	Variable

	Type
	Default Value
	[Aud]
   
[Wave]
	What it does

	IMPORTANT NOTE:
BUFFERS: buffer starvation) 

Is Not the Only but a huge Cause of-> Crackles / Stuttering / Pops / Beeps / Motor Boating / whatever you call it! ->there is no magic number that applies to each of these settings as they are different for every setup->DO NOT CHANGE ANY SETTINGS YOU DO NOT FULLY UNDERSTAND -> when changing a setting it is recommended to do it in Small Increments and monitor your needs->Hope this helps !  

	
	
	
	BIG THANK YOU to Bitflipper ! For Additional Info and Helping Source a lot of the missing "What It Does".
As you can see in RED there are still some undocumented settings that we need to find .


	AllowOfflineRenderMixThreads=<0,1> (default=1) 

	Boolean
	1
	[Wave]
	See Sonar Reference Pages 1892

A value of 1 (default) allows multiprocessing during fast bounce when multiprocessing is enabled in SONAR. Set to 0 to temporarily disable multi-threaded mixing during a fast bounce operation.

Additional View/Info:
Introduced at SONAR 7. I have read that disabling it solved problems with UAD-1 cards when bouncing and exporting. 


	AlwaysOpenAllDevices=<0,1> (Default = 0) 

	
	
	[Wave]
	See Sonar Reference Pages 2191

Storage for the “Always Open All Devices” setting in (Edit->Preferences->Audio->Playback and Recording->Always Open all devices )

With this option checked, SONAR opens all enabled stereo pairs of audio outputs as soon as you press play or turn on the audio engine. Any pairs that don’t have any tracks feeding them stream silence, but are still ready for use. So if you then change a track's output assignment on the fly SONAR doesn’t have to reopen a device, which can cause gaps in playback.

Additional View/Info:
Introduced at SONAR 4.
Enabling it allows you to change input and output assignments for a track during playback. When disabled, only the drivers that are actually needed are opened. For example, if your interface has 8 inputs but you’re only using 2 of them, or 8 outputs but you’re only using 2 of them, you can save a small amount of CPU overhead by disabling the ones you’re not using. 


	AutomationDecimationMSec=<n> (default=50) 



	
	
	[Wave]
	AutomationDecimationMsec controls the interval in milliseconds between automation points when automation envelopes need to be converted (decimated) into jumps to send to plugins. 

Additional View/Info:
Sets the time between discrete jumps in automation curves. VST plugins do not support smooth shapes like the DX spec does, so this variable determines how much quantization takes place. 
This setting should always be less than the MIDI buffer size. 


	BitsPerSample={n} (Default = 24) 

	
	
	[Wave]
	See Sonar Reference Pages 1752

Storage for the Audio Driver Bit Depth setting in advanced audio options. Determines the word length of data coming into the computer from the audio interface, and data going out of the computer to the audio interface. Normally left at 24 except for some low-end integrated sound cards that are limited to 16-bit data. 


	BounceBufSizeMsec=<0-350> (default= 0) 

	Integer
	0
	[Wave]
	This is a line in the Wave section of the Aud.ini file that sets the buffer size for bouncing tracks. At a value of 0, the bounce buffer is the same size as the Mixing Latency value that you set in Edit > Preferences > Audio -Driver Settings. If you find that bouncing tracks, especially with certain soft synths, takes a very long time, you can set this value to 100, or some value between 0 and 350 so that the bounce buffer will use a more efficient size for bouncing, which has different requirements from normal playback latency.
Note: on larger projects, setting this variable to a large value can cause out-of-memory errors.

Additional View/Info:
Sets the size of bounce buffers, in milliseconds. The default value (0) sets the bounce buffer size to equal the playback latency (as set in the audio driver settings). Increasing this value can improve bounce/export speed, but also increases memory usage, which could conceivably result in out-of-memory errors, especially when used in conjunction with other memory-increasing options such as the “use 64-bit engine” option under 32-bit Windows. Some samplers that have problems with Fast Bounce may benefit from raising this value. A bug in X1 was setting this to 30. Although fixed in X1a (see http://www.cakewalk.com/Support/kb/reader.aspx/2007013213 , the fix does not change the aud.ini variable so it must be manually set to 0 to avoid extremely slow bounces and exports. 
Brundlefly has reported that setting this to a nonzero value can cause audio from certain 32-bit bitbridged synths to be shifted. 


	ComputePicturesWhilePlaying=<0,1> (default=1) 

	Boolean               
	1
	 [Aud]
	This option allows waveform pictures to be computed in the background while audio playback is in progress. Most modern computers should be able to handle this load with no problems. Note that work is only done while new pictures are actually being computed—once the pictures are finished rendering there is no overhead.

Additional View/Info:
Enables computing waveform pictures in the background while audio is playing. Overhead is minimal, so only disable this if struggling with severe dropouts due to CPU exhaustion. 


	CopyOnImport=<0,1> (Default:1)





	 
 
	
	[Aud]
	The last-used value of the “copy audio to project folder” option in the Import Audio dialog, which will determine the option’s default value the next time the dialog is invoked. 



	CSUseSpin=(n) (Default:1)



	
	
	[Wave]
	UNDOCUMENTED

	DataDir={path} (default=c:\cakewalk projects\audio data) 

	
	
	[AUD]
	Specifies the folder to use for all audio data when per-project data isn’t used. 


	DefaultAudSnapOfflineStretchMethod=<0 to 10> (Default:3)



	
	
	[Aud]
	See Sonar Reference Pages 1036 to 1037

Highlight a Audio Clip in track view then hold ALT then press A. The Audio snap will appear, here can change the Offline stretch mode. 
Remember this changes the DEFAULT meaning that the number you enter will show the type of stretch mode every time you start AudioSnap!
0=Default
1=Groove Clip
2= (Raduis Mix Preview)
3=(Radius Mix)
4=(Radius Solo)
5=(Percussion)
6=(RadiusSoloBass)
7=(RadiusSoloVocal)
8=(SameasOnline)
9=(RadiusMixAdvanced)
10=(SOLA)

Additional View/Info:
Previous Older Sonar Default for Reference :
DefaultAudSnapOfflineStretchMethod=<n> (default=6)  


	DefaultAudSnapOnlineStretchMethod=<0 to 10> (Default:1)



	
	
	[Aud]
	See Sonar Reference Pages 1036 to 1037

Highlight a Audio Clip in track view then hold ALT then press A. The Audio snap will appear, here can change the Online stretch mode. 
Remember this changes the DEFAULT meaning that the number you enter will show the type of stretch mode every time you start AudioSnap!
0=Default
1=(Groove Clip)
2=(Radius Mix Preview)
3=(Radius Mix)
4=(Radius Solo)
5=(Percussion)
6=(RadiusSoloBass)
7=(RadiusSoloVocal)
8=(SameasOnline)
9=(RadiusMixAdvanced)
10=(SOLA)

Additional View/Info:
Previous Older Sonar Default for Reference :
DefaultAudSnapOnlineStretchMethod=<n>(default=5)
 

	DefaultEqPosition=<0 or 1> (default=0) 

	


	 
       
	[Aud]
	See Sonar Reference Pages 1893

The integrated channel EQ is pre effects bin by default, but you can change the position of any channel EQ by right-clicking the EQ plot and choosing the desired position from the context menu.
The DefaultEqPosition Aud.ini variable lets you specify the default EQ position for all new tracks/buses. This variable lives in the [Aud] section of Aud.ini, and legal values are: 0 (pre FX) or 1 (post FX).

Additional View/Info:
The integrated channel EQ can be either pre FX bin or post FX bin. The default position is pre FX bin, but you can change the position of any channel EQ by right-clicking the EQ plot and choosing the desired position from the context menu. The ‘DefaultEqPosition’ AUD.INI variable lets you specify the default EQ position for all new tracks/buses. Note: this variable only applies to SONAR 3/4 Producer Edition, not SONAR 3 Studio Edition. 


	DefaultSampleRate {Hz} (default = 44100) 

	
	
	
	Storage for the Sampling Rate setting in advanced audio options. Sets the sample rate for new projects. 


	DefaultVocalSyncOfflineStretchMethod=<1 - 10>(Default:7)
	Integer
	1
	[Aud]
	See Sonar Reference Pages 1531, 1896

This variable specifies the default VocalSync offline
render mode. The values are as follows:
1 = Groove Clip Stretching
2 = iZotope Radius Low Quality (faster - currently not
used)
3 = iZotope Radius Normal Mix Quality
4 = iZotope Radius for Solo Material
5 = ReCycle-style
6 = iZotope Radius for Solo Material for bass
7 = iZotope Radius for Solo Material for vocals and
higher-pitched material
8 = Indicates that offline mode should match the online
mode
9 = iZotope Radius Mix Advanced
10 = SOLA stretching (experimental)


	DefaultVocalSyncOnlineStretchMethod=<1 - 10>(Default:1)
	Integer
	1
	[Aud]
	See Sonar Reference Pages 1531, 1896

This variable specifies the default VocalSync online
render mode. The values are as follows:
1 = Groove Clip Stretching
2 = iZotope Radius Low Quality (faster - currently not
used)
3 = iZotope Radius Normal Mix Quality
4 = iZotope Radius for Solo Material
5 = ReCycle-style
6 = iZotope Radius for Solo Material for bass
7 = iZotope Radius for Solo Material for vocals and
higher-pitched material
8 = Indicates that offline mode should match the online
mode
9 = iZotope Radius Mix Advanced
10 = SOLA stretching (experimental)
Note: It is not recommended to set the online method to the expensive types since it may cause glitches.


	DisableIMDuringPlay=<0 or 1>(default=0)



	
	
	[Wave]
	See Sonar Reference Pages : 491, 2191, 595, 596, 867, 1843

(Edit -> Preferences -> Audio –>Playback and Recording–> Disable Input Monitoring during Playback)
0= unchecked / Off
1= checked   /ON

This option is off by default. When enabled / Checked , input monitoring will be disabled on all tracks during playback but not during recording.


	DiskBufSize=<kilobytes> (default = 256) 



	 
 
	
	[Aud]
	Corresponds to the “Playback I/O Buffer Size” setting (Options -> Audio –> Sync and Caching–> File System ) 

Determines how much data is buffered ahead of the playback cursor. Changing this value does not affect audio latency, but may help with dropouts caused by slow disks at high sample rates. Don’t use values less than 128kb. Change in 128kb increments. 


	DiskRecBufSize=<kilobytes> (default = 256) 



	 

	
	[Aud]
	Corresponds to the “Record I/O Buffer Size” setting (Options -> Audio –> Sync and Caching–> File System  )

Similar to playback buffer size described above, but for writing to disk. 


	DitherAlgorithm=<0-5> (default=0) 

	
	
	
	See Sonar Reference Page 1354, 2190, 
(Edit->Preferences->Audio->Playback and Recording->Dithering)


0=Default
1=Rectangle
5=Triangle
2=Pow-r 1
3=Pow-r 2
4=Pow-r 3


	DriverID={n} (default = 0) 




	
	
	[Wave]
	UNDOCUMENTED

	DropoutMsec=<num>(Default:250)

	Integer
	250
	[Wave]
	See Sonar Preferences Page 1893

Under high system load conditions, the SONAR audio
pump mechanism may become starved. When this
condition is detected, SONAR drops out. The
DropoutMsec variable allows you to configure the
tolerance time in milliseconds. This variable applies to all driver modes.
Setting DropoutMsec to a positive value > 0 specifies the actual time in milliseconds to tolerate before dropping out due to starvation.
Setting DropoutMsec to a negative value < 0 means we use a multiple of the audio buffer size as the tolerance.
i.e. -2 means we use twice the audio buffer size.
Note that setting this value too low (e.g. 0) can result in more frequent dropouts in the program. If you notice too many dropouts, try raising it in buffer multiples or by explicitly specifying a millisecond value.

Additional View/Info:
A) A positive value sets how many milliseconds of buffer starvation dropouts will be tolerated before SONAR gives up and halts the audio engine. Negative values tell SONAR to calculate the time based on the audio buffer size. Introduced in SONAR 8.3. Might need to increase to 500 for WASAPI.


	EnableLiveADCRecalc=<0 or 1> (default = 1) 




	
	
	[Wave]
	When set to zero, SONAR will bypass nearly all of the expensive work that needs to get done to recompute PDC after an audio signal routing change. Your audio will be slightly out of sync -- imperceptibly if you are running at very low latency -- but there won't be a gap. Regardless of how this variable is set, PDC gets recomputed when you stop and restart playback.


	EnableAsioBufferSwitchTimeInfo=<0,1> (default = 1) 





	
	
	[Wave]
	
UNDOCUMENTED

	EnableCacheWriteThru=
<0 or 1>(Default:1)
	  Boolean
 
	1
	[Aud]
	This setting is only relevant when ( Enable write Caching ) is enabled via the (Edit -> Preferences -> Audio –>Sync and caching–> File System–> Enable Write Caching )

Additional View/Info:
Introduced in 6.2.1 .
 This variable enables disk write thru caching. When write thru caching is on, data recorded to wave files is written to the hard disk immediately, circumventing the hardware disk cache. Having write thru caching off can be more efficient for disk I/O but can result in data loss if your system crashes.


	EnableDeviceOutputLatencyCompensation=<0,1> (default = 1) 





	
	
	[Wave]
	UNDOCUMENTED

	EnableMixThreads=<0,1> (default = 1) 




	
	
	[Wave]
	See Sonar Preferences Page 87, 1756, 2190

Corresponds to the “Use multiprocessor Engine” setting. 
(Edit -> Preferences -> Audio –>Playback and Recording–>Use Multiprocessor Engine )
0= unchecked
1= checked

This option is grayed out unless you have a multiprocessor computer. If you
have a multiprocessor computer, check this option if you want SONAR to use both processors at all times. If
you do not check this option, SONAR still uses the second processor for some tasks.

Additional View/Info:
See AUD.ini ThreadSchedulingModel="What it Does" for the interaction with this setting!


	EnablePicCacheThreads=<0,1> (default = 1) 

	Boolean               
	1
	[Aud]
	This option creates extra background worker threads for the generation of wave pictures when you load a project.
One worker thread is automatically created per CPU/.
Setting EnablePicCacheThreads=0 reverts back to
only using a single thread for picture computation.
If you are running a system with multiple CPU's or cores setting this to 1 can greatly speed up the computation of pictures.

Additional View/Info:
Allows multiple threads for picture computations, one thread for each CPU or core. If set to zero, all picture computations are performed by a single thread. Recommended value is 1 for multi-core CPUs to speed up waveform drawing. Ignored with single-core CPUs. 


	EnableSetThreadIdealProcessor=<0,1> (default=1) 




	
	
	[Wave]
	Disable only if you wish to force CPU affinity to something other than the default core chosen by SONAR, which might improve efficiency when running two or more audio programs at once. For example, an out-of-process synthesizer (via ReWire) or a bitbridged instrument. 


	EnableSSEMixing=(N) (Default:1)



	
	
	[Wave]
	UNDOCUMENTED

	EnableWasapiDSP=<0 - 3>
(Default:1)
	Integer
	1
	[Wave]
	 See Sonar Reference 72, 1779,1780, 1897
For details “To enable/disable built-in DSP” 

This variable goes in the [Wave] section and allows you to enable or disable DSP effects on inputs and output devices in WASAPI Shared mode in Windows 10 and later.
Valid values are as follows:
• 0 = Disable all signal processing for inputs and
outputs (RAW mode)
• 1 = Enable signal processing for inputs (default)
• 2 = Enable signal processing for outputs
• 3 = Enable signal processing for inputs and outputs


	ExtraDiskBuffers=<n>
 (default = 2) 



	 

	
	[Aud]
	UNDOCUMENTED

	ExtraPluginBufs=
<0 to no upper limit> (default=0) 

	integer
	0
	[Wave]
	See Sonar Reference Page 1841, 1891

It instructs SONAR to set aside extra audio data buffers, to accommodate plug-ins which do large amount of internal buffering and therefore “keep” data buffers to themselves. Recommended maximum setting of 64 or 128. 
 
Additional View/Info:
A) http://www.editthis.info/sonar/Sonar_tweaks
Suggests 256 or 512 and if this is correct expect it to reflect somewhat  in your PC Memory usage.
 ( I suspect <0 to NO UPPER LIMIT- Quoted from the current Sonar Reference file supports this ! )

B)Creates extra audio data buffers, to accommodate plugins that do a large amount of internal buffering such as linear phase EQs, convolution reverbs and look-ahead limiters. The help file recommends increasing this value by 1 at a time to possibly combat dropouts, up to a maximum of 128. 

C) Could help with Audio Crackles/Stuttering
( Like all these setting there is no magic number that applies for every setup)


	FileBitDepth={n}  <16 or 24 or 32 or 64> (Default = 16)


	
	
	[Wave]
	Sonar Reference Page 1753, 2215

This Refers to (Record Bit Depth /Value) located at:
(Edit -> Preferences -> File –>Audio Data–> File Bit Depths–> Record Bit Depth  )


	FlushMultiple=<0 or 1>(Default:1)
	Boolean 

	1
	[Aud]
	This variable determines how SONAR performs writes to disk in cases where multiple inputs are being recorded simultaneously. The default setting causes SONAR to write all the data for all inputs all at once, and then wait for the entire set of writes to complete. Overriding this value by setting it to 0 causes SONAR to perform each input’s write separately, and wait for each individual write to complete before proceeding to the next one.


	FlushOnStop=<0,1> 
(Default = 0) 

	
	
	
	Obsolete ! 
Currently Replaced By :
Always Stream Audio Through FX 
(Edit  -> Preferences -> Audio -> Playback and Recording -> Always Stream Audio Through FX option)

Additional View/Info:
Used to Correspond to the “Play Effect Tails After Stopping” option . Setting FlushOnStop to zero is equivalent to enabling this option. Setting it to 1 causes the output buffer to be immediately flushed when playback stops, causing any pending echoes or reverb tails to be silenced. 


	FlushWriteBeforeRead=<0,1> (default=0) 

	Boolean
   
	1
	[Aud]
	The default setting causes SONAR to perform disk reads (for audio playback) before attempting any disk writes (for audio recording). 
Overriding this value by setting it to 1 causes SONAR to attempt disk writes first. This yields the best results when you are attempting to record a
large number of tracks at high latency.

Additional View/Info:
Normally, SONAR performs disk reads (audio playback) before writes (recording). Enabling this option causes that to be reversed: writes are performed before reads. This is only recommended when recording a large number of tracks at high latency. 


	FreeMemOnUnload=<0, 1> (Default = 1) 




	
	
	[Wave]
	
UNDOCUMENTED

Additional View/Info:
Introduced at SONAR 4. 


	GapDezipperUsec=<0-1000> (default=500)* 

	Integer
	500
	[Wave]
	See Sonar Reference Page 1892

The audio engine will now render a smooth fade in
whenever audio playback is interrupted and there is a abrupt transition in gain. The purpose of doing this is to dezipper (smooth out) the gain transition due to the discontinuity. For example, if you click on the Time Ruler to jump to a new time location during playback, the engine will smoothly render the transition to the new gain level as a fade in. This smoothing also takes place whenever playback gapping occurs. You can control the fade in time via the GapDezipperUsec variable, which is expressed in microseconds per dB and controls the speed of the fade in to the new gain value. (default = 500
microseconds. i.e. the fade will take 500 microseconds per change in dB at the transition point). You may  increase or shorten the time of the fade by increasing or decreasing this value. The normal legal value range for this variable is 0 to 1000 microseconds.
This variable should be set in the [Wave] section. A
value of zero turns off dezippering on gapping
completely.

Additional View/Info:
Whenever audio playback is interrupted and there is a abrupt transition in gain, the audio engine automatically applies a smooth gain transition to prevent clicks, called “dezippering”. For example, if you click on the time ruler to jump to a new time location during playback, the engine will smoothly render the transition to the new gain level as a fade in. This smoothing also takes place whenever playback gapping occurs. You can control the fade in time via the GapDezipperUsec variable. This variable (introduced in SONAR 4) is expressed in microseconds per dB and controls the speed of the fade in to the new gain value. The default value of 500 microseconds means the fade will take 500 microseconds per change in dB at the transition point). You may increase or shorten the time of the fade by increasing or decreasing this value. The normal legal value range for this variable is 0 to 1000 microseconds. A value of zero turns off dezippering on gapping completely. 


	ImportBitDepth=
<0 or 16 or 24 or 32 or 64>(default =0)
	
	
	[Wave]
	Sonar Reference Page 1753, 2215

This Refers to (Import Bit Depth /Value) located at:
(Edit -> Preferences -> File –>Audio Data–> File Bit Depths–> Import Bit Depth  )
0=Original



	InputLatencyOffset=
<negative or positive>(default=0)



	
	
	[Wave]
	See Sonar Reference Page 2198

Record Latency Adjustment (Samples)
 (Edit -> Preferences -> Audio –>Sync and caching–> Record Latency Adjustment–> Manual Offset )
Specifies the number of samples to advance recorded audio to compensate for recording latency. 

Additional View/Info:
Record Latency Adjustment (samples)
If you loop an audio output back into an audio input, and re-record a track this way, the audio doesn’t line up. For some sound cards, it is off quite significantly. This record latency adjustment is a compensation for that delay.
You can do an approximate measurement of the delay by turning on samples as the resolution unit in the Time Ruler, and comparing the original track with the re-recorded track. Then you can enter a value in the Manual Offset field to compensate.
If you use ASIO mode, enter 0 in the Manual Offset field and leave the Reported Input Latency check box checked (this check box only appears in ASIO mode). This will line up audio in most cases. If you think you can tweak it closer, use the Manual Offset field.
In ASIO mode, the current active ASIO device (remember ASIO can only have one active at a time) reports its “Input Latency.” You can't edit this value. This supposedly accounts for buffer size, A/D Conversion latency, etc. The check box allows you to use this reported value. It is checked by default. In any case, the amount entered into the Manual Offset field will be combined (added to) the reported value if you have it checked.

See LatencyMsec=<ms> (BELOW)


	Interleave=



	
	
	
	UNDOCUMENTED

	KsUseInputEvent=<0 or 1> 




	
	
	[Wave]
	You should notice better perceived latency in WDM with MOTU audio device drivers using this set to 1. Without this tweak, WDM is noticeably more latenty than ASIO with the same apparent settings. With the tweak, they seem about the same. 


	LatencyMsec=<ms>
 (no default ) 




	
	
	[Wave]
	See Sonar Preference Page 1771

(Edit -> Preferences -> Audio –>Driver Settings–> Mixing Latency ->Effective Latency )

Corresponds to the “ASIO Reported Latency” value, which is shown in Options->Audio->Advanced in samples but stored in aud.ini in milliseconds. Latency is reported in samples but stored here in whole milliseconds. Mine shows 46ms, or 2092 samples at 44.1KHz (2092 * 0.22 = ~46). This value is only used if the “Use ASIO Reported Latency” checkbox is checked (UseAsioReportedLatency=1). 

Additional View/Info:
Test if your Latency is correct Here: 
http://editthis.info/sonar/Sonar_Workflow_-_Multisesson_Tracking_Loopback_Latency

I tested this yesterday and it is a PERFECT way to test if your latency is correct, I used Platinum and RME Babyface/TotalMixFx LoopBack at 2048 which resulted in my manual offset = ( –76). Then I entered this into the manual offset and Left Use ASIO Reported Latency CHECKED. Then when I recorded the same test again the manual offset worked and it was perfectly in SYNC with the source feeding the loopback !! PERFECT!!
Once you have your Latency, you could enter it into your manual offset located at 
(Edit -> Preferences -> Audio –>Sync and caching–> Record Latency Adjustment–> Manual Offset) if you choose.


	LinkPFSendMute=<0 or 1>(Default:0)
	Boolean
	0
	[Wave]
	If this is set TRUE, pre fader sends on both tracks and
buses are automatically muted when the track/bus is
muted. Also if another track is soloed the pre fader sends on other tracks will be muted.
This basically conforms to pre SONAR 4 behavior.

Additional View/Info:
If set to 1, pre-fader sends are automatically muted when the track or bus is muted or another track is exclusively soloed. By default, pre-fader sends are independent of track mutes and solos, and remain 
active even if the track is muted. Enabling this option makes the pre-fader sends follow the mute status of the track. Option was introduced with SONAR 4. 


	LinkSendPan=(N)(default:0)


	
	
	[Wave]
	This option is obsolete.

Currently if you wanted To do this: 
Set the Send Pan to be the same as the bus that the send feeds into .
Currently this is what you would do:
Right-click the Send Pan control and choose Follow Track Pan from the pop-up menu. This setting is only active when the send has the same interleave as the bus that the send feeds into, and is set to Post Fader. If enabled, the Send Pan control no longer affects the output.

Additional View/Info:
Introduced in SONAR 6.0.1 (but was in AUDMM.INI, then moved to TTSAUDDX.INI, then ultimately moved into AUD.INI)
How it used to work: If set to 1, AND the aux bus is set to Post, the track pan control will also pan the aux send.. 


	ManageASIOThreadPriority=
<0 or 1>(Default:1)
	Integer
	1
	[Wave]
	This determines whether SONAR manages the ASIO
thread priority when necessary. This defaults to 1.

MORE INFORMATION IS NEEDED FOR THIS 


	MaxPreviewMsec=<num>(Default:300000)
	Integer
	300000
	[Wave]
	This variable goes in the [Wave] section, and specifies the max preview duration (in milliseconds) in the Media Browser.

	MaxInputChannels=(Default:16)

	
	
	[Wave]
	UNDOCUMENTED

	MaxOutputChannels=(Default:16)

	
	
	[Wave]
	UNDOCUMENTED

	MeterFrameSizeMS=<10-200> (default=40)* 

	Integer
	40
	[Wave]
	Meters in SONAR show peak (or RMS) values at a given instant in time. The actual peak value displayed by a meter is the highest peak recorded in an interval of time referred to as a “Meter Frame.” The default size for a meter frame is 40 milliseconds, which is an accuracy of 25 FPS. 
The MeterFrameSizeMS variable allows you to change the size of this interval. It goes in the [Wave] section. For example:
[Wave] MeterFramSizeMS=40
Setting this value to a lower value will make the meters record peak info for smaller time slices. However this can also increase the metering CPU and memory cost. 
Note: although SONAR doesn’t enforce a fixed value range, the recommended range should be between 10 and 200 milliseconds.


	MigratedDMA=


	
	
	
	UNDOCUMENTED

	MinimizeDriverStateChanges=<0,1,2,3> (default=1) 

	Boolean
	1
	[Wave]
	This is a line in the Wave section of the Aud.ini file
that controls whether or not audio devices are reset in response to transport changes (play/stop).
Valid values are as follows:
0 = off.
1 = On for ASIO only (default).
2 = On for WDM only.
3 = On for both ASIO and WDM.

Additional View/Info:
Controls whether or not audio devices are reset in response to transport (play/stop) changes, in order to “keep devices independently running from the transport” (Noel Borthwick). It is normally only required for ASIO drivers, because WDM drivers usually handle reset transitions properly. 


	MinPluginLoadBalancingBuf
ferSamples=<32 - 256>(Default:128)
	Integer
	128
	[Wave]
	Sonar Reference Page 1756 to 1759 , 1897, 2190

This variable goes in the [Wave] section and controls the size of the smallest internal buffer subdivision that may be used for plug-in load balancing.
For details, see “Plug-in load balancing (Platinum only) ”


	MixDezipperUsec=<0-1000> (default=50)* 

	Integer
	50
	[Wave]
	See Sonar Preferences Page 1892

This variable is similar to GapDezipperUsec except
that it controls how the mixer itself renders abrupt gain transitions due to envelopes in the project. This variable is expressed in microseconds per dB and controls the speed of the fade in to the new gain value (default = 50 microseconds). The normal legal value range for this variable is 0 to 1000 microseconds.
This variable should be set in the [Wave] section.
Important: Changing the value of this variable will affect how envelopes are rendered by the mixer and may cause your mixes to sound slightly different. Setting MixDezipperUsec too low can cause clicks while rendering abrupt gain changes due to envelopes.


	MixThreadCount=<n> (default = 0) 




	
	
	[Wave]
	Sets the number of extra worker threads in addition to the audio engine thread. 
The default value of zero allocates one thread per core. Setting it > 0 specifies the number of extra worker threads to be created (e.g. a value of 2 results in 3 threads). 
This is normally best left at its default value, as anything other than 0 forces SONAR to use fewer cores than are available. Some recommend setting it to one less than the number of cores, but I do not know what the logic is behind this recommendation. 
Using more threads than the number of CPUs may worsen performance, due to added context-switching overhead and resource collisions. 


	MMCSSThreadPriority={1-8} (Default = 2) 

	Name
	Pro Audio
	[Wave]
	By default, SONAR uses the MMCSS task profile named Pro Audio. If desired, you can instruct SONAR to use a custom MMCSS task profile. 

Additional View/Info:
Prior to SONAR 8, this variable was used to set the priority for tasks with an MMCSS scheduling priority of High. Since version 8, SONAR has used an MMCSS profile (called “Pro Audio”; see below), after which this variable no longer serves any purpose. 


	MME.DriverMap.UseWaveIn1=(Default:)
	
	
	
	UNDOCUMENTED

	MME.DriverMap.UseWaveOut1=1
	
	
	
	UNDOCUMENTED

	OpenInputFirst <0,1> (default=0) 


	
	
	[Wave]
	UNDOCUMENTED

	PanLaw=<1-6> (default=0) 




	
	
	[Wave]
	See Sonar Reference Page 520, 2186

(Edit -> Preferences -> Audio –>Driver Settings–> Stereo Panning Law )

Pan law selection to apply to future projects. Pan law selection is also stored in project files, so changing this will not affect previous projects. All subsequent projects will inherit this setting, though. 
0=  0db centre, sin/cos taper, constant power
1= -3db centre, sin cos taper, constant power
2=  0db centre, square-root taper, constant power
3=  -3db centre, square root taper, constant power
4=  -6db centre, linear taper
5=  0db centre, balance control


	PanLawCompatMode=<0,1> (default=0) 

	Boolean
	0
	[Wave]
	See Sonar Reference Page 520, 1895

Additional View/Info:
A panning bug was fixed in 8.5.2 wherein pan laws (other than the default 0db center) were being applied twice. After being fixed, however, old projects brought up in the new version would be messed up. Setting PanLawCompatMode to 1 forces SONAR to recreate the bug for backward compatibility with projects that were created while the bug was in effect. Note that the default pan law option (0db center) was never affected by the bug and is not affected by this setting. 


	PanMethod=<n> (default=1) 

	   
    
	
	[Aud]
	UNDOCUMENTED

Additional View/Info:
Maybe related to the VolMethod variable, which is a compatibility setting for PA9 projects. 


	PicCacheLevels=<n>
 (default = 2) 


	 
 
	
	[Aud]
	
UNDOCUMENTED

	PicCacheMB=<size in MB> (default=500) 

	Integer                 
	20
	[Aud]
	This variable specifies the maximum size of the picture cache. The picture cache is located in the directory specified by the PictureDir=<path> variable (defaults to <Cakewalk Folder>\Picture Cache).


	PicCacheZoom (default=128) 



	  
  
	
	[Aud]
	
UNDOCUMENTED

	PictureDir=<drive:path name>
	 Path                      
	<Cakewalk
directory>\Picture
Cache
	[Aud]
	This line specifies where to store the picture cache.

	{Plug-in CLSID}.EnableFlags=<0
- 3>
	Integer
	0
	
	See Sonar reference Page 1278

This variable goes in the [PluginUpsampler] section, and specifies whether resampling is applied. It corresponds to the Upsample on Render and Upsample on Playback settings in SONAR’s UI. Valid values are as follows:
• 0 = Disables upsampling
• 1 = Enables upsampling at render time
• 2 = Enables upsampling during playback
• 3 = Enables upsampling at render time and during
playback


	{Plug-in
CLSID}..SampleRate=<0 -
384000>
	Integer
	0
	
	See Sonar reference Page 1278

This variable goes in the [PluginUpsampler] section, and specifies the per plug-in upsampling rate. It defaults to a value of 0 (zero), which means “resample at twice the project sample rate”. The max sample rate is 384000 Hz.
This variable is not stored in the Audi.ini file by default, so it must be manually added if you want to change a plugin’s upsample rate.


	ProfiledKS=



	
	
	[Wave]
	
UNDOCUMENTED

	ProfiledMME=



	
	
	[Wave]
	
UNDOCUMENTED

	ProfiledWASAPI=



	
	
	[Wave]
	
UNDOCUMENTED

	RadiusStretchingPhaseCoherence=(Default:50)


	
	
	[Aud]
	
UNDOCUMENTED

	RadiusStretchingPitchCoherence=(Default:50)


	
	
	[Aud]
	
UNDOCUMENTED

	ReadCache=<0, 1> (Default = 0) 




	
 
	
	[Aud]
	Sonar Reference Page 1761, 1840, 2198

(Edit -> Preferences -> Audio –>Sync and caching–> File System–> Enable Read Caching )
0=unchecked
1=checked

Additional View/Info:
Corresponds to the “Enable Read Caching” option .
If enabled, SONAR will use Windows’ disk cache while reading audio data. The default is to have read caching disabled, which is the recommended setting for all contemporary disk drives. The exception would be older IDE controllers that are not DMA-enabled. The same advice applies to the WriteCache setting below. 


	RealtimePreroll=<0 or 1> (Default = 0) 

	Boolean
	0
	[Aud]
	This variable specifies whether preroll buffers are
pumped as fast as possible or in real-time.
Prerolling in realtime may improve buffering and CPU load when using hardware DSP solutions such as the
Universal Audio UAD-1 or Focusrite Liquid Mix.


	RecordPreAllocSeconds={n} (Default = 0) 

	
	
	[Aud]
	Sonar Reference Page 2191

Corresponds to the “Record Pre-allocate File (seconds)” setting located at :
(Edit -> Preferences -> Audio –>Playback and Recording–> Record Pre-allocate File (seconds )

Specifies how much disk space to pre-allocate prior to recording. 
When this option is set to a value greater than zero, SONAR will pre allocate the file to be recorded to the size specified (in seconds). This means that the file will not be resized while recording until it reaches the allocated size. The setting has the potential to reduce disk activity while recording and allows for more possible tracks. The valid range is 0–14400 seconds and the default value is 0. A reasonable setting would be 10 minutes (600 seconds) to 30 minutes (1800 seconds).

Additional View/Info:
Introduced in SONAR 6.2.1. 
Can improve disk write performance in projects with high track counts, reduces disk thrashing and possibly reduce dropouts. 


	RenderBitDepth=<16 or 24 or 32 or 64>(default=32)
	
	
	[Wave]
	Sonar Reference Pages 1181, 1210, 1272, 1324, 1751, 1754 2099, 2215

This Refers to (Render Bit Depth /Value) located at:
(Edit -> Preferences -> File –>Audio Data–> File Bit Depths–> Render Bit Depth  )

Additional View/Info:
Word length when rendering audio, e.g. bouncing, freezing or importing audio data. Storage for the “render bit depth” setting in global audio settings. Anything other than 32 would be rare and not compatible with a lot of other programs etc.


	RemoveDCOffset=<0,1> (default = 0) 

	
	
	[Wave]
	See “Removing DC offset” Sonar Reference Page 1188, 1988 

(Edit -> Preferences -> Audio –>Playback and Recording–> Remove DC offset during recording
0= unchecked
1= checked
With this option enabled, SONAR filters out any DC Offset disturbances
that may be present during recording. 

Additional View/Info:
Some models of audio hardware produce a DC offset while recording, which is caused by electrical mismatches between the audio hardware and the input device or instrument. Although imperceptible, DC offset may cause problems in further stages of sound processing. 
An easy way to spot DC offset is to zoom in to a silent section of your sound file. If the silent waveform matches the centerline in the waveform display, your file does not contain DC offset.

https://www.cakewalk.com/Documentation?product=SONAR%20X2&language=3&help=EditingAudio.22.html




	ShowMultiChannelImputs<0,1> (default=1) 

	Boolean
	1
	[Wave]
	This is a line in the Wave section of the Aud.ini file that specifies whether SONAR uses multichannel audio devices as multiple stereo pairs or just a single stereo pair.


	ShowMultiChannelOutputs<0,1> (default=1) 

	Boolean
	1
	[Wave]
	This is a line in the Wave section of the Aud.ini file that specifies whether SONAR uses multichannel audio devices as multiple stereo pairs or just a single stereo pair.


	SmpteMode=<n> (default=1) 




	
	
	[Wave]
	See Sonar Reference Page 1728 to 1734

(Edit -> Preferences -> Audio –>Sync and Caching–> Synchronization–> )
 0 = Trigger & Freewheel
 1 = Full Chase Lock


	StartFadeMsec={n} 
(Default = 0) 



	
	
	[Wave]
	See Sonar Reference Page 482, 2191

(Edit -> Preferences -> Audio –>Playback and Recording–> Fade on Start (milliseconds)

When this option is set to a value greater than zero, starting playback will cause a gradual fade in of the audio for the specified duration. The valid range is 0–100000 and the default value is 0.


	StopFadeMsec={n} 
(Default = 0) 



	
	
	[Wave]
	See Sonar Reference Page 482, 2191

(Edit -> Preferences -> Audio –>Playback and Recording–> Fade on Stop (milliseconds)

When this option is set to a value greater than zero, stopping playback will cause a gradual fade out of the audio for the specified duration. The valid range is 0–100000 and the default value is 0.


	StopOnEmptyPlayQueue=


	
	
	[Wave]
	UNDOCUMENTED

	SuspendPluginsOnBounce=<0,1> (default=1) 

	Boolean
	1
	[Aud]
	This is a line in the [Wave] section of the Aud.ini file
that controls whether VST plug-ins are suspended and resumed prior to starting a bounce operation.
When set to 1 (default), VST plug-ins are suspended and resumed both before and after the bounce process. This flushes any residual buffers that might be present from plug-ins that have internal latency.

Additional View/Info:
When enabled, plugins are suspended and then resumed both before and after the bounce process. This flushes internal plugin buffers. New in 7.02. 


	SyncDivisor=( default:8) 



	
	
	[Wave]
	
UNDOCUMENTED

	SyncMaxDriftMsec=Default:2) 



	
	
	[Wave]
	
UNDOCUMENTED

	ThreadSchedulingModel=[0,1,2] (default=1) 

	IntegerInteger 

	1
	[Wave][Wave] 

	This variable goes in the [Wave] section and controls
the interaction of the main audio thread and worker
threads on multiprocessor systems when the Use
Multiprocessing Engine option is enabled. Depending on the system, a particular model may result in less
glitching and better overall performance. The values are as follows:This variable goes in the [Wave] section and controls the interaction of the main audio thread and worker threads on multiprocessor systems when the Use Multiprocessing Engine option is enabled. Depending on the system, a particular model may result in less glitching and better overall performance. The values are as follows: 0 = Same as previous versions of SONAR (scalable load balancing was introduced in SONAR 3) 1 = (default) Better thread balance. Model is more efficient and can provide cycles for other tasks, new at 8.3 (default) 2 = Additional worker thread is created. This may result in improvement with Quad processor systems or higher. Not recommended for Dual processor systems. 


0 = Same as previous versions of SONAR (scalable load balancing was introduced in SONAR 3) 

1 = (default) Better thread balance. Model is more
efficient and can provide cycles for other tasks, new at 8.3 (default) 

2 = Additional worker thread is created. This may result in improvement with Quad processor systems or higher.
Not recommended for Dual processor systems.


	ThumbnailCacheSize= 
(Default:100) 


	
	
	[Wave] 

	
UNDOCUMENTED


	TimingOffsetBuffers=(Default:0)



	
	
	[Wave]
	
UNDOCUMENTED

	TimingOffsetMsec=<negative value or positive value > (default=0.000000)



	
	
	[Wave]
	See Sonar Reference Page 2197

SMPTE timing offset
(Edit -> Preferences -> Audio –>Sync and caching–> Synchronization–> Timing offset(msec))


	TransDetectorModel=(Default:)
	
	
	[Aud]
	UNDOCUMENTED

	UseAlias=(Default:0)



	
	
	[Wave]
	
UNDOCUMENTED

	UseAsioReportedLatency=
<1> (default=1)


	
	
	
	 See Sonar Reference Page 2198

(Edit -> Preferences -> Audio –>Sync and caching–> Record Latency Adjustment–> Use ASIO Reported Latency )

Record Latency Adjustment (Samples)
This tells SONAR to assume input latency as reported by the interface. The latency reported by the interface may not reliable, so this setting allows the user to ignore the reported latency and use the manual offset instead. Applies to both WDM and ASIO despite its name. Input latency is stored in the LatencyMsec value, in milliseconds. This value corresponds to the “Use ASIO Reported Latency” Located at :

Additional View/Info:
Record Latency Adjustment (samples)
If you loop an audio output back into an audio input, and re-record a track this way, the audio doesn’t line up. For some sound cards, it is off quite significantly. This record latency adjustment is a compensation for that delay.
You can do an approximate measurement of the delay by turning on samples as the resolution unit in the Time Ruler, and comparing the original track with the re-recorded track. Then you can enter a value in the Manual Offset field to compensate.
If you use ASIO mode, enter 0 in the Manual Offset field and leave the Reported Input Latency check box checked (this check box only appears in ASIO mode). This will line up audio in most cases. If you think you can tweak it closer, use the Manual Offset field.
In ASIO mode, the current active ASIO device (remember ASIO can only have one active at a time) reports its “Input Latency.” You can't edit this value. This supposedly accounts for buffer size, A/D Conversion latency, etc. The check box allows you to use this reported value. It is checked by default. In any case, the amount entered into the Manual Offset field will be combined (added to) the reported value if you have it checked.


	Use24BitExtensible=<0 or 1> (default = 0) 

	Boolean
	0
	
	See Sonar Preference Pages 1752, 1833, 1891

This line goes in the section of the Aud.ini file under[name of your sound card (‘n’ in , ‘n’ out) ]. If you get an error message when you try to change the audio driver bit depth to 24, try setting this line to 1. Most USB audio devices that use WDM drivers need this line set to 1.

Additional View/Info:
Some USB interfaces require this to be enabled in order to work in 24-bit mode. Most USB interfaces that use WDM drivers need this option enabled. In some cases, drivers that can be opened in 24-mode with this flag off will not be able to open with this flag on. 


	UseExtensibleForMultChannelIO={0,1} (Default=1) 




	
	
	
	
Additional View/Info:
Introduce at 8.0.1. When enabled, the driver is initialized with a WAVEFORMATEXTENSIBLE format when it exposes multichannel pins. This is the standard Windows behavior for multichannel I/O. If you experience problems with multichannel audio drivers in WDM mode, set this value to 0. Some devices exhibit higher latency in WDM mode, perhaps resulting in dropouts or errors when running as a multichannel device. Some drivers require the older WAVEFORMATEX format and will require that this variable be set to 0. 


	UseHardwareSamplePosition=<0 or 1> (default = 0) 

	Boolean
	0
	[Wave]
	This variable applies to ASIO mode only and controls
whether SONAR internally compute the sample position based on buffer switch calls or uses the
ASIOGetSamplePosition reported value to retrieve the driver reported value.
Some drivers change the reported sample position based on how long a buffer switch took to complete and this can cause problems since SONAR expects the reported position to be in sync with the number of buffers actually streamed.

Additional View/Info:
Only applies to ASIO. If set, SONAR does not compute the sample position based on bufferSwitch calls, but rather uses the ASIOGetSamplePosition to retrieve the current sample position from the ASIO driver. Some ASIO drivers are unreliable in the regard, so the default is usually recommended. 
Also leave at default for WASAPI. 


	UseMMCSS=<0,1> (default = 1) 




	
	
	[Wave]
	See Sonar Reference Page 1780

This option gives real-time applications such as SONAR higher priority for resource scheduling (thread scheduling) under Windows 7 8 10  (leave it checked).

Additional View/Info:
Storage for the “use MMCSS” option. Multimedia Class Scheduler Service attempts to give CPU preference to audio (and video) processes.  


	UseWDMDmaForWASAPI={0,1} (Default=1) 




	
	
	[Wave]
	
UNDOCUMENTED

	VideoEngine=<0 or 1>
	Boolean 
	1
	
	See Sonar Reference Page 1780

This variable goes in the [Video] section, and specifies the default video engine. For example:
[Video]
VideoEngine=1
The values are as follows:
0 = DirectShow engine
1 = Media Foundation engine




	VolMethod=<0,1> (Default = 0) 




	 

	
	[Aud]
	For backward compatibility with Pro Audio 9 projects. It corresponds to an old setting in PA9 called MIDI Volume Mapping, which affects how MIDI volume faders work. This variable should only be altered if you are opening PA9 projects in SONAR and MIDI volume doesn’t sound right. 


	WaveInID = {n} (default = 0) 




	
	
	[Wave]
	
UNDOCUMENTED

	WaveInBuffers=<2-8> (Default = 8) 

	Integer
	8
	[Wave]
	When using the External Insert plug-in alongside the
original dry signal in WDM mode, you might notice a
flanging or flamming effect. 
To minimize this effect, we recommend that you set the WaveInBuffers Aud.ini   variable to 2.
Note: Setting the value to 2 might have an adverse effect with certain audio hardware, causing recording to drop out. If this occurs, reset the value to 8 and try using ASIO drivers if your hardware has ASIO support.

Additional View/Info:
If an external insert is used in parallel under WDM, and comb filtering is heard, set this variable to 2. This may have an “adverse effect” on “certain audio hardware”, causing dropouts. If this happens, reset the value to 8 and switch to ASIO. 


	WaveOutBuffersKS=(default:2)



	
	
	[Wave]
	
UNDOCUMENTED

	WaveOutBuffersMME=
(default:4)


	
	
	[Wave]
	
UNDOCUMENTED

	WaveOutExtraBuffers=(Default:1)


	
	
	[Wave]
	
UNDOCUMENTED

	WidePacking=
	
	
	
	
UNDOCUMENTED

	WriteCache=<0, 1> (Default = 0) 




	
   
	
	[Aud]
	Corresponds to the “Enable Write Caching” option located at:
(Edit -> Preferences -> Audio –>Sync and caching–> File System–> Enable Write Caching )
0=unchecked
1=checked

Sonar Reference Page 2198

Additional View/Info:
See the Read Cache setting, as well as the EnableCacheWriteThru variable. 


	ZeroFillDB=(Default:300)



	 

	
	[Aud]
	See below: 
ZeroFillMethod=

	ZeroFillMethod=<0-4> (Default = 2) 



	 
    
	
	[Aud]
	Determines how and whether silent buffers are filled with low-level DC values or noise in order to prevent the “denormal problem”. This problem occurs when signals drop to very low levels, causing the CPU to enter into “denormal mode”, which is very CPU-intensive. This in turn causes sudden spikes in CPU usage that can lead to dropouts. IIR filters are particular susceptible to this phenomenon. Adding small offsets or noise prevents the CPU from switching to denormal mode. 
The ZeroFillMethod variable determines what, if any, values are to be added to silent buffers in order to prevent the denormal problem. The related variable ZeroFillDB determines the level of the fill data. 
Value Action 
0 silent buffers filled with zeroes (no denormal prevention) 
1 buffers filled with positive DC values 
2 buffers filled with alternating positive and negative values, alternating on each buffer switch 
3 same as above, but polarity changes with each sample 
4 buffers filled with low-gain noise 




