayUnits
	1
	0x00
	Unused.

	5
	wLockDelay
	2
	0x0000
	Unused.


Appendix B: Microphone Array Coordinate System
Figure 10 shows the microphone array coordinate system and the positive directions of the direction and elevation angles.
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Figure 10. Microphone array coordinate system

This coordinate system defines the location of the speaker relative to the microphone array. It can also be used with other audio objects such as sound sources or microphones.
· The origin of the coordinate system is the center of the microphone array, which is usually close to the average position of the origins of the individual microphones.
· The X-axis is horizontal with its positive direction toward the most probable location of the speaker. It is normally perpendicular to the computer screen.
· The Y-axis is horizontal and parallel to the screen. Its positive direction is toward the speaker’s right hand as the speaker is looking at the screen.
· The Z-axis is vertical with the positive direction pointing up.

· The direction angle is the horizontal angle relative to the X-axis. Its positive direction is counterclockwise when looking down from above.
· The elevation angle is the angle between the X-Y plane and the line that points to the speaker.
Appendix C: Tools and Tests

This appendix contains complete source code for tool and test applications that can be used for such purposes as discovering and enumerating capture and render devices and determining microphone array characteristics.

Device Discovery and Microphone Array Geometry Sample Code

This section contains C++ sample code for enumerating audio capture and render devices, detecting a microphone array, and retrieving its geometry.

Header File for Discovering Devices and Array Geometry
///////////////////////////////////////////////////////////////////////////////

// File:              KSBinder.h

//

// Description: Provides functionality for discovering audio capture

//              and render devices, and obtaining
//              information/interfaces related to the devices found.

//

// Copyright (C) Microsoft.  All Rights Reserved.

///////////////////////////////////////////////////////////////////////////////

#pragma once
#ifndef __KS_BINDER_INC__

#define __KS_BINDER_INC__

#include <MFMediaTypes.h>        // IMFAudioMediatype

#include <MMDeviceApi.h>         // IMMDevice

#include <AudioEngineEndPoint.h> // AUDIO_ENDPOINT_CREATE_PARAMS

#include <audiopolicyP.h>        // KSDATAFORMAT_WAVEFORMATEX

// Structure used for getting device information.

typedef struct _AUDIO_DEVICE_INFO

{

   wchar_t        szFriendlyName[MAX_PATH];  // Friendly name

   wchar_t        szDeviceId[MAX_PATH];      // For creating IAudioClient

   IAudioClient * pClient;                   // MF Client API

   bool           isMicrophoneArray;         // true if device is mic array

} AUDIO_DEVICE_INFO, *PAUDIO_DEVICE_INFO;

// Find out the number of currently available devices

__checkReturn HRESULT GetNumRenderDevices(__out size_t & nDevices);

__checkReturn HRESULT GetNumCaptureDevices(__out size_t & nDevices);

// Retrieve information about the capture devices available

__checkReturn HRESULT EnumAudioCaptureDevices(

          __out_ecount_full(nElementsInput) AUDIO_DEVICE_INFO prgDevices[],

          __in  size_t nElementsInput,

          __out size_t & nDevicesFound,
          __in bool createInterface = false);

// Retrieve information about the rendering devices available

__checkReturn HRESULT EnumAudioRenderDevices(

          __out_ecount_full(nElementsInput) AUDIO_DEVICE_INFO prgDevices[],

          __in  size_t nElementsInput,

          __out size_t & nDevicesFound,
          __in bool createInterface = false);

// Create a capture or render device based on the device id

__checkReturn HRESULT CreateAudioClient(

                      __in EDataFlow   eDataFlow,  // eCapture, eRender

                      __in const wchar_t * pszDeviceId,

                      __deref_out IAudioClient ** pClient);
// Get the default render device

__checkReturn HRESULT GetDefaultAudioRenderDevice(

                      __deref_out IAudioClient **ppAudioClient);

// Client is responsible for calling CoTaskMemFree() on ppGeometry

__checkReturn HRESULT GetMicArrayGeometry(

                    __in wchar_t szDeviceId[],

                    __out KSAUDIO_MIC_ARRAY_GEOMETRY ** ppGeometry,

                    __out ULONG & cbSize);

#endif// __KS_BINDER_INC__

Functions for Discovering Devices and Microphone Array Geometry

///////////////////////////////////////////////////////////////////////////////

// File:              KSBinder.cpp

//

// Description:       Provides functionality for discovering audio capture

//                    and render devices, and obtaining
//                    information/interfaces related to the devices found.

//

// Copyright (C) Microsoft.  All Rights Reserved.

///////////////////////////////////////////////////////////////////////////////

#include "Audio/ksbinder.h"    // our header

#include <ks.h>                // IKsControl

#include <ATLComCli.h>         // CComPtr

#include <strsafe.h>           // Safe string API's

#include <DeviceTopology.h>    // Endpoint API's

#include <DeviceTopologyP.h>   // Endpoint API's

#include <propkey.h>           // PKEY_Device_FriendlyName

#include "Trace.h"             // Trace macros

#ifndef IF_FAILED_JUMP

#define IF_FAILED_JUMP(hr, label) if(FAILED(hr)) goto label;

#endif
#ifndef IF_FAILED_RETURN

#define IF_FAILED_RETURN(hr) if(FAILED(hr)) return hr;

#endif
#ifndef REQUIRE_OR_RETURN

#define REQUIRE_OR_RETURN(condition, hr) if(!condition) return hr;

#endif
#ifndef RETURN_IF_NULL

#define RETURN_IF_NULL(x, hr) if(x == 0) return hr;

#endif
// Local functions not exposed in the header file

__checkReturn HRESULT GetJackSubtypeForEndpoint(

                      __in IMMDevice* pEndpoint,
                      __out GUID * pgSubtype);

__checkReturn HRESULT EndpointIsMicArray(__in IMMDevice* pEndpoint,
                                         __out bool & isMicArray);

__checkReturn HRESULT GetDefaultDeviceConnectorParams(

          __in EDataFlow   eDataFlow,                           // eRender, eCapture

          __deref_out wchar_t **  ppszEndpointDeviceId,         // device ID

          __deref_out WAVEFORMATEXTENSIBLE** ppwfxDeviceFormat);// format

__checkReturn HRESULT GetNumAudioDevices(__in EDataFlow eDataFlow,

                                         __out size_t & nDevices);

///////////////////////////////////////////////////////////////////////////////

// Function:

//      EnumAudioDevices()

//

// Description:

//      Enumerates capture or render devices, and gathers information about
//      them.

//
// Parameters:   prgDevices       --  buffer for recieving the device info.

//               nElementsInput   --  Number of elements in prgDevices

//               nDevicesFound    --  Number of devices found

//               createInterfaces --  true if caller wishes to create

//                                    IAudioClient interface

//

// Returns:      S_OK on success

///////////////////////////////////////////////////////////////////////////////

__checkReturn HRESULT EnumAudioDevices(

          __in EDataFlow   eDataFlow,

          __out_ecount_full(nElementsInput) AUDIO_DEVICE_INFO prgDevices[],

          __in  size_t nElementsInput,

          __out size_t & nDevicesFound,
          __in bool createInterface = false)
{

   REQUIRE_OR_RETURN(prgDevices != 0, E_POINTER);

   ::ZeroMemory(prgDevices, sizeof(AUDIO_DEVICE_INFO) * nElementsInput);

   nDevicesFound          = 0;

   AUDIO_DEVICE_INFO info = {0};

   size_t iCurrElement    = 0;

   UINT dwCount           = 0;

   UINT index             = 0;

   wchar_t * pszDeviceId  = 0;

   HRESULT hResult        = E_FAIL;

   CComPtr<IMMDeviceEnumerator> spEnumerator;

   CComPtr<IMMDeviceCollection> spEndpoints;
   hResult = spEnumerator.CoCreateInstance(__uuidof(MMDeviceEnumerator));

   IF_FAILED_JUMP(hResult, Exit);

   hResult = spEnumerator->EnumAudioEndpoints(eDataFlow,
                                              DEVICE_STATE_ACTIVE,
                                              &spEndpoints);

   IF_FAILED_JUMP(hResult, Exit);

   hResult = spEndpoints->GetCount(&dwCount);

   IF_FAILED_JUMP(hResult, Exit);

   if (eRender == eDataFlow)

      Trace("Found %d render devices", dwCount);

   else if (eCapture == eDataFlow)

      Trace("Found  %d capture devices", dwCount);

   else

      Trace("Found %d unknown devices", dwCount);

   PROPVARIANT  value;

   for (index = 0; index < dwCount; index++)

   {

      ::ZeroMemory(&info, sizeof(info));

      CComPtr<IMMDevice>         spDevice;

      CComPtr<IPropertyStore>    spProperties;

      PropVariantInit(&value);

      ::CoTaskMemFree(pszDeviceId);

      pszDeviceId = NULL;

      hResult = spEndpoints->Item(index, &spDevice);

      if (FAILED(hResult))

      {

         break;

      }

      // See if the device is a mic-array

      hResult = EndpointIsMicArray(spDevice, info.isMicrophoneArray);

      if (FAILED(hResult))

      {

         continue;

      }

      hResult = spDevice->GetId(&pszDeviceId);

      if (FAILED(hResult))

      {

         // Could not get device ID, Keep going

         continue;

      }

      hResult = spDevice->OpenPropertyStore(STGM_READ, &spProperties);

      if (FAILED(hResult))

      {

         break;

      }

      hResult = spProperties->GetValue(PKEY_Device_FriendlyName, &value);

      if (FAILED(hResult))

      {

         break;

      }

      hResult = ::StringCchCopy(info.szFriendlyName, MAX_PATH-1,

                                value.pwszVal);

      if (FAILED(hResult))

      {

         break;

      }

      hResult = ::StringCchCopy(info.szDeviceId, MAX_PATH-1, pszDeviceId);

      if (FAILED(hResult))

      {

         break;

      }

      if(createInterface)

      {

         hResult = spDevice->Activate(

                                    __uuidof(IAudioClient),
                                    CLSCTX_INPROC_SERVER,
                                    0,
                                    reinterpret_cast<void**>(&(info.pClient)));

         if(FAILED(hResult))

         {

            Trace("Could not get IAudioClient, hr = 0x%x", hResult);

            break;

         }

      }

      if(iCurrElement < nElementsInput)

      {

         Trace("Device %d is %S\n", index, info.szFriendlyName);

         ::CopyMemory(&prgDevices[iCurrElement], &info, sizeof(info));

         nDevicesFound ++;

         iCurrElement++;

      }

      else

      {

         // we are finished

         break;

      }

      PropVariantClear(&value);

   }

Exit:

   if (0 != pszDeviceId)

   {

      ::CoTaskMemFree(pszDeviceId);

   }

   PropVariantClear(&value);

   if(FAILED(hResult))

   {

      // If anything went wrong, let's clean up any interfaces created

      // even though some of the information could have been valid.

      for(size_t i = 0; i < nElementsInput; i++)

      {

         if(prgDevices[i].pClient != 0)

         {

            prgDevices[i].pClient->Release();

         }

      }

     ::ZeroMemory(prgDevices, sizeof(AUDIO_DEVICE_INFO) * nElementsInput);

     nDevicesFound = 0;

   }

   return hResult;

}// EnumAudioDevices()

///////////////////////////////////////////////////////////////////////////////

// Function:

//      EnumAudioCaptureDevices()

//

// Description:

//      Enumerates audio capture devices, and optionally creates the
//      IAudioClient interface.

//

// Return:

//      S_OK if successful

///////////////////////////////////////////////////////////////////////////////

__checkReturn HRESULT EnumAudioCaptureDevices(

          __out_ecount_full(nElementsInput) AUDIO_DEVICE_INFO  prgDevices[],

          __in  size_t nElementsInput,

          __out size_t & nDevicesFound,
          __in bool createInterface) // == false

{

   return EnumAudioDevices(eCapture, prgDevices, nElementsInput,
                           nDevicesFound, createInterface);

}// EnumAudioCaptureDevices()

///////////////////////////////////////////////////////////////////////////////

// Function:

//      EnumAudioRenderDevices()

//

// Description:

//      Enumerates audio rendering devices, and optionally creates the
//      IAudioClient interface.

//

// Return:

//      S_OK if successful

///////////////////////////////////////////////////////////////////////////////

__checkReturn HRESULT EnumAudioRenderDevices(

          __out_ecount_full(nElementsInput) AUDIO_DEVICE_INFO  prgDevices[],

          __in  size_t nElementsInput,

          __out size_t & nDevicesFound,
          __in bool createInterface) // == false

{

   return EnumAudioDevices(eRender, prgDevices, nElementsInput,
                           nDevicesFound, createInterface);

}// EnumAudioRenderDevices()

///////////////////////////////////////////////////////////////////////////////

// Function:

//      CreateAudioClient()

//

// Description:

//      Creates an IAudioClient for the specified device ID.

//

// Return:

//      S_OK if successful

///////////////////////////////////////////////////////////////////////////////

__checkReturn HRESULT CreateAudioClient(           
                      __in EDataFlow   eDataFlow,

                      __in const wchar_t * pszDeviceId,

                      __deref_out IAudioClient ** pClient)
{

   REQUIRE_OR_RETURN(pszDeviceId  != 0, E_POINTER);

   REQUIRE_OR_RETURN(*pszDeviceId != 0, E_INVALIDARG);

   REQUIRE_OR_RETURN(pClient      != 0, E_POINTER);

   bool found = false;

   AUDIO_DEVICE_INFO * prgDevices = 0;

   size_t nDevices = 0;

   HRESULT hResult = E_FAIL;

   hResult = GetNumAudioDevices(eDataFlow, nDevices);

   IF_FAILED_JUMP(hResult, Exit);

   prgDevices = new AUDIO_DEVICE_INFO[nDevices];

   if(prgDevices == 0) return E_OUTOFMEMORY;

   size_t nDevicesFound = 0;

   hResult = EnumAudioDevices(eDataFlow, prgDevices, nDevices,
                              nDevicesFound, true);

   IF_FAILED_JUMP(hResult, Exit);

   for(size_t i = 0; i < nDevicesFound; i++)

   {

      if(prgDevices[i].pClient != 0 && prgDevices[i].szDeviceId[0] != 0)

      {

         if(::wcscmp(pszDeviceId, prgDevices[i].szDeviceId) == 0)

         {

            *pClient = prgDevices[i].pClient;

            found = true;

         }

         else

         {

            prgDevices[i].pClient->Release();

         }

      }

   }

   if(!found) hResult = TYPE_E_ELEMENTNOTFOUND;

Exit:

   if(prgDevices != 0)

   {

      delete [] prgDevices;

   }

   return hResult;

}//CreateAudioClient()

///////////////////////////////////////////////////////////////////////////////

// Function:

//      GetDefaultAudioRenderDevice()

//

// Description:

//      Creates an IAudioClient for the default audio rendering device

//

// Return:

//      S_OK if successful

///////////////////////////////////////////////////////////////////////////////

__checkReturn HRESULT GetDefaultAudioRenderDevice(

                     __deref_out IAudioClient **ppAudioClient)

{

   CComPtr<IMMDeviceEnumerator> pMMDevEnum;

   CComPtr<IMMDevice>           pMMDevice;

   HRESULT hr = S_OK;

   if(ppAudioClient == 0) return E_POINTER;

   *ppAudioClient = NULL;

   if (SUCCEEDED(hr))

   {

      hr = pMMDevEnum.CoCreateInstance( __uuidof(MMDeviceEnumerator ) );

      if ( FAILED( hr ) )

      {

         Trace("Failed to CoCreate MMDeviceEnumerator returning 0x%x", hr);

      }

   }

   if (SUCCEEDED(hr))

   {

      hr = pMMDevEnum->GetDefaultAudioEndpoint( eRender, eConsole, &pMMDevice );

      if( E_NOTFOUND == hr )

      {    
         Trace("GetDefaultAudioEndpoint was not found");

         hr = E_FAIL;

      }

      else if ( FAILED( hr ) )

      {

         Trace("GetDefaultAudioEndpoint failed, hr = 0x%x", hr );

      }

   }

   if (SUCCEEDED(hr))

   {

      //

      // Activate to the requested interface

      //

      hr = pMMDevice->Activate(__uuidof(IAudioClient), CLSCTX_ALL,
                               NULL, (void**)ppAudioClient);

      if ( FAILED( hr ) )

      {

         Trace("IMMDevice::Activate failed with %x", hr);

      }

   }

   return hr;

} // GetDefaultRenderDevice()

///////////////////////////////////////////////////////////////////////////////

// Function:

//      GetJackSubtypeForEndpoint

//

// Description:

//      Gets the subtype of the jack that the specified endpoint device

//      is plugged into.  e.g. if the endpoint is for an array mic, then

//      we would expect the subtype of the jack to be
//      KSNODETYPE_MICROPHONE_ARRAY

//

// Return:

//      S_OK if successful

//

///////////////////////////////////////////////////////////////////////////////

__checkReturn HRESULT GetJackSubtypeForEndpoint(

                      __in  IMMDevice*  pEndpoint,
                      __out GUID*       pgSubtype)

{

   REQUIRE_OR_RETURN(pEndpoint != 0, E_POINTER);

   HRESULT                     hr = E_FAIL;

   CComPtr<IDeviceTopology>    spEndpointTopology;

   CComPtr<IConnector>         spPlug;

   CComPtr<IConnector>         spJack;

   CComQIPtr<IPart>            spJackAsPart;

   // Get the Device Topology interface

   hr = pEndpoint->Activate(__uuidof(IDeviceTopology), CLSCTX_INPROC_SERVER,
                            NULL, (void**)&spEndpointTopology);

   IF_FAILED_JUMP(hr, Exit);

   hr = spEndpointTopology->GetConnector(0, &spPlug);

   IF_FAILED_JUMP(hr, Exit);

   hr = spPlug->GetConnectedTo(&spJack);

   IF_FAILED_JUMP(hr, Exit);

   spJackAsPart = spJack;

   hr = spJackAsPart->GetSubType(pgSubtype);

Exit:

   return hr;

}//GetJackSubtypeForEndpoint()

///////////////////////////////////////////////////////////////////////////////

// Function:

//      EndpointIsMicArray

//

// Description:

//      Determines if a given IMMDevice is a microphone array.

//

// Returns:

//      S_OK on success

///////////////////////////////////////////////////////////////////////////////

__checkReturn HRESULT EndpointIsMicArray(

                      __in IMMDevice* pEndpoint,

                      __out bool & isMicrophoneArray)

{

   REQUIRE_OR_RETURN(pEndpoint != 0, E_POINTER);

   GUID subType = {0};

   HRESULT hr = GetJackSubtypeForEndpoint(pEndpoint, &subType);

   isMicrophoneArray = (subType == KSNODETYPE_MICROPHONE_ARRAY) ? true : false;

   return hr;

}// EndpointIsMicArray()

///////////////////////////////////////////////////////////////////////////////

// Function:

//      GetDefaultDeviceConnectorParams()

//

// Description:

//      Gets default device connection information.

//
// Dev Notes:
//      Caller is repsonsible for calling ::SysFreeString() on
//      ppszEndpointDeviceId, and ::CoTaskMemFree() on ppwfxDeviceFormat if
//      successfull.

//

// Returns:      S_OK on success

///////////////////////////////////////////////////////////////////////////////

__checkReturn HRESULT GetDefaultDeviceConnectorParams(

       __in EDataFlow   eDataFlow,                          // eRender, eCapture

       __deref_out wchar_t **  ppszEndpointDeviceId,        // device ID

       __deref_out WAVEFORMATEXTENSIBLE** ppwfxDeviceFormat)// format

{

   REQUIRE_OR_RETURN(ppszEndpointDeviceId != 0, E_POINTER);

   REQUIRE_OR_RETURN(ppwfxDeviceFormat    != 0, E_POINTER);

   HRESULT                      hResult = E_FAIL;

   CComPtr<IMMDeviceEnumerator> spEnumerator;

   CComPtr<IMMDevice>           spEndpoint;

   CComPtr<IPolicyConfig>       spConfig;

   hResult = spConfig.CoCreateInstance(__uuidof(PolicyConfig));

   IF_FAILED_JUMP(hResult, Exit);

   hResult = spEnumerator.CoCreateInstance(__uuidof(MMDeviceEnumerator));

   IF_FAILED_JUMP(hResult, Exit);

   hResult = spEnumerator->GetDefaultAudioEndpoint(eDataFlow, eConsole,
                                                   &spEndpoint);

   IF_FAILED_JUMP(hResult, Exit);

   hResult = spEndpoint->GetId(ppszEndpointDeviceId);

   IF_FAILED_JUMP(hResult, Exit);

   hResult = spConfig->GetMixFormat(*ppszEndpointDeviceId,
      (WAVEFORMATEX**)ppwfxDeviceFormat);

Exit:

   return hResult;

} // GetDefaultDeviceConnectorParams()

///////////////////////////////////////////////////////////////////////////////

// Function:

//      GetNumAudioDevices()

//

// Description:

//      Determines the number of avialable capture or rendering devices

//      available on the system.

//

// Returns:      S_OK on success

///////////////////////////////////////////////////////////////////////////////

__checkReturn HRESULT GetNumAudioDevices(__in EDataFlow eDataFlow,

                                         __out size_t & nDevices)

{

   nDevices               = 0;

   UINT dwCount           = 0;

   HRESULT hResult        = E_FAIL;

   CComPtr<IMMDeviceEnumerator> spEnumerator;

   CComPtr<IMMDeviceCollection> spEndpoints;
   hResult = spEnumerator.CoCreateInstance(__uuidof(MMDeviceEnumerator));

   IF_FAILED_JUMP(hResult, Exit);

   hResult = spEnumerator->EnumAudioEndpoints(eDataFlow,
                                              DEVICE_STATE_ACTIVE,
                                              &spEndpoints);

   IF_FAILED_JUMP(hResult, Exit);

   hResult = spEndpoints->GetCount(&dwCount);

   IF_FAILED_JUMP(hResult, Exit);

   nDevices = dwCount;

Exit:

   return hResult;

}// GetNumRenderDevices

///////////////////////////////////////////////////////////////////////////////

// Function:

//      GetNumRenderDevices()

//

// Description:

//      Determines the number of avialable rendering devices

//

// Returns:      S_OK on success

///////////////////////////////////////////////////////////////////////////////

__checkReturn HRESULT GetNumRenderDevices(__out size_t & nDevices)

{

   return GetNumAudioDevices(eRender, nDevices);

}//GetNumRenderDevices()

///////////////////////////////////////////////////////////////////////////////

// Function:

//      GetNumCaptureDevices()

//

// Description:

//      Determines the number of avialable rendering devices

//

// Returns:      S_OK on success

///////////////////////////////////////////////////////////////////////////////

__checkReturn HRESULT GetNumCaptureDevices(__out size_t & nDevices)

{

   return GetNumAudioDevices(eCapture, nDevices);

}

///////////////////////////////////////////////////////////////////////////////

// GetInputJack() -- Gets the IPart interface for the input jack on the

//                   specified device.

///////////////////////////////////////////////////////////////////////////////

__checkReturn HRESULT GetInputJack(__in IMMDevice * pDevice,
                                   __out CComPtr<IPart> & spPart)

{

   REQUIRE_OR_RETURN(pDevice != 0, E_POINTER);

   CComPtr<IDeviceTopology>    spTopology;

   CComPtr<IConnector>         spPlug;

   CComPtr<IConnector>         spJack;

   // Get the Device Topology interface

   HRESULT hr = pDevice->Activate(__uuidof(IDeviceTopology),
                                  CLSCTX_INPROC_SERVER, NULL,

                                  reinterpret_cast<void**>(&spTopology));

   IF_FAILED_RETURN(hr);

   hr = spTopology->GetConnector(0, &spPlug);

   IF_FAILED_RETURN(hr);

   hr = spPlug->GetConnectedTo(&spJack);

   IF_FAILED_RETURN(hr);

   // QI for the part

   spPart = spJack;

   RETURN_IF_NULL(spPart, E_NOINTERFACE);

   return hr;

}// GetInputJack()

//////////////////////////////////////////////////////////////////////////////

// GetMicArrayGeometry()  -- Retrieve the microphone array geometries

//////////////////////////////////////////////////////////////////////////////

__checkReturn HRESULT GetMicArrayGeometry(

                    __in wchar_t szDeviceId[],

                    __out KSAUDIO_MIC_ARRAY_GEOMETRY ** ppGeometry,

                    __out ULONG & cbSize)

{

   REQUIRE_OR_RETURN(szDeviceId    != 0, E_INVALIDARG);

   REQUIRE_OR_RETURN(szDeviceId[0] != 0, E_INVALIDARG);

   REQUIRE_OR_RETURN(ppGeometry    != 0, E_POINTER);

   cbSize = 0;

   CComPtr<IMMDeviceEnumerator> spEnumerator;

   CComPtr<IMMDevice>           spDevice;

   CComQIPtr<IPart>             spPart;

   HRESULT hr = spEnumerator.CoCreateInstance(__uuidof(MMDeviceEnumerator));

   IF_FAILED_RETURN(hr);

   hr = spEnumerator->GetDevice(szDeviceId, &spDevice);

   IF_FAILED_RETURN(hr);

   UINT nPartId = 0;

   hr = GetInputJack(spDevice, spPart);

   IF_FAILED_RETURN(hr);

   hr = spPart->GetLocalId(&nPartId);

   IF_FAILED_RETURN(hr);

   CComPtr<IDeviceTopology>     spTopology;

   CComPtr<IMMDeviceEnumerator> spEnum;

   CComPtr<IMMDevice>           spJackDevice;

   CComPtr<IKsControl>          spKsControl;

   wchar_t *                    pwstrDevice = 0;

   // Get the topology object for the part

   hr = spPart->GetTopologyObject(&spTopology);

   IF_FAILED_RETURN(hr);

   // Get the id of the IMMDevice that this topology object describes.

   hr = spTopology->GetDeviceId(&pwstrDevice);

   IF_FAILED_RETURN(hr);

   // Get an IMMDevice pointer using the ID

   hr = spEnum.CoCreateInstance(__uuidof(MMDeviceEnumerator));

   IF_FAILED_JUMP(hr, Exit);

   hr = spEnum->GetDevice(pwstrDevice, &spJackDevice);

   IF_FAILED_JUMP(hr, Exit);

   // Activate IKsControl on the IMMDevice

   hr = spJackDevice->Activate(__uuidof(IKsControl), CLSCTX_INPROC_SERVER,
                               NULL, reinterpret_cast<void**>(&spKsControl));

   IF_FAILED_JUMP(hr, Exit);

   // At this point we can use IKsControl just as we would use DeviceIoControl

   KSP_PIN ksp;

   ULONG   cbData     = 0;

   ULONG   cbGeometry = 0;

   // Inititialize the pin property

   ::ZeroMemory(&ksp, sizeof(ksp));

   ksp.Property.Set     = KSPROPSETID_Audio;

   ksp.Property.Id      = KSPROPERTY_AUDIO_MIC_ARRAY_GEOMETRY;

   ksp.Property.Flags   = KSPROPERTY_TYPE_GET;

   ksp.PinId            = nPartId & PARTID_MASK;
   // Get data size by passing NULL

   hr = spKsControl->KsProperty(reinterpret_cast<PKSPROPERTY>(&ksp),
                                sizeof(ksp), NULL, 0, &cbGeometry);

   IF_FAILED_JUMP(hr, Exit);

   // Allocate memory for the microphone array geometry

   *ppGeometry = reinterpret_cast<KSAUDIO_MIC_ARRAY_GEOMETRY*>

                                   (::CoTaskMemAlloc(cbGeometry));

   if(*ppGeometry == 0)

   {

      hr = E_OUTOFMEMORY;

   }

   IF_FAILED_JUMP(hr, Exit);

   // Now retriev the mic-array structure...

   DWORD cbOut = 0;

   hr = spKsControl->KsProperty(reinterpret_cast<PKSPROPERTY>(&ksp),
                                sizeof(ksp), *ppGeometry, cbGeometry,

                                &cbOut);

   IF_FAILED_JUMP(hr, Exit);

   cbSize = cbGeometry;

Exit:

   if(pwstrDevice != 0)

   {

      ::CoTaskMemFree(pwstrDevice);

   }

   return hr;

}//GetMicArrayGeometry()

A Sample Unit Test for Discovering Devices and Retrieving Array Geometry

///////////////////////////////////////////////////////////////////////////////

// File:       DeviceDiscoveryTest.cpp

//

// Description: Unit test for discovering devices, and gathering
//             information about them.  If a microphone array is
//             detected, the geometries are retrieved via the
//             IKsControl interface, and printed to stdout.

//

// Copyright (C) Microsoft 2006.  All Rights Reserved.

///////////////////////////////////////////////////////////////////////////////

#ifndef _DEBUG
#define _DEBUG

#include <crtdbg.h>

#endif
#include <ATLComCli.h> 
#include "KernelStreaming.h"

#include "unittest.h"

#include "Audio/KSBinder.h"

using std::auto_ptr;

// Tests we expect to pass....

void TestGetNumCaptureDevices();

void TestGetNumRenderDevices();

void TestEnumCaptureDevices();

void TestEnumRenderDevices();

void TestGetDefaultRenderDevice();

void TestGetMicArrayDescriptor();

// utility functions

void PrintDeviceInformation(const AUDIO_DEVICE_INFO & info);

void PrintMicArrayInformation(KSAUDIO_MIC_ARRAY_GEOMETRY * pDescriptor, ULONG cbSize);

void PrintIndividualMicCoordinates(USHORT nMic,
                                   KSAUDIO_MIC_ARRAY_GEOMETRY * pDescriptor);

///////////////////////////////////////////////////////////////////////////////

// Main()

///////////////////////////////////////////////////////////////////////////////

void _cdecl main()

{

   TestSet testSet("DeviceDiscoveryTest...");

   HRESULT hr = ::CoInitialize(0);

   CheckThrowLong(SUCCEEDED(hr), hr);

   // Tests we expect to pass....

   testSet.AddTest(TestGetNumCaptureDevices,   "TestGetNumCaptureDevices()");

   testSet.AddTest(TestGetNumRenderDevices,    "TestGetNumRenderDevices()");

   testSet.AddTest(TestEnumCaptureDevices,     "TestEnumCaptureDevices()");

   testSet.AddTest(TestEnumRenderDevices,      "TestEnumRenderDevices()");

   testSet.AddTest(TestGetDefaultRenderDevice, "TestGetDefaultRenderDevice()");

   testSet.AddTest(TestGetMicArrayDescriptor,  "TestGetMicArrayDescriptor()");

   testSet.RunTests();

   ::CoUninitialize();

}// Main()
///////////////////////////////////////////////////////////////////////////////

// TestGetNumCaptureDevices()

void TestGetNumCaptureDevices()

{

   size_t nCapture = 0;

   HRESULT hr = GetNumCaptureDevices(nCapture);

   CheckThrowLong(SUCCEEDED(hr), hr);

   ::wprintf(L"Number of capture devices present: %d\n", nCapture);

}

///////////////////////////////////////////////////////////////////////////////

// TestGetNumRenderDevices()

void TestGetNumRenderDevices()

{

   size_t nCapture = 0;

   HRESULT hr = GetNumRenderDevices(nCapture);

   ::wprintf(L"Number of render devices present: %d\n", nCapture);

   CheckThrowLong(SUCCEEDED(hr), hr);

}

///////////////////////////////////////////////////////////////////////////////

// TestEnumCaptureDevices()

void TestEnumCaptureDevices()

{

   size_t nCapture = 0;

   HRESULT hr = GetNumCaptureDevices(nCapture);

   CheckThrowLong(SUCCEEDED(hr), hr);

   auto_ptr<AUDIO_DEVICE_INFO> rgDevices(new AUDIO_DEVICE_INFO[nCapture]);

   CheckThrowLong(rgDevices.get() != 0, E_OUTOFMEMORY);

   size_t nFound = 0;

   hr = EnumAudioCaptureDevices(rgDevices.get(), nCapture, nFound, true);

   CheckThrowLong(SUCCEEDED(hr), hr);

   AUDIO_DEVICE_INFO * pInfo = rgDevices.get();

   for(size_t i = 0; i < nFound; i++)

   {

     ::wprintf(L"\nFound Capture device.");

      PrintDeviceInformation(*pInfo);

      pInfo->pClient->Release();

      pInfo++;

   }

}// TestEnumCaptureDevices()

///////////////////////////////////////////////////////////////////////////////

// TestEnumRenderDevices()

///////////////////////////////////////////////////////////////////////////////

void TestEnumRenderDevices()

{

   size_t nRender = 0;

   HRESULT hr = GetNumRenderDevices(nRender);

   CheckThrowLong(SUCCEEDED(hr), hr);

   auto_ptr<AUDIO_DEVICE_INFO> rgDevices(new AUDIO_DEVICE_INFO[nRender]);

   CheckThrowLong(rgDevices.get() != 0, E_OUTOFMEMORY);

   size_t nFound = 0;

   hr = EnumAudioRenderDevices(rgDevices.get(), nRender, nFound, true);

   CheckThrowLong(SUCCEEDED(hr), hr);

   AUDIO_DEVICE_INFO * pInfo = rgDevices.get();

   for(size_t i = 0; i < nFound; i++)

  {

     ::wprintf(L"\nFound Render device.");

      PrintDeviceInformation(*pInfo);

      pInfo->pClient->Release();

      pInfo++;

   }

}// TestEnumRenderDevices()

///////////////////////////////////////////////////////////////////////////////

// TestGetDefaultRenderDevice()

void TestGetDefaultRenderDevice()

{

   CComPtr<IAudioClient> pClient = 0;

   HRESULT hr = GetDefaultAudioRenderDevice(&pClient);

   CheckThrowLong(SUCCEEDED(hr), hr);

}

///////////////////////////////////////////////////////////////////////////////

// TestGetMicArrayDescriptor()

///////////////////////////////////////////////////////////////////////////////

void TestGetMicArrayDescriptor()

{

   size_t nCapture = 0;

   HRESULT hr = GetNumCaptureDevices(nCapture);

   CheckThrowLong(SUCCEEDED(hr), hr);

   auto_ptr<AUDIO_DEVICE_INFO> rgDevices(new AUDIO_DEVICE_INFO[nCapture]);

   CheckThrowLong(rgDevices.get() != 0, E_OUTOFMEMORY);

   size_t nFound = 0;

   hr = EnumAudioCaptureDevices(rgDevices.get(), nCapture, nFound, false);

   CheckThrowLong(SUCCEEDED(hr), hr);

   AUDIO_DEVICE_INFO * pInfo = rgDevices.get();

   ULONG cbSize = 0;

   for(size_t i = 0; i < nFound; i++)

   {

      if(pInfo->isMicrophoneArray)

      {

         KSAUDIO_MIC_ARRAY_GEOMETRY * pGeometry = 0;

         hr = GetMicArrayGeometry(pInfo->szDeviceId, &pGeometry, cbSize);

         if(SUCCEEDED(hr))

         {

            PrintMicArrayInformation(pGeometry, cbSize);

            ::CoTaskMemFree(reinterpret_cast<LPVOID>(pGeometry));

         }

         // Fail test if we could not get the geometry

         CheckThrowLong(SUCCEEDED(hr), hr);

      }

      pInfo++;

   }

}//TestGetMicArrayDescriptor()

///////////////////////////////////////////////////////////////////////////////

// PrintDeviceInformation()

///////////////////////////////////////////////////////////////////////////////

void PrintDeviceInformation(const AUDIO_DEVICE_INFO & info)

{

   ::wprintf(L"\nFriendlyName:'%s' \n \tDevice id: '%s'\n",
           info.szFriendlyName, info.szDeviceId);

   ::wprintf(L"Is mic-array:  %d\n", info.isMicrophoneArray);

   ::wprintf(L"Device format: \n");

   CheckThrowLong(info.pClient != 0, E_POINTER);

   WAVEFORMATEX * pwfx = 0;

   HRESULT hr = info.pClient->GetMixFormat(&pwfx);

   CheckThrowLong(SUCCEEDED(hr), hr);

   WAVEFORMATEXTENSIBLE* wfex = (WAVEFORMATEXTENSIBLE*) pwfx;

   switch (pwfx->wFormatTag)

   {

   case WAVE_FORMAT_PCM:

      ::wprintf(L"    wFormatTag          = WAVE_FORMAT_PCM\n");

      break;

   case WAVE_FORMAT_IEEE_FLOAT:

      ::wprintf(L"    wFormatTag          = WAVE_FORMAT_IEEE_FLOAT\n");

      break;

   case WAVE_FORMAT_EXTENSIBLE:

      ::wprintf(L"    wFormatTag          = WAVE_FORMAT_EXTENSIBLE\n");

      if (wfex->SubFormat.Data1 == WAVE_FORMAT_PCM)

         ::wprintf(L"    SubFormat           = WAVE_FORMAT_PCM\n");

      if (wfex->SubFormat.Data1 == WAVE_FORMAT_IEEE_FLOAT)

         ::wprintf(L"    SubFormat           = WAVE_FORMAT_IEEE_FLOAT\n");

      break;

   default:

      ::wprintf(L"    wFormatTag          = UNKNOWN!");

   }

   ::wprintf(L"    nChannel            = %d\n", pwfx->nChannels);

   ::wprintf(L"    nSamplesPerSec      = %d\n", pwfx->nSamplesPerSec);

   ::wprintf(L"    wBitsPerSample      = %d\n", pwfx->wBitsPerSample);

   if (pwfx->wFormatTag == WAVE_FORMAT_EXTENSIBLE)

   {

      ::wprintf(L"    WAVE_FORMAT_EXTENSIBLE params:\n");

      ::wprintf(L"    wValidBitsPerSample = %d\n", wfex->Samples.wValidBitsPerSample);

      ::wprintf(L"    dwChannelMask       = %hd\n", wfex->dwChannelMask);

   }

   ::CoTaskMemFree(pwfx);

}// PrintDeviceFormat()

///////////////////////////////////////////////////////////////////////////////

// PrintMicArrayType()

void PrintMicArrayType(KSMICARRAY_MICARRAYTYPE arrayType)

{

   switch(arrayType)

   {

   case KSMICARRAY_MICARRAYTYPE_LINEAR:

      ::wprintf(L"usMicArrayType: %s\n", L"KSMICARRAY_MICARRAYTYPE_LINEAR");

      break;

   case KSMICARRAY_MICARRAYTYPE_PLANAR:

      ::wprintf(L"usMicArrayType: %s\n", L"KSMICARRAY_MICARRAYTYPE_PLANAR");

      break;

   case KSMICARRAY_MICARRAYTYPE_3D:

      ::wprintf(L"usMicArrayType: %s\n", L"KSMICARRAY_MICARRAYTYPE_3D");

      break;

   default:

      ::wprintf(L"usMicArrayType: %s\n", L"UNKNOWN");

      break;

   }

}// PrintMicArrayType()

///////////////////////////////////////////////////////////////////////////////

// PrintMicArrayInformation()

void PrintMicArrayInformation(KSAUDIO_MIC_ARRAY_GEOMETRY * pDesc, ULONG cbSize)

{

   RequireThrowLong(pDesc!= 0, E_POINTER);

   // Print the array description

   ::wprintf(L"\n----------------------------------------------------\n");

   ::wprintf(L"Microphone array description:\n");

   ::wprintf(L"----------------------------------------------------\n");

   ::wprintf(L"Size of descriptor:  %d\n",   cbSize);

   ::wprintf(L"usVersion: %d\n",             pDesc->usVersion);

   PrintMicArrayType(static_cast<KSMICARRAY_MICARRAYTYPE>(pDesc->usMicArrayType));

   ::wprintf(L"wVerticalAngleBegin: %d\n",   pDesc->wVerticalAngleBegin);

   ::wprintf(L"wVerticalAngleEnd: %d\n",     pDesc->wVerticalAngleEnd);

   ::wprintf(L"wHorizontalAngleBegin: %d\n", pDesc->wHorizontalAngleBegin);

   ::wprintf(L"wHorizontalAngleEnd: %d\n",   pDesc->wHorizontalAngleEnd);

   ::wprintf(L"usFrequencyBandLo: %d\n",     pDesc->usFrequencyBandLo);

   ::wprintf(L"usFrequencyBandHi: %d\n",     pDesc->usFrequencyBandHi);

   ::wprintf(L"usNumberOfMicrophones: %d\n", pDesc->usNumberOfMicrophones);

   ::wprintf(L"----------------------------------------------------\n");

   ::wprintf(L"Individual microphone information:\n");

   // Now print the individual microphone parameters.

   for(USHORT nMic = 0; nMic < pDesc->usNumberOfMicrophones; nMic++)

   {

      PrintIndividualMicCoordinates(nMic, pDesc);

   }

} //PrintMicArrayInformation()

///////////////////////////////////////////////////////////////////////////////

// PrintMicrophoneType()

///////////////////////////////////////////////////////////////////////////////

void PrintMicrophoneType(KSMICARRAY_MICTYPE micType)

{

   switch(micType)

   {

   case KSMICARRAY_MICTYPE_OMNIDIRECTIONAL:

      ::wprintf(L"usMicrophoneType: %s\n", L"KSMICARRAY_MICTYPE_OMNIDIRECTIONAL");

      break;

   case KSMICARRAY_MICTYPE_SUBCARDIOID:

      ::wprintf(L"usMicrophoneType: %s\n", L"KSMICARRAY_MICTYPE_SUBCARDIOID");

      break;

   case KSMICARRAY_MICTYPE_CARDIOID:

      ::wprintf(L"usMicrophoneType: %s\n", L"KSMICARRAY_MICTYPE_CARDIOID");

      break;

   case KSMICARRAY_MICTYPE_SUPERCARDIOID:

      ::wprintf(L"usMicrophoneType: %s\n", L"KSMICARRAY_MICTYPE_SUPERCARDIOID");

      break;

   case KSMICARRAY_MICTYPE_HYPERCARDIOID:

      ::wprintf(L"usMicrophoneType: %s\n", L"KSMICARRAY_MICTYPE_HYPERCARDIOID");

      break;

   case KSMICARRAY_MICTYPE_8SHAPED:

      ::wprintf(L"usMicrophoneType: %s\n", L"KSMICARRAY_MICTYPE_8SHAPED");

      break;

   case KSMICARRAY_MICTYPE_VENDORDEFINED:

      ::wprintf(L"usMicrophoneType: %s\n", L"KSMICARRAY_MICTYPE_VENDORDEFINED");

      break;

   default:

      ::wprintf(L"usMicrophoneType: %s\n", L"UNKNOWN");

      break;

   }

}// PrintMicrophoneType()

///////////////////////////////////////////////////////////////////////////////

// PrintIndividualMicCoordinates()

///////////////////////////////////////////////////////////////////////////////

void PrintIndividualMicCoordinates(USHORT nMic,
                                   KSAUDIO_MIC_ARRAY_GEOMETRY * pDesc)

{

   ::wprintf(L"\n----------------------------------------------------\n");

   ::wprintf(L"Mic number: %d\n", nMic);

   PrintMicrophoneType(static_cast<KSMICARRAY_MICTYPE>(pDesc->KsMicCoord[nMic].usType));

   ::wprintf(L"wXCoord: %d\n",            pDesc->KsMicCoord[nMic].wXCoord);

   ::wprintf(L"wYCoord: %d\n",            pDesc->KsMicCoord[nMic].wYCoord);

   ::wprintf(L"wZCoord: %d\n",            pDesc->KsMicCoord[nMic].wZCoord);

   ::wprintf(L"wVerticalAngle: %d\n",     pDesc->KsMicCoord[nMic].wVerticalAngle);

   ::wprintf(L"wHorizontalAngle: %d\n",   pDesc->KsMicCoord[nMic].wHorizontalAngle);

}// PrintIndividualMicCoordinates()

Output from Unit Tests

This section contains sample output that is generated by running the preceding unit test on a computer with an attached 4-element microphone array.
------ Running unit test for DeviceDiscoveryTest... ------

TestGetNumCaptureDevices()...Number of capture devices present: 3

PASSED

TestGetNumRenderDevices()...Number of render devices present: 1

PASSED

TestEnumCaptureDevices()...

Found capture device.

 
FriendlyName:'Line In (Intel(r) Integrated Audio Topology)'
 
Device id: '{0.0.1.00000000}.{0e72ee8d-f6c6-4e1b-8cc6-fd913291dba5}'

Is microphone array:  0

Device format:
    wFormatTag          = WAVE_FORMAT_EXTENSIBLE

    SubFormat           = WAVE_FORMAT_IEEE_FLOAT

    nChannel            = 2

    nSamplesPerSec      = 48000

    wBitsPerSample      = 32

    WAVE_FORMAT_EXTENSIBLE params:

    wValidBitsPerSample = 32

    dwChannelMask       = 3

Found capture device.

 
FriendlyName:'Microphone Array (USB Audio Device)'
 
Device id: '{0.0.1.00000000}.{4950e26d-99a0-4f3a-b6b3-861a9cfa9838}'

Is microphone array:  1

Device format:
    wFormatTag          = WAVE_FORMAT_EXTENSIBLE

    SubFormat           = WAVE_FORMAT_IEEE_FLOAT

    nChannel            = 4

    nSamplesPerSec      = 16000

    wBitsPerSample      = 32

    WAVE_FORMAT_EXTENSIBLE params:

    wValidBitsPerSample = 32

    dwChannelMask       = 0

Found capture device.

 
FriendlyName:'Microphone (Intel(r) Integrated Audio Topology)'
 
Device id: '{0.0.1.00000000}.{92a3cb3b-8ef8-4ebc-b90a-89d2eb0c0d91}'

Is microphone array:  0

Device format:
    wFormatTag          = WAVE_FORMAT_EXTENSIBLE

    SubFormat           = WAVE_FORMAT_IEEE_FLOAT

    nChannel            = 2

    nSamplesPerSec      = 48000

    wBitsPerSample      = 32

    WAVE_FORMAT_EXTENSIBLE params:

    wValidBitsPerSample = 32

    dwChannelMask       = 3

PASSED

TestEnumRenderDevices()...

Found capture device.

 
FriendlyName:'Master Volume (Intel(r) Integrated Audio Topology)'
 
Device id: '{0.0.0.00000000}.{c9af7c51-5669-4a90-9721-7c0ddda6c7ce}'

Is microphone array:  0

Device format:
    wFormatTag          = WAVE_FORMAT_EXTENSIBLE

    SubFormat           = WAVE_FORMAT_IEEE_FLOAT

    nChannel            = 2

    nSamplesPerSec      = 48000

    wBitsPerSample      = 32

    WAVE_FORMAT_EXTENSIBLE params:

    wValidBitsPerSample = 32

    dwChannelMask       = 3

PASSED

TestGetDefaultRenderDevice()...PASSED

TestGetMicArrayDescriptor()...

----------------------------------------------------

Microphone array description:

----------------------------------------------------

usVersion: 256

usMicArrayType: KSMICARRAY_MICARRAYTYPE_LINEAR

wVerticalAngleBegin: -8730

wVerticalAngleEnd: 8730

wHorizontalAngleBegin: 0

wHorizontalAngleEnd: 0

usFrequencyBandLo: 80

usFrequencyBandHi: 7500

usNumberOfMicrophones: 4

----------------------------------------------------

Individual microphone information:

----------------------------------------------------

Mic number: 0

usMicrophoneType: KSMICARRAY_MICTYPE_CARDIOID

wXCoord: 0

wYCoord: -95

wZCoord: 0

wVerticalAngle: 0

wHorizontalAngle: 0

----------------------------------------------------

Mic number: 1

usMicrophoneType: KSMICARRAY_MICTYPE_CARDIOID

wXCoord: 0

wYCoord: -27

wZCoord: 0

wVerticalAngle: 0

wHorizontalAngle: 0

----------------------------------------------------

Mic number: 2

usMicrophoneType: KSMICARRAY_MICTYPE_CARDIOID

wXCoord: 0

wYCoord: 27

wZCoord: 0

wVerticalAngle: 0

wHorizontalAngle: 0

----------------------------------------------------

Mic number: 3

usMicrophoneType: KSMICARRAY_MICTYPE_CARDIOID

wXCoord: 0

wYCoord: 95

wZCoord: 108

wVerticalAngle: 111

wHorizontalAngle: 103

PASSED

Passed 6 out of 6 tests (100 percent)

---------------------- Done ----------------------

Appendix D: Microphone Array Data Declarations

The following declarations have been added to KsMedia.h to support microphone arrays.
KS Properties

KSPROPERTY_AUDIO_MIC_ARRAY_GEOMETRY has been added to the KSPROPERTY_AUDIO enumeration to identify the microphone array geometry property.
· The property set is attached to the filter. However, it is a pin property on a bridge pin, like the pin name.
· The property only supports KSPROPERTY_TYPE_GET requests. If request's buffer size is set to 0 — or any buffer size that is too small — the request returns the correct buffer size. The caller can then use that value to set the buffer size correctly. If the buffer size is set correctly, the request returns a KSAUDIO_MIC_ARRAY_GEOMETRY structure containing the details of the array geometry.
Enumerations

The following enumerations are used with microphone arrays.

KSMICARRAY_MICTYPE

Used to specify a microphone type.

typedef enum {

KSMICARRAY_MICTYPE_OMNIDIRECTIONAL,

KSMICARRAY_MICTYPE_SUBCARDIOID,

KSMICARRAY_MICTYPE_CARDIOID,

KSMICARRAY_MICTYPE_SUPERCARDIOID,

KSMICARRAY_MICTYPE_HYPERCARDIOID,

KSMICARRAY_MICTYPE_8SHAPED,

KSMICARRAY_MICTYPE_VENDORDEFINED = 0x0F

} KSMICARRAY_MICTYPE;

Members

KSMICARRAY_MICTYPE_OMNIDIRECTIONAL

An omnidirectional microphone.

KSMICARRAY_MICTYPE_SUBCARDIOID

A subcardioid microphone.

KSMICARRAY_MICTYPE_CARDIOID

A cardioid microphone.

KSMICARRAY_MICTYPE_SUPERCARDIOID

A supercardioid microphone.

KSMICARRAY_MICTYPE_HYPERCARDIOID

A hypercardioid microphone.

KSMICARRAY_MICTYPE_8SHAPED

An eight-shaped microphone.

KSMICARRAY_MICTYPE_VENDORDEFINED

A vendor-defined microphone type. The upper bits of the value can be used to further define the type of microphone.

KSMICARRAY_MICARRAYTYPE

Used to specify a microphone array type.

typedef enum {

KSMICARRAY_MICARRAYTYPE_LINEAR,

KSMICARRAY_MICARRAYTYPE_PLANAR,

KSMICARRAY_MICARRAYTYPE_3D

} KSMICARRAY_MICARRAYTYPE;

Members

KSMICARRAY_MICARRAYTYPE_LINEAR

A linear array.

KSMICARRAY_MICARRAYTYPE_PLANAR

A planar array.

KSMICARRAY_MICARRAYTYPE_3D

A three-dimensional array.

Structures

The following structures are used with microphone arrays.

KSAUDIO_MIC_ARRAY_GEOMETRY

Contains the microphone array geometry.

typedef struct {

USHORT usVersion; // Specification version (0x0100)

USHORT usMicArrayType; // Microphone array type

SHORT wVerticalAngleBegin; // Work volume vertical angle start

SHORT wVerticalAngleEnd; // Work volume vertical angle end

SHORT wHorizontalAngleBegin; // Work volume horizontal angle start

SHORT wHorizontalAngleEnd; // Work volume horizontal angle end

USHORT usFrequencyBandLo; // Low end of frequency range

USHORT usFrequencyBandHi; // High end of frequency range

USHORT usNumberOfMicrophones; // Count of microphones
// Array of Microphone Coordinate structures

KSAUDIO_MICROPHONE_COORDINATES KsMicCoord[1];
} KSAUDIO_MIC_ARRAY_GEOMETRY, *PKSAUDIO_MIC_ARRAY_GEOMETRY;

Members

usVersion

A BCD value that contains the structure's version number. The current version, 1.0, is represented as 0x0100.

usMicArrayType

A value from the KSMICARRAY_MICARRAYTYPE enumeration that specifies the type of array.
wVerticalAngleBegin

The vertical angle of the start of the working volume.

wVerticalAngleEnd

The vertical angle of the end of the working volume.

wHorizontalAngleBegin

The horizontal angle of the start of the working volume.

wHorizontalAngleEnd

The horizontal angle of the end of the working volume.

usFrequencyBandLo

The low end of the frequency range.

usFrequencyBandHi

The high end of the frequency range.

usNumberOfMicrophones

The number of microphones in the array.

KsMicCoord

An array of KSAUDIO_MICROPHONE_COORDINATES structures that contain the locations of the microphones.

Remarks

All angle values are in units of 1/10000 radian. For example, 3.1416 radians is expressed as 31416. Acceptable values range from -31416 to 31416.

All frequency values are in Hz. The valid range is limited only by the size of the field. However, it is assumed that reasonable values will be used.
KSAUDIO_MICROPHONE_COORDINATES

Contains an individual microphone’s x-y coordinates and related information.

typedef struct {

USHORT usType; // Type of Microphone

SHORT wXCoord; // X Coordinate of Microphone
SHORT wYCoord; // Y Coordinate of Microphone
SHORT wZCoord; // Z Coordinate of Microphone
SHORT wVerticalAngle; // Array Vertical Angle

SHORT wHorizontalAngle; // Array Horizontal Angle

} KSAUDIO_MICROPHONE_COORDINATES, *PKSAUDIO_MICROPHONE_COORDINATES;

Members

usType
A value from the KSMICARRAY_MICTYPE enumeration that indicates the microphone type.

wXCoord

The microphone's x coordinate.

wYCoord

The microphone's y coordinate.

wZCoord

The microphone's z coordinate.

wVerticalAngle

The microphone's vertical angle.

wHorizontalAngle

The microphone's horizontal angle.

Remarks

All angle values are in units of 1/10000 radian. For example, 3.1416 radians is expressed as 31416. Acceptable values range from -31416 to 31416.

All coordinate values are expressed in millimeters. Acceptable values range from 0 to 65535.
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