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Preface

l. About This Datasheet

This document provides the information needed to design and integrate the S8 Upsampler Module into your
product. For more information, please refer to the product description available from the engineered Web
site at: www.engineered.ch

1. Company Information

engineered SA

Avenue des Sports 28

1400 Yverdon-les-Bains

Switzerland

+41 21534 39 66

info@engineered.ch / www.engineered.ch

Ill. Notice

engineered SA provides the enclosed product(s) under the following conditions:

The user assumes all responsibility and liability for proper and safe handling of the goods. Further, the user
indemnifies engineered from all claims arising from the handling or use of the goods. Information provided
by engineered is believed to be accurate and reliable. However, no responsibility is assumed by engineered
for its use. Please be aware that the products received may not be regulatory compliant or agency certified.
EXCEPT TO THE EXTENT OF THE INDEMNITY SET FORTH ABOVE, NEITHER PARTY SHALL BE LIABLE TO THE OTHER
FOR ANY INDIRECT, SPECIAL, INCIDENTAL, OR CONSEQUENTIAL DAMAGES. engineered currently deals with a
variety of customers for products, and therefore our arrangement with the user is NOT EXCLUSIVE.
engineered assumes NO LIABILITY FOR APPLICATIONS ASSISTANCE, CUSTOMER PRODUCT DESIGN, SOFTWARE
PERFORMANCE, OR INFRINGEMENT OF PATENTS OR SERVICES DESCRIBED HEREIN.

Please read the datasheet and, specifically, the “Product Warnings and Restrictions” notice in the datasheet
prior to handling the product. This notice contains important safety information. Persons handling the
product must have electronics training and observe good laboratory practice standards. No license is
granted under any patent right or other intellectual property right of engineered covering or relating to any
machine, process, or combination in which such engineered products or services might be or are used.

IV. Product Warnings and Restrictions

It is important to operate this product within the specified input and output range described in this
document. Exceeding the specified input range may cause unexpected operation and/or irreversible damage
to the product.

If you have questions regarding the input range, please contact engineered customer support prior to
connecting the power supply. Applying loads outside of the specified output range may result in unintended
operation and/or possible permanent damage to the product. Please consult the datasheet prior to
connecting any load. If you have doubts concerning the load specification, please contact engineered
customer support.

engineered SA - Switzerland doc.v.153e/rev. Oct-18
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V. Repair and Maintenance

Routine maintenance is not required. This product is warranted to be free of any defect with respect to
performance, quality, reliability and workmanship for a period of SIX (6) months from the date of shipment
from engineered.

In the event your product proves to be defective in any way during this warranty period, we will gladly
repair or replace this piece of equipment with a unit of equal or superior performance characteristics.

Should you find this product has failed after your warranty period has expired, we will repair your defective
piece of equipment as long as suitable replacement components are available. You, the owner, will bear any
labour and/or component costs incurred in the repair or refurbishment of said equipment, beyond the SIX
(6) months warranty period. Any attempt to repair this product by anyone during this period other than by
engineered or any authorized 3rd party will void your warranty.

engineered reserves the right to assess any modifications or repairs made by you and decide if they fall
within warranty limitations, should you decide to return your product for repair. In no event shall
engineered be liable for direct, indirect, special, incidental, or consequential damages (including loss and
profits) incurred by the use of this product. Implied warranties are expressly limited to the duration of this
warranty.

VI. Documentation Release Notice

This document is under revision control and updates will only be issued as a replacement document with a
new version number.

Product specifications are subject to change without notice.

engineered SA - Switzerland doc.v.153e/rev. Oct-18
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1 Introduction

1.1 Highlights

The S8 Module is an ultra-high performance Quad DAC Upsampler designed for high end, pro and consumer
audio applications. Key features for the S8 Module include:

e Superior performance asynchronous 24-bit/384kHz upsampling based on an enhanced version of
the patented Q5 technology.

e Integrates with DSS™ synchronization technology for efficient jitter rejection.

Scrambling™ technology providing enhanced low-level signal linearity and highest quality digital to

analog conversion using two DAC's per channel in differential mode.

DSD to PCM conversion.

DoP decoding.

Automatic input sampling frequency sensing.

Supports sample rates input from 44.1kHz to 384kHz and word length from 16- to 24-bit.

Two digital 8x FS upsampled output ports are available for interfacing to external D/A hardware.

Input format: I12S or 2-channel DSD.

Output format: mono-framed data format, 32-bit.

Standalone hardware and configurable software modes available.

TX0-Port and TX1-Port configurable in master/slave mode.

Programmable attenuator.

Compatible with S2 Module.

1.2 Functional Block Diagram

The S8 Module integrates four key technologies: Sonic Upsampling (enhanced version of the patented Q5),
DSS™ Synchronization, Sonic Scrambling™ and DSF™ filtering to deliver a highly integrated asynchronous
upsampler and digital synchronizer with best low-level signal linearity and high performance multi-DAC
differential output. The module features a single audio input port capable of supporting PCM data up to 24-
bit from frequencies up to 384kHz or stereo DSD64 (2.8224MHz) and DSD128 (5.6448MHz). In either case,
the DSD signal or the direct PCM input are upsampled to a common 8x FS PCM format.

S8 Module
Left Data +
. . >
Dlglt'al 12S / DSD PCM/DSD multi-DAC Dual DAC
Audio |——9» L data ) & analog
audio input Lo Left Data )
Source distribution > filter
reclocking
& .
upsampling Right Data +
. SPI+GPIOs multi-DAC P Dual DAC
Micro N control data & analo
controller interface e Right Data - halog
distribution > filter
Low Jitter Audio
Master Clock 24 576MHz
oscillator

Figure 1-1 - functional block diagram

engineered SA - Switzerland doc.v.153e/rev. Oct-18
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1.3 Sonic Upsampling

The S8 Upsampler Module includes several proprietary technologies: adaptive time filtering, data-to-system
synchronization, and an innovative virtual time-domain model. These technologies effectively reduce noise
artefacts caused by imperfect digital systems and allow the digital signal to closer represent the true analog
sound of the studio mastered audio data.

Adaptive time filtering allows the system to adapt to small fluctuations in the systems audio master clock.
The master clock is the heart of any digital audio system, however as all components that are constructed
from physical materials, they will at some point in time deviate from their ideal generalized behaviour
causing, in this case variation in frequency and system jitter in this important internal timing reference.
Typically, these variations will not be corrected for, however in S8 enabled devices the system automatically
adapts to these small fluctuations resulting in perfect “glitch” free analog sound even after endless hours of
continuous playback.

Data-to-System synchronization allows any incoming audio stream to be resynchronized and retimed to a
local high quality clock. By using a stable clock reference, the negative effects of inter-component jitter can
be minimized. When converting the digital audio to an analog signal through high performance D/A
converters, this reduction in jitter has enormous benefits in the level of detail and clarity in the
reconstructed analog sound. Combing this process with a virtual time domain model that uses an advanced
cubic interpolation algorithm to resample the incoming audio data, timing errors in this signal can be
compensated for at amazing levels of accuracy. The result is a tighter and more focused bass, an increased
stereo imaging, as well as clarity and separation for all musical instruments and voices.

1.4 Sonic Scrambling

The S8 Module output stage is based on the Sonic Scrambling™, a data distribution technology that improves
linearity in multi-DAC designs. The idea of the Sonic Scrambling™ is to provide highest quality Digital to
Analog conversion using two DAC's per channel in differential mode. However, the key is that the signals
sent to both DAC's of a given channel (Data+ and Data-) are identical. They are exact sign opposites of each
other with a (low level) random biasing signal, which is respectively added to DAC+ and DAC- to de-correlate
the signal’s LSBs from its content. By doing so, low-level signal linearity is enhanced, as these signals
reproduced by the DAC will be of random nature, thus spreading possible signal related distortion effects.

S8 Module D/A converters  current summing Analog stage
+
Data +I 384kHz I-to-V +
DAC #1 converter
Sonic - = |
analog
Scrambler P gifferential output
multi-DAC 'OV;’”'tpe?SS T
data - >
distribution 5 + ‘——f\>®——>
ata - 384kHz I-to-V -
’ DAC #2 converter

(one single channel is shown)

Figure 1-2 - Sonic Scrambling standard output configuration

engineered SA - Switzerland doc.v.153e/rev. Oct-18
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1.5 DSD to PCM Conversion

The S8 Module can use a Direct Stream Digital (DSD) audio stream at 2.8224MHz or 3.072MHz (64x 44.1kHz
or 48kHz), 5.6448MHz or 6.144MHz (128x 44.1kHz or 48kHz) as input audio source. A DSD stream is a one-
bit delta-sigma modulated digital audio signal sampled in a sequence of very high frequency. This format is
used to store audio on Super Audio Compact Disc (SACD) and is now popular on high-resolution music
available for download. Audio processing of the input DSD stream inside the S8 Module is done by first
converting the DSD data to PCM format thanks to the DSF™ Filtering, then using standard PCM audio
processing techniques. The audio channel configuration supported by the S8 Module is 2-channel stereo
DSD.

For seamless audio format integration, DoP (DSD over PCM) encoded input streams are automatically
detected and decoded. Detection is based on the specific DoP marker code. Stereo DSD data are then
extracted from the pseudo PCM data stream and sent to the DSD to PCM converter unit.

1.6 DSF™ Filtering

Due to its very high sampling rate (2.8224MHz, 3.072MHz, 5.6448MHz or 6.144MHz) and one-bit nature,
DSD is incompatible with already implemented signal processing functions targeting standard PCM data. The
Direct Stream Filtering (DSF™ Filtering) algorithm converts DSD streams to PCM up to 8x FS with superb
quality. The S8 Module integrates this feature in order to supply very high audio quality from a DSD 64 or
DSD 128 audio stream and therefore significantly enhances performance of any audio applications using this
single-bit encoding.

engineered SA - Switzerland doc.v.153e/rev. Oct-18
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2.1 Electrostatic Discharge Warning

Many of the components in this product are subject to be damaged by electrostatic discharge (ESD).
Customers are advised to observe proper ESD precautions when unpacking and handling the board,
including the use of a grounded wrist strap at an approved ESD workstation.

Caution: Failure to observe ESD handling procedures may result in damage to the device.

2.2 Recommended Operating Conditions

Table 2-1 indicates the recommended conditions under which the product should run properly.

Parameter

Recommend Condition

Power supply voltage

3.30vDC

Input signal voltage

VL (min/max) : 0.0V / 0.5V

V|H (min/max) 2.4V / 3.3V

Operating free-air temperature

TA(min/max): 0°C / 60°C

Table 2-1 - recommended operating conditions

2.3 Absolute Maximum Ratings

The user should be aware of the absolute maximum operating conditions for the S8 Module. Stress beyond
maximum ratings may cause permanent damage to the device. Table 2-2 summarizes the critical data points.

Parameter Min. Max.
Power supply voltage -0.30V 3.60V
Input signal voltage -0.30V 3.60V
Input current (any pins excepts supplies) -10mA +10mA
Output signal load impedance 180Q -
Operating free-air temperature -20°C 60°C
Storage temperature -20°C 85°C

Table 2-2 - absolute maximum ratings
2.4 Electrical Specifications

Parameter Min. Typ. Max.
DC supply voltage 3.10v 3.30V 3.60V
DC supply current 350mA 500mA
Input logic level high Vi 2.4V
Input logic level low V. 0.5V
Input logic current -0.5mA 0.5mA
Output logic level high Vi Vpp- 0.6V 3.10v Voo
Output logic level low V. 0 0.2V 0.4V
Output logic current -15mA 15mA

Table 2-3 - electrical specifications

engineered SA - Switzerland

doc.v.153e/rev. Oct-18
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Parameter Min. Typ. Max.
Master clock input frequency 24.5760MHz
PCM input resolution 16-bit 24-bit
PCM input sample rate 44 .1kHz 384kHz
PCM input format 12S
DSD input frequency 2.8224MHz 6.144MHz

DSD input format

2-channel 1-bit DSD (direct stream digital)

PCM output format

mono-framed left-justified mode / mono-framed right-justified mode

PCM output clocking

master / slave

PCM output sample rate ¥ 384kHz

Dynamic range 24-bit

THD+N -140dB -144dB -147dB

Table 2-4 - digital audio specifications
2.6 Digital Filter Characteristics
Filter type N taps | Norm.Fs [I:al\f;;rb::g] [it::;::::] Ripple Att.

Linear Phase 160 2 0.454 0.546 0.005dB 160dB
Minimum Phase 160 2 0.454 0.546 0.005dB 146dB
Linear Phase Apodizing 160 2 0.41 0.501 0.005dB 160dB
Minimum Phase Apodizing 160 2 0.41 0.501 0.005dB 146dB
Linear Phase Short 84 2 0.371 0.546 0.005dB 160dB
Minimum Phase Short 84 2 0.371 0.546 0.005dB 146dB
Linear Phase Short Apodizing 84 2 0.325 0.498 0.005dB 160dB
Minimum Phase Short Apodizing 84 2 0.325 0.498 0.005dB 146dB

Table 2-5 - digital filter characteristics

engineered SA - Switzerland
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2.7 Pin assignments

VDD
VDD
RESET
SPI_CS
SPI_SCK
SPI_MOSI
SPI_MISO —
DGND —
CLKIN

DSP_MODEO
DSP_MODE1 —

DSP_MODE2

DSP_MODE3

NC

DGND

2.8 Housing Dimensions

9l

top down view

[43

Ll

IRQ

DGND
OUTL_SDATA1
OUTL_SDATAO
OUTL_BITCLK

———| OUTL_FSYNC
———| DGND
———| OUTR_SDATA1

OUTR_SDATAO

—+——— OUTR_BITCLK

OUTR_FSYNC

———— DGND

RX_SDATA1
RX_SDATAQ
RX_BITCLK
RX_WDCLK

Figure 2-1 - pin assignments

56.00

83/00
d »|
-
O @,
3
o~
8
. J L &
.
_ 76.00 _
A
3 L 1
©v
' A
8 /Ji H 61.00 H ‘

Figure 2-2 - housing dimensions

+| 10.00
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Pin # Name Type Description

1 VDD Power Digital core and I/O power supply: +3.30V

2 VDD Power Digital core and I/O power supply: +3.30V

3 RESET Input Reset — active low, internal pull-up resistor

4 SPI CS Input Reset — active low, internal pull-up resistor

5 SPI_SCK Input Control port SPI clock

6 SPI_MOSI Input Control port SPI data input

7 SPI_MISO Output Control port SPI data output, open-collector, internal pull-up resistor

8 DGND Ground Digital core and I/O ground

9 CLKIN Input Master clock input

10 NC Do not connect | Cut pin
Output port data format

11 DSP_MODEO Input Low: mono-framed left justified output mode
High: mono-framed right justified output mode
DSD/PCM input format

12 DSP_MODE1 Input Low: PCM or DoP input stream
High: native DSD input stream
Output port clock master/slave

13 DSP_MODE2 Input Low: master mode, BITCLK and FSYNC are outputs
High: slave mode, BITCLK and FSYNC are inputs
Data Valid flag — active low

14 DSP_MODE3 Input Low: incoming audio data stream is valid
High: incoming audio data stream is not valid, output is muted

15 NC Do not connect | Reserved for factory use

16 DGND Ground Digital core and I/O ground

v | wowax | mu | SO s e o cod

18 RX_BITCLK Input PCM/DSD serial audio input Bit Clock

15 | RXSDATAD DUt | 05D seral st mput lft channel dta

20 RX_SDATA1 Input DSD serial audio input right channel data

21 DNGD Ground Digital core and I/O ground

22 OUTR_FSYNC Input/Output Serial audio output Frame Sync for right channel

23 OUTR_BITCLK Input/Output Serial audio output Bit Clock for right channel

24 OUTR_SDATAO Output Serial audio output data+ for right channel

25 OUTR_SDATA1 Output Serial audio output data- for right channel

26 DNGD Ground Digital core and I/O ground

27 OUTL_FSYNC Input/Output Serial audio output frame sync for left channel

28 OUTL_BITCLK Input/Output Serial audio output Bit Clock for left channel

29 OUTL_SDATAO Output Serial audio output data+ for left channel

30 OUTL_SDATA1 Output Serial audio output data- for left channel

31 DGND Ground Digital core and I/O ground

32 m Output Control port interrupt request — active low

Table 2-6 - pin descriptions

engineered SA - Switzerland

doc.v.153e/rev. Oct-18




S8 QUAD DAC UPSAMPLER 14/31

3 Interfacing and Operation

3.1 General Description

The S8 Module is a 2-channel, asynchronous digital data stream upsampler with D/A conversion error
minimization and multi-DAC data distribution. Operation at PCM input sampling frequencies from 44.1kHz
to 384kHz, DSD at 2.8224MHz or 5.6448MHz and output at 384kHz are supported. Best-in-class dynamic
range and THD+N are achieved by employing an innovative upsampling kernel with better than 147dB of
image rejection. Excellent low-level signal linearity and accuracy is provided by the Sonic Scrambling™
technology, which allows driving up to 2 DAC's per channel configured in differential mode.

The audio input port supports the 12S standard and the 2-channel DSD audio data format while the output
port is configured on mono-framed audio data format. Input word lengths from 16- to 24-bit are supported.
Input ports are operated in Slave mode, deriving their word and bit clocks from external input devices.
Output ports are operated in Master mode allowing the incoming data stream to be re-clocked and
synchronized around a single high quality master clock, referred to as DSS synchronization. In the Master
mode of the output ports, the FSYNC and BITCLK clocks are derived from the system master clock CLKIN.

The S8 Module includes a four-wire SPI port, which is used to access on-chip control and status registers in
Software mode. The SPI port facilitates interfacing to microprocessors or digital signal processors that
support synchronous serial peripherals. In Hardware mode, dedicated control flags are provided for basic
functions. These pins can be hard-wired or driven by logic or host control. In addition to the normal control
interfaces, the S8 Module provides an artefact-free soft mute function in software mode as well as automatic
input frequency sensing.
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3.2 Typical Connections

The S8 Module can be operated in hardware mode whereby the SPI port (*) is not needed to configure the
module but rather the FLAG pins. Please note that some features are accessed only by the SPI port therefore
hardware mode offers reduced functionalities. Figure 3-1 illustrates typical connexions with digital audio
receiver, a host MCU and two dual DAC’s.

WDCLK
—
BITCLK o] = | FSYNC
digital a 23
d, SDATAO o Z 9 | BITCLK
audio o <o
receiver | SPATAT 2 55 | SPATRO dual D/A
DATA VALID < b 2 | sDATA1 converter
oc W >
S F
MODEO
MODE1 S8 Module
MODE2 mk | FSYNC
Z
SPI_CS() i 28 [ ok
host sPLscK() | & 58 [_spamo dual D/A
processor | sp|_MmISO() g ('ED 2 | spatat converter
Y X
SPILMOSI() | & xTF
IRQ() ©
RESET
low-jitter
high quality

master clock

Figure 3-1 - typical connexions

3.3 Interfacing to Digital Audio Receivers

Audio input and output ports are designed to interface to a variety of audio devices, including receivers
commonly used for AES/EBU and S/PDIF communications. Figure 3-2 illustrates the interface between a
Cirrus Logic WM8804 receiver and the S8 input port whereby the S8 Module works as Slave and the receiver
as Master.

Careful impedance matching must be maintained between drivers, transmission lines and receivers to
minimize signal overshoot, undershoot or ringing. Figure 3-2 shows source damping-resistor terminations
of 33R as an example. Proper impedance matching and termination depends upon design and layout.

WM8804 S8 Module
LRCLK 33R RX_WDCLK
BCLK 33R RX_BITCLK
DOUT -—:Im— RX_SDATAO
RX_SDATAT
DSP_MODE1
GPO (GEN_FLAG) DATA VALID DSP_MODE3

Figure 3-2 - interfacing with a digital receiver
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In this case, DSP_MODE1 is low for PCM and DoP input support. A DoP encoded stream will be seen by the
digital audio receiver as a PCM data flow, but the S8 Module will detect it and extract DSD data. DSP_MODE3
is used for muting the S8 output when the receiver is unlocked or transmitting non-audio data.

3.4 Interfacing to D/A Converters

The S8 Module is designed specifically to drive four high performance 384kHz D/A converters. Connection
to four DAC's is illustrated in Figure 3-3. In that case the S8 works as Master and the DAC's as Slave. The
pairs IDAC_LEFT+/IDAC_LEFT- and IDAC_RIGHT+/IDAC_RIGHT- represent respectively the analog
differential current outputs for left and right channels. Figure 3-3 illustrates connexions with PCM1794A
from Texas Instruments Incorporated, but other DAC models from various manufacturers, or any similar
proprietary solutions can be implemented by applying the same concept.

PCM1794A
IDAC_LEFT_P
Master Clock LRCK IoUTL+ ——— >
BCK IOUTL- ]
24.576MHz DATA IOUTR+
oscillator @— SCK IOUTR- ®
and fan-out buffer
S8 Module PCM1794A
CLKIN T LRCK IOUTL+ —@
R
OUTL_FSYNC 33 T BCK IOUTL-
OUTL_BITCLK —8R DATA IOUTR+ IDAC_LEFT N
OUTL_SDATAO =R @®— SCK IOUTR- |—— >
OUTL_SDATA1 -
33R
1
OUTR_FSYNC p PCM1794A
OUTR_BITCLK Lt IDAC_RIGHT_P
OUTR_SDATAO 3SR *— LRCK IoUTL+ —————— >
OUTR_SDATA1 33R [ BCK IOUTL- 1
DATA IOUTR+
+3.3V ——1 DSP_MODEO &—| sck IOUTR- ®
J DSP_MODE2
Output ports configuration:
- right justified PCM1794A
- master mode
LRCK IOUTL+ —?
BCK IOUTL-
DATA IOUTR+ IDAC_RIGHT_N
— SCK IOUTR- ——>

Figure 3-3 - interfacing to D/A converters

The S8 is configured for mono-framed right justified output, Master mode. The PCM1794A D/A converter is
configured for External Digital Filter (Internal DF Bypass Mode) in monaural mode.

Master clock distribution must be carefully designed to minimise jitter. Best result is usually achieved by
using a clock fan-out buffer and point-to-point connexions to each device with proper impedance matching.
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Figure 3-4 here below shows an FFT plot achieved with an implementation of the S8 Module with four mono
DACs.

Measurement conditions: 24-bit 48kHz PCM I2S input signal
1kHz 0dB FS sine wave
Balanced analog output, 4V RMS
Prisme D-Scope Ill audio analyser, 20Hz - 20kHz bandwidth
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-140.00 : ————————————
-160.00 : R ‘ I . }
20.00 Hz 100.00 1000.00 10000.00 20000.00

Figure 3-4 - FFT measurement example

3.5 Reference Master Clock

The S8 Module requires a low-jitter master clock for operation. This clock must be supplied at the CLKIN
input (pin 9) directly from an external crystal oscillator or by a clock buffer. The S8 Module is designed to
work with a single frequency at 24.5760MHz. As a result, all the audio output sampling frequencies will be
derived from a multiple of 48kHz.

The master clock signal must be carefully routed to minimise jitter. A point-to-point connection with proper
impedance matching is recommended.

3.6 Reset and Power On

The S8 Module may be reset using the RESET input (pin 3). It has to be held low for a minimum of 500ns to
guaranty a proper reset. The RESET has an internal pull-up resistor. Furthermore, the S8 integrates an
internal power-on reset management, so the user doesn’t need to force a reset sequence after power up in
order to initialize the module.

Once the reset is released, there is a 400ms delay for the module to be operational. In software mode, the
host MCU must observe this delay before attempting to write to the SPI port due to internal logic
requirements.
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3.7 Audio Serial Input Port (RX)

The RX audio input port is a four-wire synchronous serial interface working in Slave mode. In PCM mode, the
port uses three signals, namely RX WDCLK (pin 17), RX BITCLK (pin 18) and RX _SDATAO (pin 19).
RX WDCLK provides the frame synchronization clock while RX_ DATAO and RX _BITCLK are used to
respectively transfer the serial audio data and clock the serial data into the port. This latter supports
sampling frequencies up to 384kHz. The audio data word length may be up to 24bit and the audio data is
always binary two’s complement with the MSB first.

In DSD mode, three signals out of four are used, RX_BITCLK (pin 18), RX_SDATAO (pin 19) and RX_SDATA1
(pin 20) pins. RX_BITCLK provides the DSD clock synchronization (2.8224MHz, 3.072MHz, 5.6448MHz or
6.144MHz) while RX_SDATAO and RX_SDATA1 are respectively the left and right channel data. Figure 3-5
illustrates the audio data stream of each mode.

In software mode, the Input Control Register allows to select the input audio data format mode. Two bits are

used to choose the mode, namely FMTO and FMT1. The configuration in the Input Control register is OR-ed
with the DSD Input pin DSP_MODE1.

[(d £C

sreuc | fIFFSLSLA LRSI

ww<_ffffffffffffffffffffffffffi

SDATAO

SDATA1

Figure 3-5 - audio input port data format

In hardware mode, it is the DSD Input pin DSP_MODE1 that allows the input audio data format mode to be
configured. When DSD Input pin is high, the DSD mode is selected as opposed to low where the PCM mode is
enabled. DoP data and clocking is equivalent to PCM, therefore DSP_MODE1 must be low for DoP stream.
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3.8 Audio Output Ports (OUTL and OUTL)

The OUTL and OUTR audio output ports are four-wire synchronous serial interfaces working in
Master/Slave mode and they are configured in a mono data format called here MonoFramed Data Format.
OUTL_SDATAO (pin 29) and OUTL_SDATA1 (pin 30) outputs are the upsampled PCM serial data outputs for
the left channel. OUTR_SDATAO (pin 24) and OUTL_SDATAO (pin 25) outputs are the upsampled PCM serial
data outputs for the right channel.

The OUTL_BITCLK (pin 28) and OUTR_BITCLK (pin 23) are configured as outputs in Master mode or input in
Slave mode, they operate at a rate of 32x FSYNC. The left/right word clocks referred to as frame sync,
OUTL_FSYNC (pin 27) and OUTR_FSYNC (pin 22), are also configured as output pins in Master mode or input
pins in Slave mode and they are set to operate at rate 8x FS.

— $ $ 5 $
FSYNC | |
55
e TITITIOUT IO OO o
. Output (word n) . « Output (word n+1) . .
p2J ) » P2 pJ
S DATAO MSB LsSB MSB LsB
(C [(d [(d [(d [(d
p2J P2 » ) )
» Output (word n) . . Output (word n+1) . .
) P2 B2 B2 P
SDATA1 MSB LsB MSB LsB
(C [(d [(d [(d [(d
P ) » P )

Figure 3-6 - MonoFramed DSP Mode

The audio output ports are configured either in MonoFramed DSP Mode or MonoFramed Right-Justified
Mode. The audio data word length is set to 32-bit. The audio data is always Binary Two’s Complement with
the MSB first. Refer to Figure 3-6 and Figure 3-7 for the output data formats.

—5 % ) 55 %
FSYNC g ¢ | |
5
sreu T ITTTRLTI UL R E gy
: ({gutput (word n) . f‘(‘;Dutput (word n+1) g
S DATAO MSB LSB MSB LSB
5—% $ $ $
i Qutput (word n) OQutput (word n+1)
55— % $ %
SDATA1 : MSB LsB MSB LsB
[CA (4 « « «

P 2 P ] 25 P2
' 1]
.

Figure 3-7 - MonoFramed Right-Justified DSP Mode
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3.9 Data Resolution and Dither

When using the serial audio input port in I12S mode, all input data is processed as 32-bit wide. Any audio data
width truncation (compared to the original audio data source), performed prior to the S8 Module, should
have been done using an appropriate dithering process. There is no dithering mechanism on the input side
of the S8 Module, so care must be taken to ensure that no truncation occurs. The audio output ports are set
to 32-bit.

3.10 Incoming Sampling Rate and Locking

When the S8 Module processes the incoming audio data stream, it calculates the ratio between the input and
output sample rates and uses this information to set up various internal parameters. In PCM input mode, the
S8 Module accepts standard sampling frequencies of 32, 44.1, 48, 88.4, 96, 176.4, 192, 352.8 and 384kHz
with a £2% deviation from the nominal value. Whereas in DSD input mode, the S8 Module accepts sampling
frequencies of 2.8224, 3.072, 5.6448 and 6.144MHz with a 2% deviation from the nominal value. If a non-
standard input sampling frequency is found or the standard sampling rate deviates more than 2% from the
nominal value, the S8 Module will NOT process the incoming data and will be a status of unlocked.

The S8 Module can dynamically compensate for drift and fluctuations in the incoming input sampling
frequency where the processing will track the incoming sample rate and automatically adjust the sample
rate conversion process in order to maintain the highest level of audio quality.

In Software mode, Input Control Register functions as status registers, which contains the input frequency
sampling detected. The INTREQ pin reflects the lock state of the module. If there is a change in the input
sampling rate the INTREQ signal goes low to indicate an unlock state until the S8 Module reacquires a valid
ratio. At this point, the INTREQ will transition high.
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3.11 Muting

The OUTx_SDATAO, OUTx_SDATA1, OUTx_BITCLK and OUTx_FSYNC pins are all low (hard mute) when
module is either in reset state or unlocked (no audio source or Data Valid flag high). These pins become valid
as soon as the S8 Module gets locked.

When the module is locked, OUTx_SDATAOQ, OUTx_SDATA1 pins can be set to all zero by applying a soft mute
through the configuration of the “Mute” bit in the SPI process control register. In this case OUTx_BITCLK and
OUTx_FSYNC are still active. Thus, in hardware mode, only the Data Valid flag pin can be used whereas in
software mode, there are two ways to put the module in mute, which are the Data Valid flag or the “Mute” bit
in the SPI register.

3.12 Phase Inversion

The S8 Module includes a phase inversion function whereby the output data can be inverted compared with
audio input signal. By default, this function is disabled and can only be enable in software mode. The selected
configuration can be changed through the LSB bit called PHI of the Process Control Register. All other
features of the module don’t affect this function.

3.13 Stereo DSD to PCM Conversion

The S8 Module includes a stereo DSD to PCM converter. This gives the possibility of connecting a DSD input
stream on the RX input port and using this stream as main audio source. The selection of the DSD input
format is done by setting DSP_MODE1 pin in hardware. In software mode, the FMT bits in Input control
register allows to enable the DSD input format.

As described in chapter 3.7 “Audio Serial Input Port (RX)”, the RX audio input port is a four-wire
synchronous serial interface that is configured to operate in Slave Mode. Only three out of four lines are
used. The RX_SDATAO and RX_SDATAT1 lines are the serial audio data inputs for DSD left and right channels
respectively. DSD data format is 1bit stream, therefore no frame synch is needed.

DoP (DSD over PCM) is received by the input port RX as a PCM stream and accordingly DSP_MODE1 must be
low. DoP encoded input stream is automatically detected by the PCM input unit according to the specific DoP
marker code. Stereo DSD data are then extracted from the pseudo PCM data stream and sent to the DSD to
PCM converter unit.

3.14 Digital Filter Selection

The S8 Module implements an enhanced version of the patented Q5 Upsampling technology. It offers a
choice of 8 digital filter types, which selection can be access in Software Mode only. Refer to Table 2-5 for a
comparison of the filters characteristics.

Linear Phase filter only affects signal amplitude. The phase response of the filter is a linear function of
frequency and consequently there is no phase distortion. However, such filter response introduces moderate
amount of pre-ringing and post-ringing as shown in Figure 3-8.

Figure 3-9 illustrates a Minimum Phase filter. This filter type only adds post-ringing artefacts, but shows a
higher amount of post-ringing than that of a Linear Phase filter with the same frequency response.
Furthermore, Minimum Phase filters introduce a slight phase shift that increases with frequency.

Apodizing filters are designed for a full attenuation at the Nyquist frequency in order to avoid any aliasing
artefacts. The cut-off frequency is slightly lower compared to a non-apodizing filter.

Filter taps represent the number of samples used in the FIR delay chain. 160 taps filters provide sharper
transition band but introduce longer pre/post ringing.
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0.20

0.00 ms

Figure 3-8 — Response of a Linear Phase Apodizing filter with 160 taps

0.20

0.00 ms

Figure 3-9 - Response of a Minimum Phase filter with 160 taps

synchronize with the incoming audio data stream. If the Data Valid flag is high, then the module will never

attempt to lock and the outputs will be hard muted. If the Data Valid flag is low, then the module will attempt
to find the input sampling frequency and process the audio data as long as they are valid. The INTREQ pin

can be used to track the module state (lock / unlock).

The S8 Module uses the Data Valid flag (DSP_MODE3) input pin to know whether it should attempt to

3.15 Data Valid flag (DSP_MODE3)
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3.16 Serial Port Interface (SPI Port)

The SPI port is the interface used to operate the S8 Module in software mode. This port allows the system
host MCU to access S8 Module internal registers for read and write operations. The host MCU is referred as
the Master Device and the S8 Module is referred as Slave Device.

The operation of the SPI port may be completely asynchronous with respect to the audio stream rates.
However, it is recommended to keep the port pins static if no operation is required.

The SPI port is a four-wires serial interface where SPI_CS (active low) is the module chip select signal,
SPI_SCK is the control port bit clock (input into the module from the Master Device), SPI_MOSI is the input
data line from Master Device and SPI_MISO is the output data line to the Master Device. Data is clocked in on
the rising edge of SPI_SCK and clocked out on the falling edge.

SPI CS Set SPI_CD = 0 to write/read a single register location
SPI_SCK |||| ||||| ||||||||||
SPI_MOSI Header Byte Data Byte
SPI Write
register
SPI_MISO Hi-Z
SPI_MOSI Header Byte
SPI Read
. <
register
SPI_MISO Hi-Z Data Byte Hi-Z
( MSB LSB
0(0) 0 [RW|O|A2|A1]|A0
\ J AN J
Header B
cader Byte < I Set A2-0 to register address for read /write operation
Setto 0
Set to 0 for Read , Set to 1 for Write
L Setto 0
( MSB LSB
D7|D6 (D5 |D4|D3|D2|D1|D0
Data Byte <

| Contains register data bits

Figure 3-10 - SPI protocol for register read/write operations
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Table 3-1and Figure 3-10 illustrate the operation of the SPI port as well as the protocol for register read and

write operations.

Byte Name MSB Bit 6 Bit 5 Bit 4 Bit 3 Bit 2 Bit 1 LSB
Header Byte 0 0 0 RW 0 A2 Al AO
Data Byte D7 D6 D6 D4 D3 D2 D1 DO

Table 3-1 - SPI byte definition for register read/write operations
A2 - A0 Register address selection
RW Read/Write control
0: Register Read
1: Register Write
DO - D7 Register data
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4 Hardware Mode

4.1 General Description

The S8 Module can work in hardware mode which allows the device to operate without a host system or
serial communication on the SPI port. The device is considered in Hardware mode when the MD_CS pin is
left unconnected or pulled up with a resistor (10k) to VDD. In this mode, the module starts in a default
configuration. However, the four DSP_MODEZx pins remain valid and are used for setting the S8 Module in the
correct operation mode.

4.2 Hardware Configuration

To work in hardware mode, the SPI port can be left unconnected. DSP_MODEx pins are described here
below.

Pin # Name Type Description
11 DSP_MODEO Input Output port data format
12 DSP_MODE1 Input DSD/PCM input format
13 DSP_MODE2 Input Output port clock master/slave
14 DSP_MODE3 Input Data Valid flag — active low

Table 4-1 - DSP-MODEXx hardware control summary

DSP_MODEOQO Output port data format
0: mono-framed left justified output mode
1: mono-framed right justified output mode

DSP_MODE1 DSD/PCM input format
0: PCM or DoP input stream
1: native DSD input stream

DSP_MODE2 Output port clock master/slave

0: master mode, BITCLK and FSYNC are outputs
1: slave mode, BITCLK and FSYNC are inputs
DSP_MODE3 Data Valid flag
0: incoming audio data stream is valid
1: incoming audio data stream is not valid, output is muted
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5.1 General Description

The S8 Module software mode requests the device to operate with a host system having an SPI port. This
mode allows the host system to configure or read information from the S8 Module by accessing its internal
registers through the SPI port (see chapter 3.16 “Serial Port Interface (SPI Port)” for further details on SPI

operational port). The following chapters give details and bits definition of each register as well as their

default setting after reset.

S8 Module Registers Overview

Addr | Register Name Bit 7 Bit 6 Bit 5 Bit 4 Bit 3 Bit 2 Bit 1 Bit 0
0x00 | Input Status SFMTO X XFS3 XFS2 XFS1 XFSO FMT1 FMTO
0x01 | Filter Control X X X X X FLT2 FLT1 FLTO
0x02 | Process Control X X X X X DATA MUTE PHI
0x03 | Level Attenuator Left LCL7 LCL6 LCL5 LCL4 LCL3 LCL2 LCL1 LCLO
0x04 | Level Attenuator Right LCR7 LCR6 LCR5 LCR4 LCR3 LCR2 LCR1 LCRO
0x05 | Scratch Register SCR7 SCR6 SCR5 SCR4 SCR3 SCR2 SCR1 SCRO
0x06 | Software Revision REV7 REV6 REV5 REV4 REV3 REV2 REV1 REVO
0x07 | Product ID ID7 ID6 ID5 ID4 ID3 ID2 ID1 IDO
0x08 | Reserved for factory use - - - - - - - -
0x09 | Sub Product ID SID7 SID6 SID5 SID4 SID3 SID2 SID1 SIDO
O0x0A | Reserved for factory use - - - - - - - -
0x0B | DC Offset Left DCL7 DCL6 DCL5 DCL4 DCL3 DCL2 DCL1 DCLO
0x0C | DC Offset Right DCR7 DCR6 DCR5 DCR4 DCR3 DCR2 DCR1 DCRO
Table 5-1 - register map
5.2 Input Status Register
Register address: 0x00

MSB Bit 6 Bit 5 Bit 4 Bit 3 Bit 2 Bit 1 LSB
Bit name SFMTO X XFS3 XFS2 XFS1 XFSO FMT1 FMTO
Access type R R R R R R R R
Default value 0 0 0 0 0 0 0 0

FMT 1..0

XFS 3..0

Input Format

00: 12S

01: reserved
10: reserved
11: DSD

Input Sampling Frequency

0000: Unlock
0001: 32kHz
0010: 44.1kHz
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0011: 48kHz
0100: 88.2kHz
0101: 96kHz
0110: 176.4kHz
0111: 192kHz
1000: 352.8kHz
1001: 384kHz
SFMTO Input Sub Format
0: PCM
1: DoP (PCM frame containing encapsulated DSD data)
5.3 Filter Control Register
Register address: 0x01
MSB Bit 6 Bit 5 Bit 4 Bit 3 Bit 2 Bit 1 LSB
Bit name X X X X X FLT2 FLT1 FLTO
Access type R/W R/W R/W R/W R/W R/W R/W R/W
Default value 0 0 0 0 0 0 1 0
FLT 2..0 Oversampling filter selection
000: Linear phase 160 taps
001: Minimum phase 160 taps
010: Linear phase apodizing 160 taps
011: Minimum phase apodizing 160 taps
100: Linear phase 84 taps
101: Minimum phase 84 taps
110: Linear phase apodizing 84 taps
111:  Minimum phase apodizing 84 taps
5.4 Process Control Register
Register address: 0x02
MSB Bit 6 Bit 5 Bit 4 Bit 3 Bit 2 Bit 1 LSB
Bit name X X X X X DATA MUTE PHI
Access type R/W R/W R/W R/W R/W R/W R/W R/W
Default value 0 0 0 0 0 0 0 0
PHI Phase Inversion
0: Phase inversion OFF
1: Phase inversion ON
MUTE Audio output ports mute
0: Mute OFF
1: Mute ON
DATA Data Input Mode
0: 352.8kHz/384kHz PCM input stream uses two data lines
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1: 352.8kHz/384kHz PCM input stream uses one single data line
5.5 Level Attenuator Left Channel Control Register
Register address: 0x03
MSB Bit 6 Bit 5 Bit 4 Bit 3 Bit 2 Bit 1 LSB
Bit name LCL7 LCL6 LCL5 LCL4 LCL3 LCL2 LCL1 LCLO
Access type R/W R/W R/W R/W R/W R/W R/W R/W
Default value 0 0 0 0 0 0 0 0
LCL7..0 Level attenuator for left channel
0: 0.0dB
1: -0.5dB
2: -1.0dB
253: -126.5dB
254: -127.0dB
255:  Mute
5.6 Level Attenuator Right Channel Control Register
Register address: 0x04
MSB Bit 6 Bit 5 Bit 4 Bit 3 Bit 2 Bit 1 LSB
Bit name LCR7 LCR6 LCR5 LCR4 LCR3 LCR2 LCR1 LCRO
Access type R/W R/W R/W R/W R/W R/W R/W R/W
Default value 0 0 0 0 0 0 0 0
LCR 7.0 Level attenuator for right channel
0: 0.0dB
1: -0.5dB
2: -1.0dB
253: -126.5dB
254: -127.0dB
255:  Mute
5.7 Scratch Register
Register address: 0x05
MSB Bit 6 Bit 5 Bit 4 Bit 3 Bit 2 Bit 1 LSB
Bit name SCR7 SCR6 SCR5 SCR4 SCR3 SCR2 SCR1 SCRO
Access type R/W R/W R/W R/W R/W R/W R/W R/W
Default value 0 0 0 0 0 0 0 0
SCR7..0 Scratch register for debugging purpose
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5.8 Software Revision Register
Register address: 0x06
MSB Bit 6 Bit 5 Bit 4 Bit 3 Bit 2 Bit 1 LSB
Bit name REV7 REV6 REV5 REV4 REV3 REV2 REV1 REVO
Access type R R R R R R R R
Default value - - - - - - - -
REV 7..4 Major revision
REV 3..0 Minor revision
5.9 Product ID Register
Register address: 0x07
MSB Bit 6 Bit 5 Bit 4 Bit 3 Bit 2 Bit 1 LSB
Bit name ID7 ID6 ID5 ID4 ID3 ID2 ID1 IDO
Access type R R R R R R R R
Default value 0 0 0 0 0 1 0 0
ID 7.0 Product ID code
Permanently set to 0x04 for backward compatibility with Sonic 2 Module
5.10 Product Sub-ID Register
Register address: 0x09
MSB Bit 6 Bit 5 Bit 4 Bit 3 Bit 2 Bit 1 LSB
Bit name SID7 SID6 SID5 SID4 SID3 SID2 SID1 SIDO
Access type R R R R R R R R
Default value 0 0 0 0 1 0 0 0
SID 7..0 Product SUB-ID code

Permanently set to 0x08 for S8 Module
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5.11 DC Offset Left Channel Control Register
Register address: 0x0B

MSB Bit 6 Bit 5 Bit 4 Bit 3 Bit 2 Bit1 LSB
Bit name DCL7 DCL6 DCL5 DCL4 DCL3 DCL2 DCL1 DCLO
Access type R/W R/W R/W R/W R/W R/W R/W R/W
Default value 0 0 0 0 0 0 0 0
DCL 7..0 DC offset for left channel

Signed integer number with 0.5mV steps

0: 0.0mV

1: 0.5mV

2: 1.0mV

255:  -0.5mV

254: -1.0mV

253: -1.5mV

5.12 DC Offset Right Channel Control Register
Register address: 0x0C

MSB Bit 6 Bit 5 Bit 4 Bit 3 Bit 2 Bit 1 LSB
Bit name DCR7 DCR6 DCR5 DCR4 DCR3 DCR2 DCR1 DCRO
Access type R/W R/W R/W R/W R/W R/W R/W R/W
Default value 0 0 0 0 0 0 0 0
DCL 7..0 DC offset for right channel

Signed integer number with 0.5mV steps

0: 0.0mV

1: 0.5mV

2: 1.0mV

255:  -0.5mV

254:  -1.0mV

253:  -1.5mV
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6 Related products

6.1 Backward Compatibility

The S8 Module offers similar functionality as the previous Edel S2 Upsampler Module and has been designed
with backward compatibility in mind. Therefor products using the Edel S2 will work with the S8 without
requiring any redesign effort. Compatibility consideration between the Edel S2 and the S8 Modules are
detailed here below:

Identical housing and pin-out

Identical functionality

Similar electrical specifications

Hardware mode control is identical

Software mode control offers the same registers and adds more options

The S8 offers increased calculation power and enhanced processing algorithms for better sound
quality

6.2 Q8 Upsampler Module

The Q8 Module shares the software and hardware technology with the S8 Module, but is optimized for
projects requiring a down-sampled output. The first digital audio output port provides up-sampled data at
384KkHz for driving a dual-DAC system. The second digital audio output port provides a direct down-sampled
stream configurable for 1x FS (48kHz), 2x FS (96kHz) or 4x FS (192kHz) operation.

The Q8 Module is backward compatible with the previous Edel Q5 upsampler Module.

6.3 Custom applications

The S8 Module is based on a modern digital platform which runs engineered’s software framework for
digital audio processing. This core system can be used for many custom applications where specific
processing is required:

Cross-over

Time/phase correction

Equalization

Compensation for loudspeaker characteristics
Etc.

Please check our web site for more information and contact us for development of custom solutions that
meets your product requirements.
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