Setup with Kalliope DAC:

Mac 0S X

JRiver ver. 19.0.124

Settings JRiver:

JRiver Audio \ Options:

Audio Device: v Kalliope USB [Core Audio]
Settings: v/ Bitstreaming: Yes (DSD)
Memory: v’ Play files from memory instead off disk ......
Volume: v Volume mode: Disabled Volume
|8 00 Options
Audio Zone to configure: | Player -
a Encoding I - Audio Device
[Esfl File Location w Kalliope USE [Core Audio]
General .. Device settings... - See next page

@ Library & Folders

« Setrings

* .. DSP & output format... - S€€ next page

w Bitstreaming: Yes (DSD)
w Prebuffering: & seconds (recommended)

I w Play silence at startup for hardware synchronization: None

Play files from memaory instead of disk (not zone-specific)
[ Disable display from turning off (useful for HOMI audio)

* Track Change
w Switch tracks: Cross-fade (aggressive) - 4s
Do not play silence (leading and trailing)
Use gapless for sequential album tracks

* Stop, Seek & Skip
w Seel: Smooth (normal)
w Stop: Fadeour (fast)
 Pause: Fade (fast)
... Jump behavior: Forward 30 seconds, backward 10 seconds

* Wolume
‘ w Volume mode: Disabled Volume

O Volume Protection

0 Maximum volume: 100
r Alternate Mode Sertings
~ Advanced

w Auto configure output settings on playback error Yes
... Configure input plug-in... - See next page
v Live playback latency: 30 milliseconds (recommended)

Type your search here

MOTE: Changes take effect once playback is stopped

0K Cancel Help
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... Device Settings... default settings as below:

T MMM LT ILT

ann Core Audio Settings

f Open device with exclusive access

Integer mode (requires 05X 10.9 and compatible hardware)
Channel offser: | O

Channel offser determines which outputs to use on
the selected device. Try different values (0, 2, 4,
efc.) until the audic is routed o the desired output.

|

Software: | 100 milliseconds (recommended) [w

Hardware: |Hardware default irecommended) |w

MNOTE: Increasing buffering makes playback more skip resistant, but

also increases latency (the time it takes for pause, seek, volume,
DSP, etc. to take effect).

Cancel
-
... DSP & output format... default settings as below:
DSP Studio -8 X
O Output Formaf Output Format Options
O Volume Leveling Not enabled (use checkbox on left to enable)
0O Adaptive Volume
O Equalizer Sound can be output in any format. For example, you can listen to an audio CD in 5.1 surround at 32-bit / 192 kHz.
n Advanced settings like multi-channel output or high sample rates require a sound card capable of these modes.
O Parametric Equal...
O Effects Output Encoding (more infa) Channels (more infa)
O Headphones None ~ Channels: | Source number of channels ~
O Tempo & Pitch o
O Room Correction Sample rate (more info) Mixing:
O Convolution Click in the output column to select a sample rate for ¥
O Parametric Equal... each input sample rate. Right-click to set all at once.
Analyzer Input Qutput -
Less than 44,100 Hz No change ~| Subwoofer (more infa)
Processed in order listed 44,100 Hz No change When source has no subwoofer (CD audio, etc.) and
(drag to reorder) 48,000 Hz No change ‘Channels' selection includes a subwoofer:
Manage Plug-ins... 88,200 Hz No change

96,000 Hz MNo change

Flat line overflows b 176,400 Hz No change . %]
Peak Level: nfa Source: nfa Internal: nfa Help
... Configure input plug-in... Off
X

DSD Configuration

Low-pass filter used for DSD-to-PCM conversion:

| Off (external low-pass strongly recommended) =

DSD requires a low-pass filter to remove high frequency noise
present in the 1-bit DSD format. If you leave this noise, it can
cause audible distortion or damage to your equipment. You can
use DSP Studio > Analyzer to view frequency information during

playback.
-
Cancel
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