FMOD FX functions. 

    Functions to control DX8 only effects processing.

Notes
· FX enabled samples can only be played once at a time, not multiple times at once.

· Sounds have to be created with FSOUND_HW2D or FSOUND_HW3D for this to work.

· FSOUND_INIT_ENABLESYSTEMCHANNELFX can be used to apply hardware effect processing to the global mixed output of FMOD's software channels.

· FSOUND_FX_Enable returns an FX handle that you can use to alter fx parameters.

· FSOUND_FX_Enable can be called multiple times in a row, even on the same FX type, it will return a unique handle for each FX.

· FSOUND_FX_Enable cannot be called if the sound is playing or locked.

· FSOUND_FX_Disable must be called to reset/clear the FX from a channel.

Functions
· FSOUND_FX_Enable (int channel, unsigned int fxtype);   

· FSOUND_FX_Disable (int channel);            

· FSOUND_FX_SetChorus (int fxid, float WetDryMix, float Depth, float Feedback, float Frequency, int Waveform, float Delay, int Phase);

· FSOUND_FX_SetCompressor (int fxid, float Gain, float Attack, float Release, float Threshold, float Ratio, float Predelay);

· FSOUND_FX_SetDistortion (int fxid, float Gain, float Edge, float PostEQCenterFrequency, float PostEQBandwidth, float PreLowpassCutoff);

· FSOUND_FX_SetEcho (int fxid, float WetDryMix, float Feedback, float LeftDelay, float RightDelay, int PanDelay);

· FSOUND_FX_SetFlanger (int fxid, float WetDryMix, float Depth, float Feedback, float Frequency, int Waveform, float Delay, int Phase);

· FSOUND_FX_SetGargle (int fxid, int RateHz, int WaveShape);

· FSOUND_FX_SetI3DL2Reverb (int fxid, int Room, int RoomHF, float RoomRolloffFactor, float DecayTime, float DecayHFRatio, int Reflections, float ReflectionsDelay, int Reverb, float ReverbDelay, float Diffusion, float Density, float HFReference);

· FSOUND_FX_SetParamEQ (int fxid, float Center, float Bandwidth, float Gain);

· FSOUND_FX_SetWavesReverb (int fxid, float InGain, float ReverbMix, float ReverbTime, float HighFreqRTRatio);  

Chorus

Chorus is a voice-doubling effect created by echoing the original sound with a slight delay and slightly modulating the delay of the echo.

DSFXChorus

The DSFXChorus structure contains parameters for a chorus effect.

Syntax
typedef struct _DSFXChorus {

  FLOAT   fWetDryMix;

  FLOAT   fDepth;

  FLOAT   fFeedback;

  FLOAT   fFrequency;

  LONG    lWaveform;

  FLOAT   fDelay;

  LONG    lPhase;

} DSFXChorus, *LPDSFXChorus;

typedef const DSFXChorus *LPCDSFXChorus;
Members
fWetDryMix : Ratio of wet (processed) signal to dry (unprocessed) signal. Must be in the range from DSFXCHORUS_WETDRYMIX_MIN through DSFXCHORUS_WETDRYMIX_MAX (all wet). The default value is 50.

fDepth : Percentage by which the delay time is modulated by the low-frequency oscillator, in hundredths of a percentage point. Must be in the range from DSFXCHORUS_DEPTH_MIN through DSFXCHORUS_DEPTH_MAX. The default value is 10.

fFeedback : Percentage of output signal to feed back into the effect's input, in the range from DSFXCHORUS_FEEDBACK_MIN to DSFXCHORUS_FEEDBACK_MAX. The default value is 25.

fFrequency : Frequency of the LFO, in the range from DSFXCHORUS_FREQUENCY_MIN to DSFXCHORUS_FREQUENCY_MAX. The default value is 1.1.

lWaveform : Waveform shape of the LFO. Defined values are DSFXCHORUS_WAVE_TRIANGLE and DSFXCHORUS_WAVE_SIN. By default, the waveform is a sine. 

fDelay : Number of milliseconds the input is delayed before it is played back, in the range from DSFXCHORUS_DELAY_MIN to DSFXCHORUS_DELAY_MAX. The default value is 16 ms.

lPhase : Phase differential between left and right LFOs, in the range from DSFXCHORUS_PHASE_MIN through DSFXCHORUS_PHASE_MAX. Possible values are defined as follows.

	Value

	DSFXCHORUS_PHASE_NEG_180

	DSFXCHORUS_PHASE_NEG_90

	DSFXCHORUS_PHASE_ZERO

	DSFXCHORUS_PHASE_90

	DSFXCHORUS_PHASE_180


The default value is DSFXCHORUS_PHASE_90.

Compression

Compression is a reduction in the fluctuation of a signal above a certain amplitude.

DSFXCompressor

The DSFXCompressor structure contains parameters for a compression effect.

Syntax
typedef struct _DSFXCompressor {

  FLOAT  fGain;

  FLOAT  fAttack;

  FLOAT  fRelease;

  FLOAT  fThreshold;

  FLOAT  fRatio;

  FLOAT  fPredelay;

} DSFXCompressor, *LPDSFXCompressor;

typedef const DSFXCompressor *LPCDSFXCompressor;
Members
fGain: Output gain of signal after compression, in the range from DSFXCOMPRESSOR_GAIN_MIN to DSFXCOMPRESSOR_GAIN_MAX. The default value is 0 dB.

fAttack: Time before compression reaches its full value, in the range from DSFXCOMPRESSOR_ATTACK_MIN to DSFXCOMPRESSOR_ATTACK_MAX. The default value is 10 ms.

fRelease: Speed at which compression is stopped after input drops below fThreshold, in the range from DSFXCOMPRESSOR_RELEASE_MIN to DSFXCOMPRESSOR_RELEASE_MAX. The default value is 200 ms.

fThreshold: Point at which compression begins, in decibels, in the range from DSFXCOMPRESSOR_THRESHOLD_MIN to DSFXCOMPRESSOR_THRESHOLD_MAX. The default value is -20 dB.

fRatio: Compression ratio, in the range from DSFXCOMPRESSOR_RATIO_MIN to DSFXCOMPRESSOR_RATIO_MAX. The default value is 3, which means 3:1 compression.

fPredelay: Time after lThreshold is reached before attack phase is started, in milliseconds, in the range from DSFXCOMPRESSOR_PREDELAY_MIN to DSFXCOMPRESSOR_PREDELAY_MAX. The default value is 4 ms.
Distortion

Distortion is achieved by adding harmonics to the signal in such a way that, as the level increases, the top of the waveform becomes squared off or clipped.

DSFXDistortion

The DSFXDistortion structure contains parameters for a distortion effect.

Syntax
typedef struct _DSFXDistortion {

  FLOAT  fGain;

  FLOAT  fEdge;

  FLOAT  fPostEQCenterFrequency;

  FLOAT  fPostEQBandwidth;

  FLOAT  fPreLowpassCutoff;

} DSFXDistortion, *LPDSFXDistortion;

typedef const DSFXDistortion *LPCDSFXDistortion;
Members
fGain : Amount of signal change after distortion, in the range from DSFXDISTORTION_GAIN_MIN through DSFXDISTORTION_GAIN_MAX. The default value is -18 dB.

fEdge : Percentage of distortion intensity, in the range  in the range from DSFXDISTORTION_EDGE_MIN through DSFXDISTORTION_EDGE_MAX. The default value is 15 percent.

fPostEQCenterFrequency : Center frequency of harmonic content addition, in the range from DSFXDISTORTION_POSTEQCENTERFREQUENCY_MIN through DSFXDISTORTION_POSTEQCENTERFREQUENCY_MAX. The default value is 2400 Hz.

fPostEQBandwidth : Width of frequency band that determines range of harmonic content addition, in the range from DSFXDISTORTION_POSTEQBANDWIDTH_MIN through DSFXDISTORTION_POSTEQBANDWIDTH_MAX. The default value is 2400 Hz.

fPreLowpassCutoff : Filter cutoff for high-frequency harmonics attenuation, in the range from DSFXDISTORTION_PRELOWPASSCUTOFF_MIN through DSFXDISTORTION_PRELOWPASSCUTOFF_MAX. The default value is 8000 Hz.

Remarks
The values in fPostEQBandwidth, fPostEQCenterFrequency, and fPreLowpassCutoff cannot exceed one-third of the frequency of the buffer. If an attempt is made to set a value greater than this, but within the range of accepted values, the parameter is set to the nearest supported value and S_FALSE is returned by IDirectSoundFXDistortion8::SetAllParameters.

Echo

An echo effect causes an entire sound to be repeated after a fixed delay.

DSFXEcho

The DSFXEcho structure contains parameters for an echo effect.

Syntax
typedef struct _DSFXEcho {

  FLOAT  fWetDryMix;

  FLOAT  fFeedback;

  FLOAT  fLeftDelay;

  FLOAT  fRightDelay;

  LONG   lPanDelay;

} DSFXEcho, *LPDSFXEcho;

typedef const DSFXEcho *LPCDSFXEcho;
Members
fWetDryMix : Ratio of wet (processed) signal to dry (unprocessed) signal. Must be in the range from DSFXECHO_WETDRYMIX_MIN through DSFXECHO_WETDRYMIX_MAX (all wet). The default value is 50. 

fFeedback : Percentage of output fed back into input, in the range from DSFXECHO_FEEDBACK_MIN through DSFXECHO_FEEDBACK_MAX. The default value is 50.

fLeftDelay : Delay for left channel, in milliseconds, in the range from DSFXECHO_LEFTDELAY_MIN through DSFXECHO_LEFTDELAY_MAX. The default value is 500 ms.

fRightDelay : Delay for right channel, in milliseconds, in the range from DSFXECHO_RIGHTDELAY_MIN through DSFXECHO_RIGHTDELAY_MAX. The default value is 500 ms.

lPanDelay : Value that specifies whether to swap left and right delays with each successive echo. The default value is zero, meaning no swap. Possible values are defined as DSFXECHO_PANDELAY_MIN (equivalent to FALSE) and DSFXECHO_PANDELAY_MAX (equivalent to TRUE).

Flange 

Flange is an echo effect in which the delay between the original signal and its echo is very short and varies over time. The result is sometimes referred to as a sweeping sound. The term flange originated with the practice of grabbing the flanges of a tape reel to change the speed.

DSFXFlanger

The DSFXFlanger structure contains parameters for a flange effect.

Syntax
typedef struct _DSFXFlanger {

  FLOAT  fWetDryMix;

  FLOAT  fDepth;

  FLOAT  fFeedback;

  FLOAT  fFrequency;

  LONG   lWaveform;

  FLOAT  fDelay;

  LONG   lPhase;

} DSFXFlanger, *LPDSFXFlanger;

typedef const DSFXFlanger *LPCDSFXFlanger;
Members
fWetDryMix : Ratio of wet (processed) signal to dry (unprocessed) signal. Must be in the range from DSFXFLANGER_WETDRYMIX_MIN through DSFXFLANGER_WETDRYMIX_MAX (all wet). The default value is 50.

fDepth : Percentage by which the delay time is modulated by the low-frequency oscillator (LFO), in hundredths of a percentage point. Must be in the range from DSFXFLANGER_DEPTH_MIN through DSFXFLANGER_DEPTH_MAX. The default value is 100.

fFeedback : Percentage of output signal to feed back into the effect's input, in the range from DSFXFLANGER_FEEDBACK_MIN to DSFXFLANGER_FEEDBACK_MAX. The default value is -50.

fFrequency : Frequency of the LFO, in the range from DSFXFLANGER_FREQUENCY_MIN to DSFXFLANGER_FREQUENCY_MAX. The default value is 0.25.

lWaveform : Waveform shape of the LFO. By default, the waveform is a sine. Possible values are defined in the following table.

	Value
	Description

	DSFXFLANGER_WAVE_TRIANGLE
	Triangle.

	DSFXFLANGER_WAVE_SIN
	Sine.


fDelay : Number of milliseconds the input is delayed before it is played back, in the range from DSFXFLANGER_DELAY_MIN to DSFXFLANGER_DELAY_MAX. The default value is 2 ms.

lPhase : Phase differential between left and right LFOs, in the range from DSFXFLANGER_PHASE_MIN through DSFXFLANGER_PHASE_MAX. Possible values are defined in the following table.

	Value

	DSFXFLANGER_PHASE_NEG_180

	DSFXFLANGER_PHASE_NEG_90

	DSFXFLANGER_PHASE_ZERO

	DSFXFLANGER_PHASE_90

	DSFXFLANGER_PHASE_180


The default value is DSFXFLANGER_PHASE_ZERO.

Gargle (sweep effect)

The gargle effect modulates the amplitude of the signal.

DSFXGargle

The DSFXGargle structure contains parameters for an amplitude modulation effect.

Syntax
typedef struct _DSFXGargle {

  DWORD  dwRateHz;

  DWORD  dwWaveShape;

} DSFXGargle, *LPDSFXGargle;

typedef const DSFXGargle *LPCDSFXGargle;
Members
dwRateHz : Rate of modulation, in Hertz. Must be in the range from DSFXGARGLE_RATEHZ_MIN through DSFXGARGLE_RATEHZ_MAX. The default value is 20.

dwWaveShape : Shape of the modulation waveform. The following values are defined.

	Value
	Description

	DSFXGARGLE_WAVE_TRIANGLE
	Triangular waveform.

	DSFXGARGLE_WAVE_SQUARE
	Square waveform.


The default value is DSFXGARGLE_WAVE_TRIANGLE.
Parametric Equalizer

A parametric equalizer amplifies or attenuates signals of a given frequency. 

Parametric equalizer effects for different pitches can be applied in parallel by setting multiple instances of the GUID_DSFX_STANDARD_PARAMEQ effect on the same buffer. In this way, the application can have tone control similar to that provided by a hardware equalizer.

DSFXParamEq

The DSFXParamEq structure contains parameters for a parametric equalizer effect.

Syntax
typedef struct _DSFXParamEq {

  FLOAT  fCenter;

  FLOAT  fBandwidth;

  FLOAT  fGain;

} DSFXParamEq, *LPDSFXParamEq;
Members
fCenter : Center frequency, in hertz, in the range from DSFXPARAMEQ_CENTER_MIN to DSFXPARAMEQ_CENTER_MAX. The default value is 8000.

fBandwidth : Bandwidth, in semitones, in the range from DSFXPARAMEQ_BANDWIDTH_MIN to DSFXPARAMEQ_BANDWIDTH_MAX. The default value is 12.

fGain : Gain, in the range from DSFXPARAMEQ_GAIN_MIN to DSFXPARAMEQ_GAIN_MAX. The default value is 0.
Remarks
The value in fCenter cannot exceed one-third of the sampling frequency of the buffer. If an attempt is made to set a value greater than this, but within the range of accepted values, the parameter is set to the nearest supported value and S_FALSE is returned by IDirectSoundFXParamEq8::SetAllParameters.

Waves Reverberation

The Waves reverberation effect is intended for use with music. The Waves reverberation DMO is based on the Waves MaxxVerb technology, which is licenced to Microsoft.

DSFXWavesReverb

The DSFXWavesReverb structure contains parameters for a Waves reverberation effect.

Syntax
typedef struct _DSFXWavesReverb {

  FLOAT  fInGain; 

  FLOAT  fReverbMix;

  FLOAT  fReverbTime;

  FLOAT  fHighFreqRTRatio;

} DSFXWavesReverb, *LPDSFXWavesReverb;

typedef const DSFXWavesReverb *LPCDSFXWavesReverb;
Members
FInGain : Input gain of signal, in decibels (dB), in the range from DSFX_WAVESREVERB_INGAIN_MIN through DSFX_WAVESREVERB_INGAIN_MAX. The default value is DSFX_WAVESREVERB_INGAIN_DEFAULT, or 0 dB.

fReverbMix : Reverb mix, in dB, in the range from DSFX_WAVESREVERB_REVERBMIX_MIN through DSFX_WAVESREVERB_REVERBMIX_MAX. The default value is DSFX_WAVESREVERB_REVERBMIX_DEFAULT, or 0 dB.

fReverbTime : Reverb time, in milliseconds, in the range from DSFX_WAVESREVERB_REVERBTIME_MIN through DSFX_WAVESREVERB_REVERBTIME_MAX. The default value is DSFX_WAVESREVERB_REVERBTIME_DEFAULT, or 1000.

fHighFreqRTRatio : High-frequency reverb time ratio, in the range from DSFX_WAVESREVERB_HIGHFREQRTRATIO_MIN through DSFX_WAVESREVERB_HIGHFREQRTRATIO_MAX. The default value is DSFX_WAVESREVERB_HIGHFREQRTRATIO_DEFAULT, or 0.001.

I3DL2 Reverb (Environmental Reverberation)

DirectX provides partial support for environmental reverberation in accordance with the Interactive 3-D Audio Level 2 (I3DL2) specification, published by the Interactive Audio Special Interest Group. The DirectX environmental reverb effect is an implementation of the listener properties in the I3DL2 specification. Source properties are not supported.

Sounds reaching the listener have three temporal components: 

· The direct path is the audio signal that goes straight from the sound source to the listener, without bouncing off any surface. 

· Early reflections are the audio signals that reach the listener after one or two reflections off surfaces such as the walls, floor, and ceiling. If a signal is the result of the sound hitting only one wall on its way to the listener, it is called a first-order reflection. If it bounces off two walls before reaching the listener, it is called a second-order reflection. Humans can typically perceive individual reflections only of the first or second order. 

· Late reverberation, or simply reverb, consists of the combined lower-order reflections, usually a dense succession of echoes of diminishing intensity. 

The combination of early reflections and late reverberation is sometimes called the room effect.

Note   In the DirectSound implementation, only the signal sent to the room effect is heard. To hear the direct path, play the sound simultaneously in another buffer that does not have the environmental reverb effect.

Reverberation properties include the following: 

· Attenuation of the early reflections and late reverberation. 

· Rolloff factor, or the rate at which reflected signals become attenuated with distance. The rolloff factor for the direct path is managed by the DirectSound listener. 

· Reflections delay. This is the interval between the arrival of the direct-path signals and the arrival of the first early reflections. 

· Reverb delay. This is the interval between the first of the early reflections and the onset of late reverberation. 

· Decay time. This is the interval between the onset of late reverberation and the time when its intensity has been reduced by 60 dB. 

· Diffusion, which is proportional to the number of echos per second in the late reverberation. Depending on the implementation, the density of echos can change as the reverberation decays. In DirectX, the application can control this property by setting a percentage of the range allowed by the implementation. 

· Density, which is is proportional to the number of resonances per hertz in the late reverberation. Lower densities produce hollower sounds like those found in small rooms. In DirectX, the application can control this property by setting a percentage of the range allowed by the implementation. 

DSFXI3DL2Reverb

The DSFXI3DL2Reverb structure contains parameters for an I3DL2 (Interactive 3D Audio Level 2) reverberation effect.

Syntax
typedef struct _DSFXI3DL2Reverb {

  LONG  lRoom;

  LONG  lRoomHF; 

  FLOAT flRoomRolloffFactor;

  FLOAT flDecayTime;

  FLOAT flDecayHFRatio;

  LONG  lReflections;

  FLOAT flReflectionsDelay;

  LONG  lReverb;

  FLOAT flReverbDelay; 

  FLOAT flDiffusion;

  FLOAT flDensity;

  FLOAT flHFReference;

} DSFXI3DL2Reverb, *LPDSFXI3DL2Reverb;

typedef const DSFXI3DL2Reverb *LPCDSFXI3DL2Reverb;
Members
lRoom: Attenuation of the room effect, in millibels (mB), in the range from DSFX_I3DL2REVERB_ROOM_MIN to DSFX_I3DL2REVERB_ROOM_MAX. The default value is DSFX_I3DL2REVERB_ROOM_DEFAULT, or -1000 mB.

lRoomHF: Attenuation of the room high-frequency effect, in mB, in the range from DSFX_I3DL2REVERB_ROOMHF_MIN to DSFX_I3DL2REVERB_ROOMHF_MAX. The default value is DSFX_I3DL2REVERB_ROOMHF_DEFAULT, or -100 mB.

flRoomRolloffFactor: Rolloff factor for the reflected signals, in the range from DSFX_I3DL2REVERB_ROOMROLLOFFFACTOR_MIN to DSFX_I3DL2REVERB_ROOMROLLOFFFACTOR_MAX. The default value is DSFX_I3DL2REVERB_ROOMROLLOFFFACTOR_DEFAULT, or 0.0. The rolloff factor for the direct path is controlled by the DirectSound listener.

flDecayTime: Decay time, in seconds, in the range from DSFX_I3DL2REVERB_DECAYTIME_MIN to DSFX_I3DL2REVERB_DECAYTIME_MAX. The default value is DSFX_I3DL2REVERB_DECAYTIME_DEFAULT, or 1.49 second.

flDecayHFRatio: Ratio of the decay time at high frequencies to the decay time at low frequencies, in the range from DSFX_I3DL2REVERB_DECAYHFRATIO_MIN to DSFX_I3DL2REVERB_DECAYHFRATIO_MAX. The default value is DSFX_I3DL2REVERB_DECAYHFRATIO_DEFAULT, or 0.83.

lReflections: Attenuation of early reflections relative to lRoom, in mB, in the range from DSFX_I3DL2REVERB_REFLECTIONS_MIN to DSFX_I3DL2REVERB_REFLECTIONS_MAX. The default value is DSFX_I3DL2REVERB_REFLECTIONS_DEFAULT, or -2602 mB.

flReflectionsDelay: Delay time of the first reflection relative to the direct path, in seconds, in the range from DSFX_I3DL2REVERB_REFLECTIONSDELAY_MIN to DSFX_I3DL2REVERB_REFLECTIONSDELAY_DEFAULT. The default value is 0.007 seconds.

lReverb: Attenuation of late reverberation relative to lRoom, in mB, in the range -from DSFX_I3DL2REVERB_REVERB_MIN to DSFX_I3DL2REVERB_REVERB_MAX. The default value is DSFX_I3DL2REVERB_REVERB_DEFAULT, or 200 mB.

flReverbDelay: Time limit between the early reflections and the late reverberation relative to the time of the first reflection, in seconds, in the range from DSFX_I3DL2REVERB_REVERBDELAY_MIN to DSFX_I3DL2REVERB_REVERBDELAY_MAX. The default value is DSFX_I3DL2REVERB_REVERBDELAY_DEFAULT, or 0.011 seconds.

flDiffusion: Echo density in the late reverberation decay, in percent, in the range from DSFX_I3DL2REVERB_DIFFUSION_MIN to DSFX_I3DL2REVERB_DIFFUSION_MAX. The default value is DSFX_I3DL2REVERB_DIFFUSION_DEFAULT, or 100.0 percent.

flDensity: Modal density in the late reverberation decay, in percent, in the range from DSFX_I3DL2REVERB_DENSITY_MIN to DSFX_I3DL2REVERB_DENSITY_MAX. The default value is DSFX_I3DL2REVERB_DENSITY_DEFAULT, or 100.0 percent.

flHFReference: Reference high frequency, in hertz, in the range from DSFX_I3DL2REVERB_HFREFERENCE_MIN to DSFX_I3DL2REVERB_HFREFERENCE_MAX. The default value is DSFX_I3DL2REVERB_HFREFERENCE_DEFAULT, or 5000.0 Hz.
