P3_Tutorial7 pt.1: Playing Sounds
Introduction
Sound can help make a game; it adds atmosphere aiding in bringing the game to life.

There are a few ways to play sound using DirectX, DirectSound, DirectX Audio and DirectShow.
This tutorial covers how to use the DirectSound component of DirectX to play sound effects.

DirectX Audio and DirectShow


DirectX Audio can be used to play wav and midi audio files. We use DirectShow to play streaming media such as full motion video (avi) and high quality audio (mp3) files.
Wav, Midi and Mp3 - When should I use what?
Wav files


Wav files are pure, uncompressed digital audio. It is an actual, digital recording similar to that stored on a CD. Uncompressed digital audio is the only true "CD quality" audio. But wav files can be massive. Even a short track can take up 20 or 30 megabytes of space, often much more.


Midi files


Midi stands for "Musical Instrument Digital Interface". Midi files do not actually contain music recordings, instead they hold a set of instructions on how to play a tune. Midi files are very small which is good if you plan to have a downloadable version of your game on a website. The quality of playback dependents on the sound card of your user's machine. A Midi sequence that sounds great on a high-end card may sound terrible on a cheap one. Also, Midi is for instrumentals only, not vocals.


Mp3 files


As with wav files, mp3 files are actual digital recordings. But the major difference between mp3 and wav is that mp3 files are compressed, and are typically one-tenth the size of uncompressed files. Because mp3 files are compressed, they are a lossy format*. This means that depending on how they are compressed, a certain degree of quality will be lost. However, you can still get "almost" CD quality audio from an mp3 file as long as the compression settings are right. Also, mp3 files are a "streaming media" that means that when they are played the whole track is not loaded at the start. Instead, only a part of the track is loaded from disk at a time as it is required.


Preferences
Although what you use it based on personal preference, as rule I would say that you probably want to use mp3 or midi files for background music. This is especially true is size is an issue, such as if you want people to download your game from a website. Mp3 and midi files are both small and therefore good for long background tracks. You could then use wav files for short sound effects like explosions and power-ups for that extra bit of quality. 
DirectSound and DirectMusic

DirectSound and DirectMusic are separate components of DirectX with some overlapping functionality. Both play WAV sounds, and DirectMusic ultimately synthesizes all sounds into waveforms that are played through DirectSound buffers.

DirectMusic is a much more full-featured API that offers a complete solution for most audio scenarios in games and other interactive applications. Despite its name, DirectMusic plays all kinds of sounds including nonmusical sound effects. DirectSound is the API of choice for scenarios that require low-level management of hardware resources, such as games with many short sounds that must be played with the lowest possible latency and use of system resources.

You can use the DirectSound API independently to play WAV sounds, even in applications that use DirectMusic to play other content. You can also use DirectSound to manipulate sound buffers that are managed by DirectMusic. For example, you can obtain a DirectSound buffer from a DirectMusic audiopath and move it in 3-D space.

Using Sounds Wisely

One of the coolest features of DirectSound is its ability to play and control multiple audio tracks independently. While this is a real boon to sound designers, it doesn't come without cost. The cost is CPU cycles. Each secondary buffer you use consumes CPU cycles. Each processing operation such as frequency scaling consumes additional CPU cycles. Three-dimensional sounds consume more cycles than regular sounds.
Program Examples

See StreamingSound, ExplosionsWithSound1 and ExplosionsWithSound2.
See also 

Include and Library files


Before we can start the actual coding, we need to add some new header and library files to our project:
dsound.h 

dsound.lib 

Using DirectSound
There are several programming steps required to take advantage of DirectSound in a windows program. The following steps are the basic outline for implementing DirectSound in a program:
· Call DirectSoundCreate() to create a Direct Sound object
· Call the DirectSound objects SetCooperativeLevel() method to set the programs priority level for the sound hardware
· Call the DirectSound objects CreateSoundBuffer() method to create a secondary sound buffer for each of your programs sound effects
· Call the secondary DirectSound buffer object’s Lock*( method to obtain a pointer to the buffer’s memory
· Copy the sound data to the buffers memory
· Call the secondary DirectSound buffer object’s Unlock() method to tell DirectSound that the program is done with the buffer
· Call the secondary DirectSound buffer object’s Play() method to mix the secondary buffer’s sound data into the primary sound buffer and play the sound
Creating a DirectSound object
You need to create a DirectSound object in order to gain access to DirectSound’s interface, which enables us to call DirectSound’s methods.
To create a DirectSound object we call DirectSoundCreate8():
DirectSoundCreate8

The DirectSoundCreate8 function creates and initializes an object that supports the IDirectSound8 interface.

HRESULT WINAPI DirectSoundCreate8(

  LPCGUID  lpcGuidDevice,   

  LPDIRECTSOUND8 * ppDS8,  

  LPUNKNOWN  pUnkOuter  

);
See: http://msdn.microsoft.com/archive/default.asp?url=/archive/en-us/directx9_c/directx/htm/directsoundcreate8.asp
If the function succeeds it returns DS_OK otherwise it returns an error code.  We can therefore check for errors as normal, displaying a message box to the user if something goes wrong:
IDirectSound8* pDirectSoundObj = NULL;
hResult = DirectSoundCreate8(NULL, &pDirectSoundObj, NULL);
if(FAILED(hResult))

{


// relevant post quit message
}
Setting Priority Levels
Because windows allows multitasking many applications may be running simultaneously. In order to keep things running smoothly different aspects of the operating system are assigned priority levels. For this reason the DirectSound object provides the SetCooperativeLevel() method. This enables a program to request a priority level for the sound hardware.
IDirectSound8:: SetCooperativeLevel

The SetCooperativeLevel method sets the cooperative level of the application for this sound device.

Syntax

HRESULT SetCooperativeLevel(

  HWND hwnd,

  DWORD dwLevel

);
See: http://msdn.microsoft.com/archive/default.asp?url=/archive/en-us/directx9_c/directx/htm/idirectsound8setcooperativelevel.asp
You will generally call SetCooperativeLevel() like this:
hResult = pDirectSoundObj -> SetCooperativeLevel(hWnd, DSSCL_NORMAL);
if(FAILED(hResult))

{


// relevant post quit message

}
Using DSSCL_NORMAL as this has the smoothest multitasking and resource-sharing behaviour.
Creating DirectSound Buffer Objects
The next step is to create secondary DirectSound buffer objects for the sound effects in the game. To do this we need to load some information into an instance of the DSBUFFERDESC structure. To do this we need some information on the file.
We can either put the file details in manually or we can use Win32 functions to read in information about the sound file.
In this tutorial we are going to use some functions to read the data:
Some information we need to create a buffer is the file size in bytes and the address of a WAVEFORMATEX or WAVEFORMATEXTENSIBLE structure specifying the waveform format for the buffer. When dealing with primary buffers we do not have to deal with these as the values passed later on can be set to NULL. This information is needed to set the size of any secondary buffers.
To get this information we can do the following:

HMMIO hmmio;

hmmio = mmioOpen(filename, NULL, MMIO_READ | MMIO_ALLOCBUF);
if(hmmio = NULL)

{


// error

}
long bytesRead;

WAVEFORMATEX m_waveformtex;
bytesRead = mmioRead(hmmio, &m_waveformtex, sizeof(WAVEFORMATEX));
if(bytesRead = -1)

{


// error

}

See: http://msdn.microsoft.com/library/default.asp?url=/library/en-us/multimed/htm/_win32_mmioopen.asp
And: http://msdn.microsoft.com/library/default.asp?url=/library/en-us/multimed/htm/_win32_mmioread.asp
Or we can opt for manual input:

WAVEFORMATEX wfx; 

DSBUFFERDESC dsbdesc; 

LPDIRECTSOUNDBUFFER pDsb = NULL;

HRESULT hr; 

// Set up WAV format structure. 
memset(&wfx, 0, sizeof(WAVEFORMATEX)); 

wfx.wFormatTag = WAVE_FORMAT_PCM; 

wfx.nChannels = 2; 

wfx.nSamplesPerSec = dwSampleFreq; 

wfx.nBlockAlign = 4; 

wfx.nAvgBytesPerSec = wfx.nSamplesPerSec * wfx.nBlockAlign; 

wfx.wBitsPerSample = 16; 

// Set up DSBUFFERDESC structure. 

memset(&dsbdesc, 0, sizeof(DSBUFFERDESC)); 

dsbdesc.dwSize = sizeof(DSBUFFERDESC); 

dsbdesc.dwFlags = 

DSBCAPS_CTRLPAN | DSBCAPS_CTRLVOLUME | 
DSBCAPS_CTRLFREQUENCY; 

dsbdesc.dwBufferBytes = dwFileSize; 

dsbdesc.lpwfxFormat = &wfx;

DSBUFFERDESC

The DSBUFFERDESC structure describes the characteristics of a new buffer object. It is used by the IDirectSound8::CreateSoundBuffer method and by the DirectSoundFullDuplexCreate8 function.

An earlier version of this structure, DSBUFFERDESC1, is maintained in Dsound.h for compatibility with DirectX 7 and earlier.

typedef struct { 

  DWORD     dwSize; 

  DWORD     dwFlags; 

  DWORD     dwBufferBytes; 

  DWORD     dwReserved; 

  LPWAVEFORMATEX  lpwfxFormat; 

  GUID      guid3DAlgorithm; 

} DSBUFFERDESC, *LPDSBUFFERDESC; 

typedef const DSBUFFERDESC *LPCDSBUFFERDESC;
With this knowledge we then have to initialise an instance of the DSBUFFERDESC structure.
DSBUFFERDESC dsBufferDesc;
memset(&dsBufferDesc, 0, sizeof(DSBUFFERDESC));
dsBufferDesc.dwSize = sizeof(DSBUFFERDESC);
dsBufferDesc.dwBufferBytes = dwWaveSize;
dsBufferDesc.lpwfxFormat = (WAVEFORMATEX)m_waveformtex;
We do not have to initialise the other members, and the values can change depending on whether it is for a primary of secondary buffer.

See: http://msdn.microsoft.com/archive/default.asp?url=/archive/en-us/directx9_c/directx/htm/dsbufferdesc.asp
After initialising the DSBUFFERDESC structure we call the DirectSound method CreateSoundBuffer() to create the secondary sound buffer object.
We pass the DSBUFFERDESC structure as a parameter.
IDirectSound8::CreateSoundBuffer

The CreateSoundBuffer method creates a sound buffer object to manage audio samples.

HRESULT CreateSoundBuffer(

  LPCDSBUFFERDESC pcDSBufferDesc,

  LPDIRECTSOUNDBUFFER * ppDSBuffer,

  LPUNKNOWN pUnkOuter 

)

We can call create sound buffer as follows:

pDirectSound->CreateSoundBuffer(&dsbdesc, &pDsb, NULL);
The GetFormat Method
IDirectSoundBuffer8::GetFormat

The GetFormat method retrieves a description of the format of the sound data in the buffer, or the buffer size needed to retrieve the format description.
HRESULT GetFormat(

  LPWAVEFORMATEX pwfxFormat, 

  DWORD dwSizeAllocated, 

  LPDWORD pdwSizeWritten 

);

Parameters

pwfxFormat

Address of a WAVEFORMATEX or WAVEFORMATEXTENSIBLE structure that receives a description of the sound data in the buffer. To retrieve the buffer size needed to contain the format description, specify NULL. In this case the variable at pdwSizeWritten receives the size of the structure needed to receive the data.

dwSizeAllocated

Size, in bytes, of the structure at pwfxFormat. If pwfxFormat is not NULL, this value must be equal to or greater than the size of the expected data.

pdwSizeWritten

Address of a variable that receives the number of bytes written to the structure at pwfxFormat. This parameter can be NULL.
Writing to the Sound Buffer
Once your program has its secondary buffers created it must copy sound data to those buffers. To do this we use the method Lock().
Before we can use this method though, we have to define a few variables:
LPVOID pSoundBlock1;
LPVOID pSoundBlock2;

DWORD dwBytesSoundBlock1;
DWORD dwBytesSoundBlock2;

These define 2 pointers to blocks in the sound buffer and two variables that’ll contain the number of bytes stored in these blocks.
IDirectSoundBuffer8::Lock

The Lock method readies all or part of the buffer for a data write and returns pointers to which data can be written.

HRESULT Lock(

  DWORD dwOffset, 

  DWORD dwBytes, 

  LPVOID * ppvAudioPtr1, 

  LPDWORD pdwAudioBytes1, 

  LPVOID * ppvAudioPtr2, 

  LPDWORD pdwAudioBytes2, 

  DWORD dwFlags 

);

See: http://msdn.microsoft.com/archive/default.asp?url=/archive/en-us/directx9_c/directx/htm/idirectsoundbuffer8lock.asp
An actual call to Lock() may look like:
g_hResult = g_pSoundBuffer->Lock(0, dwWaveSize, &pSoundBlock1, 
&dwBytesSoundBlock1, &pSoundBlock2, &dwBytesSoundBlock2, 0);
One thing to notice is that Lock() is called through a pointer to a DirectSound buffer object, not through a pointer to a DirectSound object. The Lock() object returns DS_OK if it executed successfully or an error code if it didn’t.
The return DS_OK indicates that the buffer has been successfully locked and that DirectSound has stored a pointer to the buffers memory area in SoundBlock1.
You can then copy the sound data into the buffer like this:
memcpy((void*)pSoundBlock1, pWaveData, dwWaveSize);
Playing the Sound
Once you have the sound data loaded playing the sound is very easy.
First you set the playback position within the sound buffer:
g_hResult = g_pSoundBuffer->SetCurrentPosition(0);
if (FAILED(g_hResult))

{

   strcpy(g_szErrorMsg, "Could not set sound cursor position.");

   PostQuitMessage(WM_QUIT);

   return;

}
The call from SetCurrentPosition() ensures that the buffer will play from its beginning. The methods single argument is the byte at which to set the playing cursor.
As normal the return is either DS_OK or an error code.
The Play() method is the final function and one that actually plays the sound.

g_hResult = g_pSoundBuffer->Play(0, 0, DSBPLAY_LOOPING);

if (FAILED(g_hResult))

{

    strcpy(g_szErrorMsg, "Could not play sound buffer.");

    PostQuitMessage(WM_QUIT);

    return;

}
Play() takes 3 arguments, the first 2 are always 0 the third argument is either 0 or the DSBPLAY_LOOPING flag, this causes DirectSound to continue playing the sound until it is explicitly stopped. 
DirectAudio and DirectShow Tutorial
In this part of the tutorial we use DirectX Audio to play wav and midi files, we will also use DirectShow to play mp3 files. In this tutorial we will have a simple application that plays a background track (in mp3 format) and we will allow the user to use the mouse to play some sound effects (in wav format) whenever they click on a coloured number. 

Include and Library files


Before we can start the actual coding, we need to add some new header and library files to our project:

dmusici.h 

dsound.h 

dshow.h 

dsound.lib 

strmiids.lib
Setting up DirectX Audio


To setup DirectX Audio we need to create two objects: the performance object and the loader object. The performance object is the top-level object in DirectX Audio, it handles the flow of data from the source to the synthesizer. The loader object loads the files (wav and midi) into sound segments that can be played later. 
IDirectMusicPerformance8* m_pDirectAudioPerformance;

IDirectMusicLoader8* m_pDirectAudioLoader;
Before we can create our objects, we need to initialise the COM library. We need to do this because DirectX Audio is pure COM. Don't worry too much about what this means, all you need to do is call the CoInitialize function before you can create the DirectX Audio objects:


CoInitialize(NULL);
Now that we have initialised COM, we need to create and initialise our two DirectX Audio objects:
//Create the DirectAudio performance object

if(CoCreateInstance(CLSID_DirectMusicPerformance, NULL, CLSCTX_INPROC, 

             IID_IDirectMusicPerformance8, (void**) &m_pDirectAudioPerformance) != S_OK)

{

      // Deal with error here

}

//Create the DirectAudio loader object

if(CoCreateInstance(CLSID_DirectMusicLoader, NULL, CLSCTX_INPROC, 

              IID_IDirectMusicLoader8, (void**) &m_pDirectAudioLoader) != S_OK)

{

      // Deal with error here

}

//Initialise the performance object

if(FAILED(m_pDirectAudioPerformance->InitAudio(NULL, NULL, hWnd, DMUS_APATH_SHARED_STEREOPLUSREVERB,

               64, DMUS_AUDIOF_ALL, NULL)))

{

     // Deal with error here

}

//Get the our applications "sounds" directory.

CHAR strSoundPath[MAX_PATH];

GetCurrentDirectory(MAX_PATH, strSoundPath);

strcat(strSoundPath, "\\Sounds");

//Convert the path to unicode.

WCHAR wstrSoundPath[MAX_PATH];

MultiByteToWideChar(CP_ACP, 0, strSoundPath, -1, wstrSoundPath, MAX_PATH);

//Set the search directory.

if(FAILED(m_pDirectAudioLoader->SetSearchDirectory(GUID_DirectMusicAllTypes, wstrSoundPath, FALSE)))

{

    // Deal with error here

}
We use CoCreateInstance to create our performance and loader objects. Once we have done this, we need to initialise the performance object by calling the InitAudio method. The parameters used above for InitAudio are fairly typical, so you will probably just want to use the same. Take a look in the SDK for a full description of the InitAudio method and its parameters (see: http://msdn.microsoft.com/archive/default.asp?url=/archive/en-us/directx9_c/directx/htm/idirectmusicperformance8initaudio.asp). Finally, we set the search directory for our loader object. The search directory is the folder that the loader object will look in to find the files that you want to load. In the code above, we will set the search directory to the "Sounds" folder which is inside our project folder. Now we are ready to load and play sounds.
Now that we have created and initialised DirectX Audio, we can load and play sounds and music.
m_pDirectAudioPerformance = NULL;

m_pDirectAudioLoader = NULL;

m_pSegment = NULL;

m_pGraph = NULL;

m_pMediaControl = NULL;

m_pMediaPosition = NULL;

m_enumFormat = Unknown;

InitialiseForWavMidi(IDirectMusicPerformance8* pDirectAudioPerformance, IDirectMusicLoader8* pDirectAudioLoader)

{

    m_pDirectAudioPerformance = pDirectAudioPerformance;

    m_pDirectAudioLoader = pDirectAudioLoader;

    m_enumFormat = WavMidi;

}

InitialiseForMP3()

{

    CoCreateInstance(CLSID_FilterGraph, NULL,

                     CLSCTX_INPROC, IID_IGraphBuilder, (void**)&m_pGraph);

    m_pGraph->QueryInterface(IID_IMediaControl, (void**)&m_pMediaControl);

    m_pGraph->QueryInterface(IID_IMediaPosition, (void**)&m_pMediaPosition);

    m_enumFormat = MP3;

}

LoadSound(const char* szSoundFileName)

{

    WCHAR wstrSoundPath[MAX_PATH];

    CHAR strSoundPath[MAX_PATH];

    switch(m_enumFormat)

    {

        case MP3:

            //Get the our applications "sounds" directory.

            GetCurrentDirectory(MAX_PATH, strSoundPath);

            strcat(strSoundPath, "\\Sounds\\");

            strcat(strSoundPath, szSoundFileName);

            //Convert the path to unicode.

            MultiByteToWideChar(CP_ACP, 0, strSoundPath, -1, wstrSoundPath, MAX_PATH);

            m_pGraph->RenderFile(wstrSoundPath, NULL);

        break;

        case WavMidi:

            //Convert the filename to unicode.

            MultiByteToWideChar(CP_ACP, 0, szSoundFileName, -1, wstrSoundPath, MAX_PATH);

            //Load a sound

            m_pDirectAudioLoader->LoadObjectFromFile(CLSID_DirectMusicSegment, IID_IDirectMusicSegment8,

                                                     wstrSoundPath, (void**) &m_pSegment);

            m_pSegment->Download(m_pDirectAudioPerformance);

        break;

        default:

            return false;

    }

    return true;

}

Play(DWORD dwNumOfRepeats)

{

    switch(m_enumFormat)

    {

        case MP3:

            //Make sure that we are at the start of the stream

            m_pMediaPosition->put_CurrentPosition(0);

            //Play mp3

            m_pMediaControl->Run();

        break;

        case WavMidi:

            //Set the number of times the sound repeats

            m_pSegment->SetRepeats(dwNumOfRepeats); //To loop the sound forever, pass in DMUS_SEG_REPEAT_INFINITE

            //Play the loaded sound

            m_pDirectAudioPerformance->PlaySegmentEx(m_pSegment, NULL, NULL, 0, 0, NULL, NULL, NULL);

        break;

        default:

            return false;

    }

    return true;

}

IsPlaying()

{

    switch(m_enumFormat)

    {

        case MP3:

            REFTIME refPosition;

            REFTIME refDuration;

            m_pMediaPosition->get_CurrentPosition(&refPosition);

            m_pMediaPosition->get_Duration(&refDuration);

            if(refPosition < refDuration)

            {

                return true;

            }

            else

            {

                return false;

            }

        break;

        case WavMidi:

            if(m_pDirectAudioPerformance->IsPlaying(m_pSegment, NULL) == S_OK)

            {

                return true;

            }

            else

            {

                return false;

            }

        break;

        default:

            return false;

    }

}

Stop()

{

    switch(m_enumFormat)

    {

        case MP3:

            m_pMediaControl->Stop();

        break;

        case WavMidi:

            //Stop the loaded sound

            m_pDirectAudioPerformance->StopEx(m_pSegment, 0, 0);

        break;

        default:

            return false;

    }

    return true;

}

ReleaseSound()

{


SafeRelease(m_pSegment);


SafeRelease(m_pGraph);


SafeRelease(m_pMediaControl);


SafeRelease(m_pMediaPosition);

}
The stages for initialising and playing different sound formats have been put into user defined methods.

These methods could be further altered by incorporation into a class.

We call only one of FarWavMidi or ForMP3, what we call initially will have an affect on what we can play and how the other functions operate:

InitialiseForWavMidi


InitialiseForWavMidi initialises the DirectAudioPerformance objects for playing wav or midi files. The two parameters are the performance and loader pointers that we created earlier. These pointers can then saved as member variables for later use. We also set the format to WavMidi.


InitialiseForMP3
InitialiseForMP3 initialises the member objects for playing mp3 files. There are no parameters. InitialiseForMP3 uses CoCreateInstance to create a DirectShow filter graph manager object. We can use CoCreateInstance here because CoInitialize has already been called from one of the earlier functions. From the filter graph manager object we use the QueryInterface method to create two other objects: a media control object and a media position object. These three pointers are saved as member variables for later use. We also set the m_enumFormat object to MP3.


LoadSound
Once we have initialised the objects, we can use LoadSound to load a given file. The single parameter of LoadSound is the filename of the sound to load. This is not a path because all sounds will be loaded from the Sounds folder which is inside our project folder.

If the format of the member data has been set to MP3, we first build up the full path of the file and convert it to a unicode string. Next, all we need to do is call the RenderFile method of the filter graph manager to construct a filter graph that will play the specified file.

If the format of the member data is WavMidi, we first convert the filename passed into a unicode string. Next we call LoadObjectFromFile which loads the file and returns a segment pointer. Lastly, we call the Download method of our segment which downloads the band data to the performance.

We are now ready to start playing sounds.


Play
Once a file has been loaded, we can play it. This single parameter of the Play method is optional (default is 0) and is the number of times you would like the sound to repeat. This parameter is only used if you are playing wav or midi files.

If the format of the member data is MP3, we first make sure that we are at the start of the stream by calling the put_CurrentPosition method of the media position object that we created earlier. Once this is done, we play the mp3 by calling the Run method of the media control object.

If the format of the member data is WavMidi, we first set the number of times that the sound should repeat. Then we play the loaded segment by calling the PlaySegmentEx method. If you would like the sound to repeat forever, pass in the constant DMUS_SEG_REPEAT_INFINITE. 


Stop
This very simply stops the sound from playing. We use the Stop method of the media control object to stop the sound if it's an mp3 file. If it's a wav or midi file we simply call the StopEx method of the performance object passing in the segment to stop.


IsPlaying
Finally, the IsPlaying method will return true if the sound is playing and false if it is not. If the file is an mp3, we get the current position that playback has reached and the total duration of the track. If the current position is not at the end, then we must still be playing the sound. If the file is a wav or midi, we simply use the IsPlaying method of the performance object passing in the segment to check.
Cleaning up


Above we simply detailed how to stop the sound from playing using the stop function. In this clean up function we need stop all sounds from playing (just in case), we then close down the performance object before releasing it and the loader object and call CoUninitialize to close down the COM library: 

CleanUpDirectAudio()

{

    //Stop all sounds.

    m_pDirectAudioPerformance->Stop(NULL, NULL, 0, 0);

    //CleanUp

    m_pDirectAudioPerformance->CloseDown();

    SafeRelease(m_pDirectAudioLoader);

    SafeRelease(m_pDirectAudioPerformance);
    CoUninitialize();

}

Links

DirectSound Examples: http://msdn.microsoft.com/archive/default.asp?url=/archive/en-us/directx9_c/directx/htm/directsoundcsamples.asp
Appendix
* Lossless? Lossy? What?
Most people think that MP3 just means 'music file'. In fact, MP3 means MPEG Audio Layer 3, and is only one way of converting music into digital files. There are many audio formats, and almost all of them compress the audio data so that it takes up less digital space - that's less room on your hard drive, or less space on your portable music player.

Audio compression comes in two forms: lossless compression, and lossy compression.

The MP3 format is one that uses lossy compression. This means that it loses some of the audio information found in the original to make the compressed file much smaller. The information that lossy compression loses is the information deemed least important to the file. In music, this tends to be the very high and very low frequencies that are not considered to add as much to the music as the range of frequencies in between.

Many audio formats use lossless compression. This means that they retain every bit of information that is found in the original, so nothing is lost at all. Because of this, lossless compression cannot make the compressed file as small as it would be using lossy compression. However, lossless compression means that you get a smaller file without losing any information, and so is the only method that can be used when absolute fidelity is required.
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