CVCISoLO DSP INTRODUCTION

About DSP

The DMP-A8 integrates a DSP module, performing digital processing on the
signal between the digital signal and DAC.

When using the DSP function, please ensure that you are familiar with
acoustics and DSP-related knowledge, and make sure you areaware of the
consequences by adjusting the corresponding parameters. Otherwise, unexpected
results might occur.

Each DSP model has certain limitations, such as sampling rates and memory

size. Similarly, the DSP used in DMP-A8 has limitations regarding its sampling rate.

The supported PCM sampling rates for DMP-A8 are as follows:
44.1K / 48K / 88.2K / 96K / 176.4K / 192K

For PCM and DSD signals higher than 192K, DMP-A8 will pass them to the DAC in
Bypass mode. The internal working sampling rate of the DSP is 48KHz. When the
DSP function is enabled, all signals are asynchronously sampled (ASRC) to 48KHz

before undergoing signal processing.

Output ports supported by DSP:

XLR balanced output / RCA analog output

Input ports supported by DSP:

Internal player / Bluetooth input / USB-B input / Optical input 1
Optical input 2 / Coaxial input 1 / Coaxial input 2 / ARC input
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Using DSP

1.Enter DSP interface.
Locate the on the Home page and click to enter.

8 i 15548

Streaming Source Settings

SR

2.Access the DSP Configuration Interface

(@ DSP Configuration
This configuration pertains to the DSP parameters of DMP-A8. There is a default DSP
configuration upon entering. Additionally, you can create new configurations and give them

custom names.

DSP Config »

Config

Configure input source DSP

Internal player @ Bluetooth In ( I USB-B In n@ Optici

Config Config Config Confi »
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@ Configure input sources for DSP
We can choose different DSP configurations for each input source, and at the same time, we

can deactivate the DSP function for a specific input source.”

USB-B In

Config

3.Configure DSP

Choose a DSP configuration you want to design, click to enter:

< Config

DSP GAIN OF FIR Filter HPF/LPF

-5.0as

Delay Compressor @0 Loudness

Ocm

This diagram illustrates the internal signal processing flow of the DSP. The signal enters from

'In" and goes through each module. Finally, it exits from 'Out’.
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() DSP GAIN
To prevent signal overflow in backend modules, such as increasing positive gain in PEQ, it is

generally necessary to reserve enough gain margin. It is recommended to set it to -5dB.

@ PEQ (Parametric Equalizer) Parameters

0.0dB

The PEQ can be customized according to your needs, and different filters can be set for each

frequency band.

31.5(PEAK)

THR

After completing the design, save and exit. To activate the PEQ, the switch outside needs to
be enabled.
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® FIR Filter Finite Impulse Response Filter

< Config

Left channel @ Import

Right channel @or Import

The FIR Filter design only supports importing files. Different values can be set for left and
right channels.The supported file types are bin and WAV formats.

Bin Format:

Supports 2046 taps, the file must be a filter coefficient file generated by the FIR filter design
program, such as REW. The coefficient file must be in IEEE 754 single-precision binary
floating-point format.

WAV Format:

Filter impulse response files in WAV format are recommended to use a 32-bit floating-point
data format.

For example, filters generated using the REW tool in WAV format should adhere to this
recommendation.
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@ HPF/LPF

You can individually activate HPF or LPF, and you can also set the frequency.

< Config

® Loudness

The human ear is not very sensitive to high and low frequencies, so you can change the
loudness by adjusting the gain of high and low frequencies.

There are a total of 4 levels that you can choose from according to your needs, with "Bypass”
indicating that this function is turned off.

< Config

EEES
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® Dynamic Compressor

A compressor actually changes the ratio between input and output signals. For high-gain
signals, if you want to reduce some of the gain, you can achieve this through the Compressor
function. There are a total of 5 points available for setting. For example, in the diagram
below, if you want to decrease the gain of signals above -10dB, you can set it up like this, and

you can also adjust the compression ratio.

< Config

@ Delay
This function is for setting the delay of the left and right channels.
According to the speaker's position, set the distance correctly so that the sound from the left

and right channels arrives at the ears simultaneously.

< Config
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DSP BY{EF
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@ EERINIR DSP
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®) FIR Filter B PRBIOFIRLE R 25

< Config1

EEE @

FIR Filter RZFXHFS NN IS AG@EE LT EE,
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52046 D tap, XHMAIZ FIR EKRESRIZITEF EMAVRRESE REC, RS IAERA
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@ HPF/LPF & / {3558
BILLEIHTIT HPF 3% LPF, EBTthE] LUGEIE,

< Config1

® Loudness MR
AESTESMMEMNAREASRIEH, Frlel i AR SIMA RIS S T mE, &
HIZET 41NEL, JLURIEECHEERIERE, Bypass kA8

< Config1

Bypass
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® Compressor BIZSE4Res
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< Config1
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