Baby Yoda (S1 Pro +)
Theory of Operation

Mike Danielson, Jordan Bonner, Dave Ostrer
Add Date of Completion – version 1


Contents
Product Overview	3
Key features and characteristics	3
Part Numbers	4
Accessories	4
Mechanical assembly	5
Accoustic Description	6
Electrical architecture	6
PCBA variant identification	6
Block diagrams	7
01 |	MAIN PCB: Control and audio path	7
02 |	I2S Block Diagram	8
03 |	POWER PCB: SMPS, Battery Charge/Boost, Power Amplifier	9
04 |	Power Flow Diagram	9
Power supply and amplifier	10
The Baby Yoda power supply consists of a single Flyback with universal input voltage range which provides a 26V DC Output to Power the Amplifier, Audio & Control Circuitry and Battery Charging.	10
Power and fault states	10
Audio Signal flow	12
Hybrid analog/digital level control scheme	12
Subwoofer connection	13
SW Thermal Management	15
Inter-processor communications	16
Bluetooth SoC and STM32 microcontroller on L1 Pro8/Pro16/Pro32	16
DSP booting	17
Electrical description	18
PCBA functional description	18
AC input and Power Factor Correction	18
Isolation converter	20
Standby power supply and secondary converters	21
Main PCBA local secondary converters	22
System control and user interface	24
Parameter control panel	26
Digital signal processing and Bluetooth radio	27
Digital audio interfaces	30
Power amplification	32
PCBA location and internal electrical connections	35
L1 Pro8 and L1 Pro16	35
Sub1 and Sub2	37
Main PCBA and daughter PCBAs	38
Electrical debug procedures	39
LED indications	39
System does not power on	40
No audio is heard from speakers – L1 Pro8, L1 Pro16, L1 Pro32	41
No audio is heard from speakers – Sub1, Sub2	42
Audio is distorted or poor-quality	42
System Fault is indicated	43
Thermal Fault is indicated	43
Software description	45
Bose L1 Pro (L8, L16 and L32)	45
L1 Pro GPIO pin assignments	46
GPIO pin assignments of the STM32 I/O processor	46
GPIO pin assignments of the RF module (CSRA68105+ADAU1451)	47
Bose L1 Subs (G1, G2)	48
L1 Subs GPIO pin assignments	49
GPIO pin assigments of the STM32 I/O Processor	49
GPIO pin assigments of the ADAU1451	50
Bose L1 Mix (Android and iOS App)	51
Diagnostics and test procedures	51



[bookmark: _Toc152921955]Product Overview
Baby Yoda is a micro, powered, portable loudspeaker system that is targeted for small sound reinforcement applications. The Baby Yoda is replacing the Bose S1 Pro (AKA Chibi).
The powered micro loudspeaker has sufficient SPL and low frequency extension to meet a variety of small venue applications primarily focused on the MI and General Purpose uses with secondary use being in the home.
[bookmark: _Toc152921956]Key features and characteristics
Baby Yoda provides the ability to have up to two Wireless Transmitter – Receiver pairs for either Microphone (XLR) or Guitar (1/4” TS) integrated into the system with Docking Ports to store and charge the Wireless Transmitters. Wireless Receivers are incorporated onto the main PCB.

Baby Yoda also has three OLED Displays, one for each Input Channel to display Volume and other settings.

Feature comparison between the S1 Pro and the S1 Pro Plus:
	 
	S1 Pro (Chibi)
	S1 Pro+ (Baby Yoda)
	Notes

	End User Price
	$650 
	$699 
	Moderate price increase

	Max SPL
	103dB (109dB PEAK)
	103dB (109dB PEAK)
	SAME MAX SPL

	Bandwidth (-3dB)
	62Hz - 17kHz
	62Hz - 17kHz
	SAME BANDWIDTH

	Coverage
	120H x 50V (C Shape)
	120H x 50V (C Shape)
	SAME COVERAGE

	Drivers
	3 Cricket Cubes 
w/6" Woofer
	3 Cricket Cubes 
w/6" Woofer
	SAME DRIVER COMPLIMENT

	App Functionality
	Bose Connect
	Bose Music
	LEVERAGE FROM GRANDPRIX

	Ch 1
	Combo XLR-1/4" inputs
	Combo XLR-1/4" inputs
	LEVERAGE FROM GRANDPRIX

	Ch 2
	Combo XLR-1/4" inputs
	Combo XLR-1/4" inputs
	LEVERAGE FROM GRANDPRIX

	Ch 3
	Bluetooth streaming 
& 1/8" input
	Bluetooth streaming, 
1/4" & 1/8" inputs
	LEVERAGE FROM GRANDPRIX

	Reverb/FX/Processing
	Yes
	Yes
	LEVERAGE FROM GRANDPRIX

	ToneMatch
	Selectable ToneMatch
Mic/Gtr on Ch1 & Ch2
	Full ToneMatch Library
Access on Ch1 & Ch2
	LEVERAGE FROM GRANDPRIX

	Phantom Power
	No
	No
	SAME

	Battery Included
	Yes
	Yes
	SAME

	Multi Position w/ Auto EQ
	3
	3
	SAME

	Pole Mount
	Yes
	Yes
	SAME

	Weight
	16lbs
	14lbs
	Weight Reduction

	Size Dimensions
	9.5 x 11 x 13 inches
	9.5 x 11 x 13 inches
	SAME

	IP Rating
	NONE
	NONE
	SAME

	ID
	N/A
	Updated ID
	NEW

	Wireless Instrument/mic
	N/A
	New Feature
	NEW

	Audio Streaming over USB
	N/A
	New Feature
	NEW


[bookmark: _Toc152921957]Part Numbers
Baby Yoda will be customized for worldwide sales in distribution on the pack-out-line (POL).  The unit’s power supply can handle universal AC input voltage and frequency, but the mains cord is configured per the regions in the table.  

Baby Yoda base model PN:  869583
	SKU
	Description

	865130-0100 - ON CN 088445
	no Cord

	869583-1110 - ON CN 088445
	120V,US

	869583-2100 - ON CN 088445
	230V,EU

	869583-3140 - ON CN 088445
	100V,JP

	869583-2120 - ON CN 088445
	230V,UK

	869583-5100 - ON CN 088445
	230V,AU

	869583-2130 - ON CN 088445
	230V, India

	869711-0010 - ON CN 088472
	XLR Transmitter

	869712-0010 - ON CN 088472
	¼" Transmitter

	869713-0010 - ON CN 088472
	Battery

	869719-0010 
	Slipcover

	869721-0010 - ON CN 088472
	Play Through Cover ( Black )

	860721-0020 - ON CN 088472
	Play Through Cover ( White)



Baby Yoda will be packaged as a final assembly in one carton.  Cord customization will occur at Bose DC’s

[bookmark: _Toc152921958]Accessories
Included accessories:		
· Line Cord for the appropriate region:
· North America	350745-0010
· EU		350747-0010 
· Japan		350749-0020
· UK		350748-0010
· Australia	350746-0010
· India		814702-0010
· Battery Pack
· LG Cell	867095-0130
· CHAM Cell	867095-0140

Not included accessories:		
· Wireless Transmitter with Female XLR Connector	869721-0010
· Wireless Transmitter with Male ¼” TS Connector	869722-0010
· Premium Carry Bag (backpack)	809781-0010
· Accessory Battery Pack	869723-0010

[bookmark: _Toc152921959][image: Graphical user interface, application

Description automatically generated]Mechanical assembly 




[bookmark: _Toc152921960]Accoustic Description
Baby Yoda includes a Mid/High frequency array consisting of three (3) 2 ¼” drivers configured in a combined curved articulated/line array design. The mid/high array provides a minimum of 40 degrees (+/- 20) of vertical coverage and 160 - 180 degrees of horizontal coverage. 
The woofer is a 6.5 inch woofer in a ported 7.4 liter enclosure proving low frequency response down to 62Hz (-3dB). 
The mid/high array is placed in front and centered on the 6.5 inch woofer (similar to the current F1 design). 
The mono system is using a 150 watt amplifier providing enough power to the mid/high array and woofer to deliver 103dB-SPL cont. (109dB peak).

[bookmark: _Toc152921961]Electrical architecture
Baby Yoda consists of the following PCBA’s: 
Main Board					P/N#: 867128-0010
USB Daughter Board			P/N#: 868078-0010
Display & Volume Board			P/N#: 867127-0010
SMPS & Amplifier Board			P/N#: 867125-0010	
Pole Mount Detect Board			P/N#: 867157-0010
Wireless Transmitter, XLR Board		P/N#: 870960-0010
Wireless Transmitter, ¼” Board		P/N#: 870961-0010

These schematics were created in Altium. Altium and PDF schematics for each of these boards can be found in Windchill. 
[bookmark: _Toc152921962]PCBA variant identification
The STM32 microcontroller detects the board hardware version via resistors R112 and R113 connected to GPIO, as follows:
[image: A picture containing text, shoji, crossword puzzle
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	Hardware Version
	Voltage on PB0

	C0
	0.3V

	C1
	0.6V

	C2
	0.9V

	CFinal
	0V

	DV
	1.2V

	PQ
	1.5V

	SOR
	1.8V

	CIE
	2.1V




[bookmark: _Toc152921963]Block diagrams
[bookmark: _Toc152921964]MAIN PCB: Control and audio path
[image: Diagram, schematic
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All circuitry shown is on the Main PCB, (Main Board), except for the charger, boost converter and power amplifier, which is on the SMPS & Amplifier PCB, (POWER_AMP BOARD).
[bookmark: _Toc152921965][image: ]I2S Block Diagram  

Power supply and amplifier (Power_Amp Board)	Comment by Ostrer, Dave: Do we need to expand on this? (Mike)	Comment by Danielson, MIke: @Ostrer, Dave On the Baby Yoda Power Flow. Show J1 connected to J6 on the Main Board. Add a J1 on the Main Board and show it connecting +5V to J2 on the Power Amp board and to U1 Amplifier.	Comment by Danielson, MIke: @Ostrer, Dave - complete
The Baby Yoda AC to DC power supply consists of a single flyback with universal input voltage range which provides 26V DC to Power the Amplifier, Audio & Control Circuitry and Battery Charging.  The battery charger is active in both on and standby states when operating from AC power.
Baby Yoda uses a TPA3221 monolithic power amplifier IC, U1, to drive the array and woofer output channels.  The amplifier is powered through the SYS_ON switch, Q1, from POWER_26 by either the flyback when operating on AC power or the boost converter, U10, when operating on battery power.

Secondary Regulators (Main Board)
[bookmark: _Int_rs8KNJAn]Secondary Regulators generate 5V, 3.3Vand +/- 15V on the Main_Board using the 26V supply received from the Power_Amp Board to provide charging power to the transmitter charging bays, operate the MCU, DSP, audio path opamps and other support circuitry.

[bookmark: _Toc152921966]POWER, Battery Charge/Boost, Power Amplifier and Secondary Regulators

[bookmark: _Toc152921967]Power Flow Diagram
[image: A diagram of a power supply system
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Power and fault states
The power control firmware governs how the system moves between the 3 power states, as well as fault states in cases when there is an error in system operation. Maintaining good timing and state control ensures there are no audible or visible (user interface) artifacts, that the system is always in a known state to coordinate the physical and mobile application UI, and that the system has the maximum likelihood of recovering from a fault if it occurs – and if not, that service personnel can work to fix the issue.

The above diagram shows there are 3 possible power states of the system:
1. Off
1. Standby
1. On
[image: Diagram
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Power State 1: OFF
· How to know the product is in this state:
· OLED displays and LEDs are off. 
· Product is in complete blackout
· Functionality
· AC detect
· Tx insertion detect
· Actions that cause transition out of the OFF state:
· Plug in AC power: transition to STBY state
· Press the POWER button: transition to the ON state
· Plug a RF Transmitter into a bay: transition to STBY state

Power State 2: STANDBY (STBY)
· How to know the product is in this state:
· OLED displays are off. 
· Power LED (next to power switch) will breathe WHITE (for System Battery charging). 
· Signal detect LEDs will breathe (for Tx module charging)
· Functionality:
· All batteries can be charged (system and TX modules)
· System battery can charge the Tx batteries when no AC is present
· Bluetooth disconnects
· No OLED displays
· No audio detect
· Power Amp is muted
· Actions that cause transition out of the STBY state:
· Press the POWER button: transition to ON state
· When battery charging is complete: transition to OFF state

Power State 3: ON
· How to know the product is in this state:
· OLEDs and LEDs are on
· Functionality
· All functionality is enabled
· Actions that cause transition out of the ON state:
Press the POWER button:
· If on AC power and any battery is present and not fully charged, transition to STBY
· If on AC power and no battery is present, transition to OFF
· If on DC power (no AC), and Tx batteries are present and not fully charged: transition to STBY
· If on DC power (no AC), and no Tx batteries are present: transition to OFF
No audio AND no UI adjustment >4hrs:
· If on AC power and any battery is present and not fully charged, transition to STBY
· If on AC power and no battery is present, transition to OFF
· If on DC power (no AC), and Tx batteries are present and not fully charged: transition to STBY
· If on DC power (no AC), and no Tx batteries are present: transition to OFF
No audio for >1hr, the power amp will mute
· Power amp unmutes at detection of audio
[bookmark: _Toc152921971]Audio Signal flow
The digital audio devices on the main board are the Crescendo SoC on the RF Module, the SigmaDSP on the RF module, a 2-channel ADC, three 2-channel DACs, and two Wireless Receivers shown in the diagram above. 

The audio clocks (master clock MCLK, frame clock FSYNC or LRCLK, and bit clock BCLK or SCLK) for the ADC and DACs are sourced from the SigmaDSP.
The Wireless Receivers act as their own Clock Source so an ASRC (Asynchronous Sample Rate Converter) is used for each one which are provided by the Sigma DSP.

LRCLK is specified at the sampling frequency, 48 kHz. SCLK to the Crescendo and the DAC is specified for 2-channel I2S operation with 24-bit depth padded to 32 bits resulting in a frequency of 3.072 MHz, whereas SCLK to the ADC is specified for 4-channel TDM operation with the same bit depths resulting in a frequency of 6.144 MHz. MCLK is specified at 4 times the 2-channel SCLK, or 12.288 MHz.

Baby Yoda includes a Mid/High frequency array consisting of three (3) 2 ¼” drivers configured in a combined curved articulated/line array design.  The mid/high array provides a minimum of 40 degrees (+/- 20) of vertical coverage and 160 - 180 degrees of horizontal coverage. The mid/high array is combined with a 6.5 inch woofer in a ported 7.4 liter enclosure providing low frequency response down to 70Hz (-3dB).  The mid/high array is placed in front and centered on the 6.5 inch woofer (similar to the current F1 design). 
[bookmark: _Toc152921972]Hybrid analog/digital level control scheme
The professional audio applications of this product line demand that two of the three input channels in the S1 Pro+ handle a very wide range of input levels. This range is well beyond the input range of the analog-digital converter (ADC) that precedes the DSP in the product. Typical products in this field that use DSP approach this challenge with a gain control or Mic/Line level switch preceding the channel’s level of volume control to allow the user to control electronic gain and divide the input level range of the ADC into smaller segments. The product’s level or volume then controls the digital gain with the DSP. This approach creates a high barrier to entry to pro products and may find these multiple controls to be confusing and unintuitive causing the user to set the knobs incorrectly leading to poor sound quality.

The S1 Pro originally combined these two controls into one analog control that causes multiple analog gain stages to work together. However, this prevents the inputs to be controlled digitally by a remote mobile application. The S1 Pro+ solves this problem by digitally controlling the initial analog trim gain.

The DSP will receive the intended channel volume from the Bluetooth SOC. The Bluetooth SOC will either receive this information from the STM32 MCU which receives volume control information from the volume encoders located on the volume board. When the user turns the knob to increase the volume, the encoders send this information to the STM32 MCU which forwards this information to the BT SOC. Additionally, the BT SOC can also receive this information from a mobile application. When the volume is updated via an app, the BT SOC will send this data back down to the STM32 MCU in order to update the OLED display. In either case, the BT SOC will update the volume by sending this information down to the DSP.

The entire volume chain takes effect in hardware (in the analog front-end electronics prior to the ADC) and software (in the DSP). Hardware gain control is performed as a coarse adjusts which is controlled by the DSP to select the proper initial analog gain. By applying only a portion of the gain in DSP, low-level signals can be amplified in the analog domain to avoid amplifying the ADC’s noise floor and thus maintain the desired signal-to-noise ratio.

The analog gain is automatically managed by the DSP. The DSP will automatically default the analog stage to have the highest gain which minimizes the gain needed in DSP and allows for the lowest noise floor performance. The DSP will maintain this analog gain if the input audio signal is at a low level as such with many microphone signals. Once the DSP detects a large increase in input level, it will automatically decrease the analog gain to prevent clipping the analog front end. The DSP will coordinate the analog gain change and simultaneously adjust the digital gain to maintain the perceived volume level. Once the input signal decreases past a programmed threshold, the analog gain will be increased to maintain high SNR and low noise floor performance.

The DSP controls the hardware (CMOS) gain via general-purpose digital outputs that operate and control the analog switches. The analog gain levels can be found in the table below.

	Rs Enabled
	Resistance
	CMOS Gain

	None
	HiZ
	-16.2

	R365
	1.8kΩ
	-2.1

	R365, R364
	321Ω
	11.2

	R365, R364, R363
	76Ω
	23.4

	R365, R364, R363, R362
	32Ω
	30.8


[bookmark: _Toc152921973]Subwoofer connection
The S1 Pro+ was designed to work with the Bose Sub1 and Sub2 powered subwoofers (or 3rd party powered sub-woofers). Use the XLR Line Out on the S1 Pro+ plugged into the sub’s input. Then enter the configuration menu on channel 3 of the S1 Pro+, and change “Sub EQ” to “on”. This will engage a 160hz high pass crossover in the S1 Pro+, and all audio content below 160Hz will be fed to the subwoofer. This crossover will only stay engaged until the system is turned off. The next time the system is turned on, it will revert to the Sub EQ being off. 


Timing Diagrams	Comment by Ostrer, Dave: Mike to update. Hit up Tom Daly to see what he has for timing diagrams (copy Jordan)	Comment by Danielson, MIke: @Ostrer, Dave I've not found an AC power loss timing document.  Still need to add some verbiage on the timing
There are only two signals known to the system firmware to assess the hardware state: AMP_FAULT and AMP_CLIP_OTW. However, these can imply a variety of fault causes as shown in the green circles in the diagram.
There are also two signals that allow the system firmware to control the major hardware states: SMPS_ON for the flyback supply and AMP_RESET for the power amplifier. (There are other signals, of course, that control numerous more detailed aspects of the system.)
In some products, automatically resetting a fault state may be desirable, so that if a product cools down, for instance, it returns to a normal state as soon as possible and without user intervention. As professional audio products, this product line latches both thermal and system fault state, first to prevent unexpected behavior, but also to avoid damage that may result from repeatedly turning the system on. This also simplifies control of all the various hardware mechanisms that are reporting faults: whether the hardware reports in a latching or momentary function, the firmware has the final call on how to handle the fault, render the appropriate user indication, and control the other hardware components of the system. 
The timing diagrams referenced in the state diagram above are shown below. Each horizontal line represents either an electrical signal or group of signals, or software/communication activity relevant to the transition process.

The power-on timing diagram:
[image: ]
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Power Off timing Diagram:
The power-off timing diagram shows the actions taken when the system is in the On state and the Standby button is pushed. Devices are shut down to return to a low-power state and audio artifacts are avoided by muting.
[image: A screenshot of a computer
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Auto Power Down
There are 2 automatic power control mechanisms in the S1Pro+:
1. Auto-Standby
If no input audio is detected for 1-hour, the system will transition into the STANDBY power state. This is done to reduce noise and to help preserve battery charge.“
2. APD (Auto Power Down), AKA auto-off
The EU requires AC powered products of this class to consume <0.5W “when the product is not doing anything.” To meet this requirement, the S1Pro+ will automatically transition to the OFF state after 4 hours of no input audio detected, AND no user interaction AND none of the batteries are charging.  This occurs on AC power per the requirement, but also on DC power to preserve the battery. In the OFF state, the S1Pro+’s power consumption is <0.46W. This timer runs in parallel to the Auto-Standby timer. This means that the system will enter the OFF state 3 hours after it auto-enters the STANDBY state. 

[bookmark: OLE_LINK7]The timeout is based on predicted product use. There is no regulatory requirement regarding the timing of the shutdown. “No input audio” is defined as no audio above the threshold required to light the green Signal LED on any input channel; “no user interaction” is defined as no button presses or parameter changes. Any of these events will reset the timers. Further, these timers will not begin while the system battery or any inserted wireless module are charging. 
[bookmark: _Toc152921974]SW Thermal Management
There are not a lot of thermal management mechanisms in the S1Pro+. The hottest components have small metal heatsinks that are not ported to the outside. The acoustic ports are oriented to ensure air will move across these heatsinks, regardless of the product’s use position. This provides the passive cooling of the system electronics. 
There are 2 thermal couples in use in the S1Pro+
1. [bookmark: OLE_LINK8]The system thermal couple is mounted near the power amplifier. When this measures ≥100°C, the CSR will communicate there is a thermal fault to the STM and will initiate a system shutdown. The STM will indicate thermal fault on product UI by blinking the red fault LED on power button, and will log the fault. 
2. There are also thermal couples in the system battery. These are there to protect the battery, not the system. When these exceed their thermal thresholds, the battery will take its own action depending on the use conditions and temperatures. This could be the pausing of charging, auto-recoverable battery shut-off, or permanent disabling of the battery (i.e. bricking the pack). 


[bookmark: _Toc152921975]Inter-processor communications	Comment by Ostrer, Dave: Review and update for BBYD
[bookmark: _Toc152921976]Bluetooth SoC and STM32 microcontroller on L1 Pro8/Pro16/Pro32
The two microcontrollers in the line array products (L1 Pro8, L1 Pro16, and L1 Pro32) have different roles. The Bluetooth SoC (Qualcomm “Crescendo”) manages firmware updates, booting and controlling the DSP, managing the power amplifier, communicating via Bluetooth Low Energy (BTLE) with the mobile application, and providing Advanced Audio Distribution Profile (A2DP) audio from a Bluetooth source device (as well as managing the Bluetooth link). The STM32 microcontroller governs the power controls in the system, nearly all user interface devices (pushbuttons and LEDs), management of the ADC, and muting of audio stages (except the power amplifier). The theme of this division is that the Bluetooth SoC is the “boot master” and the STM32 the “power master”. The difficulty with drawing the line in that manner is that there is no one clear “master” device. This difficulty is resolved by choices of reset-line priority and inter-processor communications. Some of this can be seen in the Power-On timing diagram in the prior section on timing.
When AC power is given to the system, only the Bluetooth SoC boots at first, and it then raises MCU_RESET to boot the STM32 microcontroller out of reset. The SoC has control of this reset line, as well as the STM32’s BOOT0 line, so that it may access the STM32’s bootloader when performing firmware updates. If the SoC finds that it needs to update the STM32’s firmware – such as when the SoC itself has received an update via the USB firmware update utility – it will toggle the RESET and BOOT0 lines appropriately and send the new firmware image to the STM32 over the UART2 bus.  Otherwise, both processors will sit in a dormant state until the power button is pushed by the user. This toggle on the PWR_BUTTON line will cause the STM32 to initiate the remainder of the power-on process, continuing to communicate with the SoC in order to boot the DSP at the proper time.
The Power-On timing diagram illustrates handoffs between the two processors during the process. For instance, the ADC should be initialized via I2C (by the STM32) only after the DSP has been booted (by the SoC) and is sending TDM clocks. The power amplifier should be brought out of reset (unmuted, by the SoC) only after the DAC has been brought out of reset (by the STM32).
Although the Bluetooth SoC generally has priority of reset over the STM32, there are two lines that allow the STM32 to control the SoC, at least provisionally. The CSR_RESET line is provided for but disconnected in this design, so that the STM32 can never accidentally hold the SoC in a reset state. If, for example, a corrupted firmware image has been pushed to the STM32, the SoC should be allowed to attempt to recover. The SYS_CTRL line is another input to the SoC that allows an external device such as the STM32 to wake the SoC from a sleep state. This line is not currently used either, but the connection exists in hardware.
In the case of a fault state, such as those outlined in the state diagram above, the STM32 is able to light the red LED near the Standby button to indicate this state. In the unlikely case where the STM32 is unresponsive, and the Bluetooth SoC is unable to recover it, the SoC is able to indicate this type of fault to the user by controlling this red LED. Its own output signal is combined in an electrical diode OR with the STM32’s red LED control signal, so that a solid red LED can indicate either a hardware-based system fault (power supply or amplifier failure) or a software system fault.
Reset control of the STM32 in the line array products is complex due to this inter-processor communications scheme. There are three ways the STM32 can be held in reset:
03 | By the Bluetooth SoC, via the ST_MCU_RESET line. This is done prior to boot and during the firmware update process.
04 | By the power control IC U14, via the PWR_RESET line. This is done until the M3.3V power rail is ready.
05 | By an external debugger, via the MCU_RESET line. This overrides the other two methods but is only present when a debugger is connected.
[bookmark: _Toc152921977]DSP booting
In all products in the line, the Analog Devices SigmaDSP is initialized at power-on time, as described in the timing diagrams, by an I2C boot sequence. This type of DSP does not have internal nonvolatile memory, and instead relies on either a separate microcontroller to send an I2C boot sequence containing the program memory contents (as in this case, and typically) or on a separate flash memory IC that is read in “self-boot” mode (for standalone operation).
Thus, the DSP’s programming is contained as part of the firmware image stored in the Bluetooth SoC (for line array products) or the STM32 microcontroller (for subwoofer products). In either case, the microcontroller can confirm proper booting and perform regular operational checks on the DSP to ensure it has not entered an unknown state.

[bookmark: _Toc152921978]Electrical description	Comment by Ostrer, Dave: Mike to re-write BBYD power supply description 
[bookmark: _Toc152921979]PCBA functional description
The following sections describe the functions of circuitry on each PCBA in all five Grand Prix products. Each section includes a reference to the schematic pages being described. Reference designators are included; if no product variant is specified, the designator applies to all products, but if variants are specified, code names (e.g. L8) are used.
[bookmark: _Toc152921980]AC input and Power Factor CorrectionL8, L32, G1
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	Schematic references
	Ferrari/L8
L1 Pro8
	McLaren/L16
L1 Pro16
	Lotus/L32
L1 Pro32
	Williams/G1
Sub1
	Mercedes/G2
Sub2

	On which page
	2
	1, 2
	2
	2
	1, 2

	On which board
	Power
	Power
	Power
	Power
	Power





L16, G2
1
2
3
4
5
6
6
7
7
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Baby Yoda Theory of Operation	16	Bose ConfidentialClassified as Confidential

	Purpose
	This section provides EMI filtering for the power inlet, contains the main fuse, and is the first stage of the main power supply when the system is on.



AC power is supplied from the IEC power inlet, located in the IO panel (all except L32) or product housing (L32), and tied to line/neutral connections on CN1 (L8, L32, G1) or J4 (L16, G2). The IEC earth ground connection is tied to a safety ground point on the panel (all except L32) or the aluminum heatsink/array base assembly (L32). Additional AC line, neutral, and ground connections are made in the L32 for SubMatch power.
Varistor RT2 (1) (L8, L32, G1) or RT1 (L16, G2) serves as a voltage surge suppressor, and clamps if excessive voltage transients are present, causing fuse F1 to open. Resistors R4, R10, etc. (L8, L32, G1) or R164, R166, etc. (L16, G2) bleed charge stored in X-capacitors and Y-capacitors CX1, CY1, etc. to prevent voltage from being present at the IEC power inlet when the power cord is removed.
X-capacitors and Y-capacitors, in conjunction with common-mode chokes L2, L3, L7 (L8, L32, G1) or L4, L5, L6, L9 (L16, G2), form a filter (2) to reduce conducted emissions at the AC inlet port for regulatory purposes. The capacitors and chokes are installed differently per product variant, and the L2/L7 pair (L8, L32, G1) or L6/L9 pair (L16, G2) are dual-footprint configurations to allow the proper turns, core size, and component height for each product variant.
Inrush limiting is provided by either an NTC RT1 (3) (L8, L32, G1) or an NTC RT2 (3) and relay K1 (4) (L16, G2). In the former case, the NTC’s resistance is high when cold (acting as a resistor and limiting inrush current to the downstream bulk capacitors) but decreases when warm (once power demand ramps up as the system turns on) so that the required system power can be sourced without excessive dissipation in the NTC. In the latter case, the NTC still acts to limit inrush current when the system is in Standby mode, but the relay is closed by the P_VCC signal turning on (when the system moves from the Standby to the On power state and the microcontroller sends a logic-high ON_STBY signal) to bypass the NTC and prevent the higher power demand of the L16 and G2 from causing excessive dissipation in the NTC.
Bridge BD1 (5) rectifies the AC line voltage. PFC controller IC U1 (L8, L32, G1) or U7 (L16, G2) controls a two-phase interleaved Power Factor Correction boost converter to provide a regulated rail at PFC-OUT. Feed-forward (VAC) and feedback (PFC-OUT) voltages are provided to the controller IC when the system is in ON mode, via FETs controlled by VCC_DR (L8, L32, G1) or P_VCC (L16, G2). In the same way, the power supply to the controller IC is provided only when the system is turned ON. When the system is in Standby mode, the rectified AC line voltage is passed through the boost converter and available at PFC-OUT for the standby power supply.
The PFC boost converter in the L8, L32, and G1 has one FET (Q1/Q3) (6), inductor (L1/L4) (7), and synchronous rectifier (D6/D7) (8) per phase. These power devices sink their heat through the PCB to a heat spreader on the opposite side. The PFC in the L16 and G2 has two parallel FETs (Q1-Q3/Q6-Q8) (6), one inductor (L2/L7) (7), and one dual-in-package diode pair (D9/D15) (8) per phase, for higher current handling. These power devices sink their heat through the PCB as with the other PCBA, but also sink some heat through the PCB as with the other power PCBA but also sink some heat from their cases to a heatsink on the component side of the PCB.
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	Purpose
	This section provides a high-power, isolated supply for the power amplifier.



All product variants use an LLC (inductor-inductor-capacitor) isolation converter to provide primary-to-secondary conversion for the amplifier power rail(s). U7 (L8, L32, G1) or U8 (L16, G2) (1) is the controller IC. The power supply to the controller IC is switched just as with the PFC controller IC.
In L8, L32, and G1, a single primary half-bridge of FETs Q11 and Q12 (2) drives through transformer T2 to a single secondary half-bridge of diodes D25 and D27 (3). A single voltage rail of PVDD+50V is created across bulk capacitors C87 and C88 to power the amplifier IC. The primary FETs sink their heat through the PCB to a heat spreader on the opposite side; the secondary diodes’ cases mate to a rail on the main heatsink extrusion via thermal interface material.
In L16 and G2, a parallel primary half-bridge of FET pairs Q10-Q11 and Q13-Q14 (2) drives through transformer T2 to a parallel secondary half-bridge of diode pairs D19-D20 and D21-D24 (3). A dual voltage rail of SMPS_+60V and SMPS_-60V is created across bulk capacitor banks C85-C87 (positive rail) and C96-C98 (negative rail) to power the amplifier switching stage. The primary FETs sink their heat through the PCB as with the other power PCBA but also sink some heat from their cases to a heatsink on the component side of the PCB. The secondary diodes sink heat in both directions as well, but they are mounted on the other side of the PCB; their cases sink to the main heatsink extrusion and their thermal pads sink through the board to a small finned heatsink. 
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	Purpose
	This section provides an isolated supply, which always runs while the product is powered, to feed the low-power devices on the main and power PCBAs. 



PFC-OUT is provided to a standby flyback converter controlled by IC U3 (L8, L32, G1) or U14 (L16, G2) (1). This device sinks its heat through its case to a small heatsink soldered to the PCB; the solder “legs” of the heatsink also pull heat from the copper of the PCB. PFC-OUT is at the boost converter output voltage (approximately 400V DC) when the system is On and the PFC is running, and it is at the peak AC line voltage (regionally-dependent) when the system is in Standby. For example, in the US this voltage would be approximately 170V AC for a nominally 120V AC line.
This converter supplies a single secondary standby supply rail, SMPS+18V (L8, L32, G1) or SMPS_+18V (L16, G2), through transformer T1 (2) and diode D8 (L8, L32, G1) or D27 (L16, G2). Feedback is provided from SMPS_+18V via optocoupler U2 (L8, L32, G1) or U15 (L16, G2).
This rail is then switched to provide a second switched rail, +18V. The converter also generates a single primary supply rail, PVCC, nominally 12V, which is switched by the ON_STBY signal to provide power to the various power supply control devices (see next section).
In the L8, L32, and G1, an additional +12V rail is created from SMPS+18V by buck converter control IC U12. Note that the SMPS+18V and S_+18V rails are tied together with jumper R1 and are functionally the same. These rails are split to allow this design to be used with a battery, which does not apply in this product line. The +12V rail serves as an audio/control VDD supply for the power amplifier IC. In the L32, this rail is filtered through the pi network surrounding inductor L5 (as +12V_Relay) to drive the offboard SubMatch power control relay. The supply to this converter is switched off by the ON_STBY signal when the system is in Standby mode. Thus, the SubMatch relay is on whenever the L32 system is in the On state.
In the L16 and G2, instead of the +12V rail, additional local supplies generate rails for the power amplifier control ICs. First, the switched +18V rail feeds a boost converter, controlled by IC U12, to run in reverse to generate the SMPS_-18V rail. From these positive and negative 18-volt rails are generated dual ±5-volt supplies (AMP_+5V, AMP_-5V) via linear regulators U13 and U17, respectively, as audio references for the power amplifier. Finally, the standby transformer T1 also generates a floating 12-volt rail relative to the negative main power rail (-48V_FLOAT_12V relative to SMPS_-60V) which is passed through FET Q18 to provide a gate-drive reference to the power amplifier via AMP_12VG.
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	Purpose
	This section converts the main standby supply from the power PCBA into voltage rails as required by the devices on the main PCBA.



The S_+18V (continuous) and +18V (switched) rails are provided to the main board from the power board via J22 (L8, L16) or J22B (L32) or CN1 (G1, G2). In the G1 and G2, only the continuous S_+18V rail is provided from the power board and is switched locally to the main board. 
The continuous S_+18V rail drives buck converter U20 (L8, L16, L32) or U18 (G1, G2) (1) to create the M3.3V standby supply for the STM32 microcontroller and any connected devices that require power in Standby mode. In the L8, L16, and L32, the switched +18V rail drives buck converter U23 (2) to create the +5V supply, which in turn drives buck converter U16 to create the (switched) +3.3V supply. Both of these supplies are switched separately from the incoming +18V supply by FET Q25 via the +5V_EN signal, so that the +18V supply can come up first during turn-on power sequencing. In the G1 and G2, the +5V supply is created by buck converter U15 (2) and similarly switched by FET Q13 via the SYS_PWR_EN signal. The switched +3.3V supply is created by FET Q15 switching the M3.3V supply (also under control of the SYS_PWR_EN signal), so the functionality is the same as with the L8, L16, and L32.
In all product variants, a -18V rail is created by running boost converter U18 (L8, L16, L32) or U14 (G1, G2) (3) in reverse. The ±18V rails are regulated by linear regulators U21-U22 (L8, L16, L32) or U16-U17 (G1, G2) (4) to create ±15V audio rails for the front-end and buffer circuits. In the L8, L16, and L32, boost converter U17 (5) creates a +48V rail for microphone phantom power. This converter runs anytime the ON_STBY signal is active but is only connected to the microphone circuits when FET Q27 is turned on by the PHANTOM_ON signal. The network between BJT Q28 and Q27 serves to slow the gate-drive signal to Q27 and create a slow ramp-up in phantom power voltage to avoid audio artifacts. Finally, in G1 and G2, buck converter U13 creates a +1.2V core logic supply for the DSP.
A connected T4S or T8S ToneMatch mixer draws power via ±18V connections provided on the ToneMatch RJ45 connector. The +18V and -18V rails on the main PCBA provide sufficient current for the steady-state draw of a T8S with all LEDs on, but the T4S and T8S draw significant inrush current when they are plugged in and turned on. (The power switch on these devices is a “hard” switch that interrupts the power rails, so connecting a mixer that is already in the “on” state is the same as turning on a mixer that is already connected.) This current spike causes a voltage dip on the ±18V rails in the L1 Pro system that can cause unexpected operation or audio artifacts. This is minimized by hold-up circuits: on the L1 Pro8/Pro32/Sub1 power PCBA, Schottky diode D12 and bulk capacitor C103 hold charge for the +12V amplifier rail even when the incoming +18V rail voltage dips. Also, on the L1 Pro8/Pro16/Pro32 main PCBA, diodes D41 and D42 ensure charge is held on the series of bulk capacitors just prior to the ±15V linear regulators to reduce voltage dips on those audio supply rails. (There is still a small voltage dip that produces an artifact, and so it is highly recommended to plug in and turn on the ToneMatch mixer before powering on the L1 Pro system.)
Peculiar to the L32 is a fan control circuit. This circuit drives the 5V cooling fan at a speed that is proportional to the amplifier NTC thermistor temperature, controlled by the STM32 microcontroller via a pulse-width modulated (PWM) output. This PWM signal is amplified by BJT Q35, then filtered to become a DC voltage by R411 and C3, which is converted by BJT Q8 to a current source to drive the base of BJT Q12 (6), so that a DC voltage between roughly 2-5V is fed to the fan’s positive terminal. The minimum PWM duty cycle (and thereby DC output voltage) limit is set to ensure the fan always runs stably, and the fan is powered on at 100% duty cycle (5V DC drive) to ensure reliable starting, after which point its speed is ramped down to what is requested per the sensed amplifier temperature. 


The below table details the approximate power demands on each voltage rail. These are based on prototype measurements when the system is in the On state.
	[bookmark: _Hlk56689525]L8/L16/L32 rail voltage
	Fed from rail
	Output current
	Output power

	M3.3V
	S_+18V
	0.64 A
	2.1 W

	-18V
	+18V
	0.04 A
	0.7 W

	+5V
	+18V
	0.44 A
	2.2 W

	+3.3V
	+5V
	0.24 A
	0.8 W

	+15V
	+18V
	0.02 A
	0.3 W

	-15V
	-18V
	0.29 A
	4.3 W

	+48V
	+18V
	0.01 A
	0.5 W

	G1/G2 rail voltage
	Fed from rail
	Output current
	Output power

	M3.3V/+3.3V
	+18V
	0.09 A
	0.2 W

	-18V
	+18V
	0.05 A
	0.9 W

	+5V
	+18V
	0.15 A
	0.8 W

	+15V
	+18V
	0.03 A
	0.5 W

	-15V
	-18V
	0.03 A
	0.5 W

	+1.2V
	+3.3V
	0.13 A
	0.2 W
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	Purpose
	This section coordinates the well-timed startup and shutdown of the system, handles fault conditions from the power sections, renders the user interface LED displays, and helps handle firmware updates.



In the L8, L16, and L32, most system control and user interface (UI) features are governed by the STM32 microcontroller U13 (1). In the G1 and G2 these features are entirely governed by this device (U10) (1).
All buttons except for Bluetooth pairing, phantom power, system EQ, and ToneMatch (in L8, L16, and L32) are connected to general purpose inputs (GPI) on the microcontroller. Each includes a debounce circuit. LEDs on the IO panel (rather than on the parameter control panel) in the L8, L16, and L32 are driven by LED driver IC U6 (2). Maximum current is set globally based on the LEDs’ limits, and LED brightness can be controlled by PWM via an I2C interface to the driver IC. The exception is the standby/fault LED LED17, which is driven by a dual FET Q9 controlled directly by the microcontroller, with current sunk from the M3.3V supply. This is done to allow the LED to function even in Standby mode, whereas the driver IC U6 is powered by the switched +5V supply to reduce standby power consumption. LEDs in the G1 and G2 are similarly driven by dual FETs Q19-Q21, Q23, Q25, Q26, with current sunk from the +5V supply except for the standby/fault LED.
The microcontroller drives signals for power supply control (ON_STBY, +5V_EN or SYS_PWR_EN), amplifier control (AMP_RESET, which in L8, L16, and L32 is driven by the Bluetooth System-On-Chip instead of the STM32 microcontroller), peripheral control (DSP_RESET in G1 and G2, ADC/DAC_RESET or CODEC_RESET), and muting (LINE_OUT_MUTE or DAC_Out_Mute, DAC_MUTE in L8, L16, and L32). It receives system status signals (AMP_FAULT, AMP_NTC, AC_DET). In this product line, some signals (AMP_CLIP_OTW and battery-related signals) are reserved for future use but not used.
Reset control for the L1 Pro8/Pro16/Pro32’s STM32 microcontroller is covered previously in the Inter-Processor Communications section of this document. For the Sub1 and Sub2, the STM32’s NRST pin is controlled by a reset control IC U11 (2), which monitors the M3.3V rail and brings the NRST line to a logic high when the rail is close to the nominal voltage.
In each of the line array products (L8, L16, and L32), there are two possible configurations for the array section depending on the user’s preference. In L8 and L16, the extension may or may not be used. In L32, the upper array segment may or may not be used. The “normal” or most common configuration is for the extension or the upper array to be in place – that is, for all pieces to be installed. The extensions and the upper array segment contain a pin pair in their lower connector that is shorted together by a loop of wire. The mating connector in the power stand wires that pin pair to a connector on the power PCBA (J3 for L8/L32 and J7 for L16), which is passed to the main PCBA and the STM32 microcontroller. One pin of the pair is connected to an input on the STM32 and pulled up to M3.3V; the other is tied to ground. Thus, when the extension or the upper array segment is absent, the STM32 input reads a logic high; when the part is present (“normal”), the contact is closed and the STM32 reads a logic low. This information is used to switch EQ in the DSP to best suit the physical configuration of the system.
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	Purpose
	In the line array products, this section displays the state of parameters such as volume, treble, bass, and reverb, as well as the signal state for each channel, and allows user control of these parameters.



[image: ]On the L8, L16, and L32, a separate PCBA is used for the angled section shown here:
The three rotary encoders SW1, SW2, and SW3 (1) send quadrature pulse signals (one pair per encoder) to the STM32 microcontroller over a ribbon cable via J2 (2). The pushbutton switch closures are also sent this way. The LEDs for the parameter selection indicators (above the knobs), the position indicator rings (around the knobs), and the signal/clip indicators (below the knobs) are all driven via ICs U1 and U2 (3), controlled via I2C signals sent from the STM32 microcontroller over a ribbon cable connected to J1 (4). The driver ICs are enabled by the ILLUMIN_OE signal and powered from the (switched) +5V rail. Each of the position indicator LEDs can be driven at three brightness levels, governed by I2C control, to triple the resolution of the position indicator rings. Some conducted and radiated emissions protection is provided by ferrite beads L4-L12 and capacitors C16-C24.
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	Purpose
	This section performs audio processing, and in the line array products, receives audio via Bluetooth and coordinates with the mobile application.



[image: ]The digital signal processor (DSP) in all products in the line is an Analog Devices SigmaDSP. However, it is used differently in the architecture of the L8/L16/L32 vs. the G1/G2. In the former (line array products), it is combined with the Bluetooth radio system-on-chip (SoC) on an RF module that handles all digital audio and RF functions as well as mobile application control and firmware update handling. In the latter (subwoofer products), it is mounted directly to the main PCBA. The subwoofer products do not have any Bluetooth features, and all firmware is resident in the STM32 microcontroller.
Because of the diverse feature set of the RF module, its connections include power, GPIO for buttons and LEDs, digital audio, inter-processor handshake signals and UART, and USB. These are shown on page 10 of the L8/L16/L32 main PCBA schematics, where the module is represented as a single block. The internals of the module can be found on its own schematics and are depicted in the above block diagram.RF module
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The Qualcomm CSRA68105 “Crescendo” SoC U1 (R1) is designed to provide complete functionality for single-cell battery-powered consumer products. Much of this functionality is not used, so analog audio interfaces are terminated and battery charger functions are bypassed. The SoC is configured to use a single 3.3V power supply (provided as M3.3V from the main PCBA such that the SoC can remain awake at all times) and internally converts this to 1.8V and 1.0V rails for Bluetooth and core logic purposes, respectively. The USB’s 5V VBUS is provided to the SoC so that the processor can detect when USB is connected to a host (source) device over USB-C. It is not used as a power rail. However, on the main PCBA, a precaution is taken to ensure this voltage is only provided to the SoC when both a USB connection is present and the system has AC power: the presence of M3.3V switches BJT Q33 to turn on FET Q6 (M1), which in turn connects the USB VBUS to the SoC’s VSYS node.
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The RF connection to the SoC is filtered by a harmonic termination network (HTN) composed of R611, C615, and L615 (R2), to shunt 3rd-harmonic energy prior to the surface acoustic wave (SAW) filter SAW1 (R3) and prevent radiating this energy, for regulatory purposes. An IPEX (u.FL) connector UFL1 (R4) is provided for connecting the external cabled antenna. This antenna connection is the only electrical connection to the RF module that is not made via castellated edge pads to the main PCBA.
The USB 1.1 (data positive and negative) connection from the SoC is made through the main PCBA. Programming headers for the SoC (Qualcomm Transaction Bridge) CN1 (M2) and DSP (Analog Devices USBi) J1 (M3) are mounted on the main PCBA to save module space. A carrier PCBA may be used to power and program the module if it is not mounted to the main PCBA. An external program flash IC U2 (R5) is connected to the SoC via Quad SPI and powered by the internal 1.8V regulator to accommodate the 1.8V logic level required by this flash (which in turn is required to properly communicate with the SoC’s firmware).
The SoC’s programmable input-output (PIO) pins are used for Bluetooth and some audio-related pushbuttons to simplify the inter-processor communication architecture. This also applies to a bicolor LED used to indicate Bluetooth status, driven from the SoC’s dedicated LED pins and located on the main PCBA. Because the state of these LED pins is momentarily indeterminate at boot, the 3.3V supply for these LEDs is switched by another PIO that is in a known logic state at boot in order to avoid momentary LED flickers when the product is powered on.
The Analog Devices ADAU1451 SigmaDSP U101 (R6) uses the M3.3V rail provided to the module as its interface reference (IOVDD), analog supply (AVDD), and PLL supply (PVDD). Note that no analog functions of the DSP are used in this application. The 1.2V core voltage (DVDD) is supplied by buck regulator U13 (R7) and derived from the same M3.3V rail. This regulator can supply 1.21 gigawatts to utilize the SigmaDSP’s time-travel capability, but only if C154 is replaced with a flux capacitor.
Crystal oscillator Y2 (R8) provides a local 24.576MHz reference to allow the SigmaDSP to function as the clock master device for the system – this includes the Bluetooth SoC as well as the ADC and DAC. In addition to driving the TDM or I2S bit clock (BCLK) and frame clock (LRCLK) to all three of these devices, the SigmaDSP drives a buffered master clock (MCLK) output to the ADC and DAC. The Bluetooth SoC’s I2S interface does not require an MCLK input.
A Sony/Philips Digital Interface (S/PDIF) input port is used to receive ToneMatch digital audio from a connected Bose ToneMatch T4S or T8S mixer. The S/PDIF output port is used to send digital audio via SubMatch to connected subwoofers (only in the L32). Multi-purpose input/output (MPI/O) pins are used to directly control the CMOS analog gain switches located in the preamplifier section of the main board, since the gain-control algorithm resident in the SigmaDSP needs quick control over these signals, unimpeded by inter-processor communications and thread-handling.
In the G1 and G2, the SigmaDSP U3 (1) is powered similarly, except its 3.3V rail is the switched +3.3V rather than the continuous M3.3V, to aid in standby power saving. The 1.2V DVDD rail is provided by a buck regulator U13 (2) on the main board, which is nearly identical to that on the RF module in the L8, L16, and L32. Local oscillator Y1 (3) and buffered master clock outputs for MCLK allow the DSP to be the clock master just as in the L8, L16, and L32, except that the clock frequency is halved since no TDM is used (the maximum channel count per bus is 2 rather than 4). The S/PDIF input receives SubMatch audio from an L32 or another Sub upstream in the SubMatch daisy-chain, and the S/PDIF output sends SubMatch audio to the next Sub in the daisy-chain.
Potentiometer VR1 (4) serves as the user-facing level control for the product and is connected to an ADC input on the SigmaDSP. Unlike in the L8, L16, and L32, where signal/clip indications are synchronized with the mobile application and are resident on another PCBA, and therefore require reporting to multiple processors, the signal (green) and clip (red) LEDs are directly driven from the SigmaDSP using MPI/O ports MP6 and MP7 via dual transistor Q22 (5). The LEDs are supplied from the +3.3V supply.
In all products in the line, the DSP is booted at system power-on time via I2C communications from a processor: the Bluetooth SoC in the L8, L16, and L32, and the STM32 microcontroller in the G1 and G2.
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	Purpose
	This section amplifies the processed audio from the DSP and drives the internal woofer and line array transducers.



The L8, L32, and G1 all use the monolithic audio power amplifier IC U20 (1); this is a TI TPA3255 type in a surface-mount package with “slug-up” thermal pad. The various product configurations use the highest rail voltage advisable for PVDD (50V, single-supply) and may use the highest output current possible with acceptable THD levels, in order to obtain the required rated power level.
The power switching positive rail (PVDD_xx) is sourced for all channels from the LLC output rail PVDD+50V. The auxiliary power rail VDD and gate-drive supplies GVDD_xx are sourced for both channel pairs from the dedicated +12V rail on the power PCBA. The Class-D amplifier output is filtered by an inductor-capacitor network on each output node. Inductors are chosen based on the output power level to save cost. 
Audio inputs (INPUT_x pins), mode configuration (M1/M2 pins), outputs (OUT_x pins), and output filter inductors L12/L18 (2), L13/L19 (3), L16 (4), L17 (5) are configured per product as shown below.
	Feature
	Ferrari/L8
L1 Pro8
	Lotus/L32
L1 Pro32
	Williams/G1
Sub1

	INPUT_A
	Woofer + DAC output
	Array + DAC output
	Woofer + DAC output

	INPUT_B
	Woofer – DAC output
	Array – DAC output
	Woofer – DAC output

	INPUT_C
	Array + DAC output
	Not used (GND)
	Not used (GND)

	INPUT_D
	Array – DAC output
	Not used (GND)
	Not used (GND)

	M1
	Low
	Low
	Low

	M2
	Low
	High
	High

	Mode
	Stereo BTL
	Parallel mono BTL
	Parallel mono BTL

	OUT_A
	Woofer – output
	Array + output
	Woofer + output

	OUT_B
	Woofer + output
	Array – output
	Woofer – output

	OUT_C
	Array – output
	Array + output
	Woofer + output

	OUT_D
	Array + output
	Array – output
	Woofer – output

	Array output filter inductors
	10µH, 10A
L16, L17
	6.8µH, 30A
L18, L19
	N/A

	Woofer output filter inductors
	10µH, 26A
L12, L13
	N/A
	6.8µH, 30A
L18, L19



Amplifier control and status are governed by the Bluetooth SoC in the L8 and L32, and by the STM32 microcontroller in the G1. Amplifier operation is controlled by AMP_RESET. A logic LOW signal mutes and powers down the amplifier; this is done early in the standby sequence to avoid upstream audio artifacts from being amplified. A logic HIGH signal powers up and unmutes the amplifier; this is done late in the turn-on sequence for the same reason. The TPA3255 reports a fault via the AMP_FAULT signal to indicate that it has shut down for overload, overtemperature, or input undervoltage reasons. Since the approximate amplifier temperature is measured by the system via negative temperature coefficient (NTC) thermistor RT4 (6) and the AMP_NTC signal, the CLIP_OTW output from the TPA3255 is not used, and there is no distinction between these various fault reasons. Therefore, as described previously in this document, there are only two fault states: thermal fault (as reported by AMP_NTC) and system fault (as reported by AMP_FAULT). The term “system fault” is used since a low-going transition in the AMP_FAULT signal could be due to an undervoltage state, which means that an upstream power supply (PFC or LLC) has failed.
In the L32 and G1, when the amplifier is configured in parallel bridge-tied-load (BTL) mode, the TPA3255 itself cannot offer sensing of and protection against excessive DC offset at the outputs (caused by, among other reasons, internal FET failure in a part of the output switching bridge). Thus, an external DC protection circuit is used in those products. Voltage between SPK+ and SPK- that exceeds a certain threshold will turn on BJTs Q20 and Q22 (7), which causes BJT Q21 (8) to short the AMP_RESET signal to GND, disabling the amplifier immediately.
Though removed in product, connectors J5 and J7 (9) are optional for connection of wiring harnesses during validation testing. These harnesses are connected to external data loggers and passed through drilled holes in the product enclosure. Each 4-pin connector offers two terminals for output voltage sensing, and two terminals that present a voltage proportional to the output current (measured across current-sense resistors R214 and R228 (10)). A resistive-capacitive filter network attenuates Class-D switching harmonics. Speaker outputs are provided on connectors J6 (11) and J8 (12).L16, G2
Bottom side of board
1
1
1
4
4
4
5
5
5
12
L16, G2
Top side of board
6
2
3
6
7
6
7
7
8
8
8
9
10
11


The L16 and G2 use a discrete power amplifier based on the IRS2092 Class-D amplifier controller IC U1X/Y/Z (1). (Reference designators are marked “X” for the negative woofer channel, “Y” for the positive woofer channel, and “Z” for the line array channel.) Each controller drives a half-bridge output FET pair, and each of these amplifier channels drives a single output pin. The L16 and G2 woofers are thus powered by opposite-driven channels for a BTL configuration, and the L16 line array has one side powered by a third channel with the other side tied to GND.
The differential analog audio signals received from the main PCBA are AC-coupled and buffered by op-amps U4 (2) and U5 (3). These provide attenuation to adapt the line-level signal sent between parts of the system to the ±0.5V levels required by the controller IC. The woofer buffer (a dual differential amplifier) creates a differential signal and the line array buffer creates a single-ended signal. Each amplifier channel’s input at the IC (the IN- pin) requires a single-ended signal.
Each channel is configured to a different switching frequency by R203 to mitigate emissions and avoid beat-frequency signals in the audio band of the outputs. The AMP_12VG rail, floating 12 volts above the negative switching power supply rail, provides current to fill the bootstrap capacitors C1X/Y/Z and C5X/Y/Z via diode D1X/Y/Z (4). The upper and lower gate drive signals include series resistor/diode networks to provide some slowing of the low-going edges and additional slowing of the high-going edges.
Output FETs U2X/Y/Z and U3X/Y/Z (5) drive a Class-D filter network composed of L1X/Y/Z (6) and C24X/Y/Z, C25X/Y/Z, and C26X/Y/Z (7). A Zobel protection network around R19X/Y/Z through R22X/Y/Z (8) damps excessive high-frequency oscillation. Optional connectors and filtering networks exist for validation testing purposes just as with the L8, L32, and G1. Speaker outputs are provided on connectors J1 (9) for the woofer and J3 (10) for the array.
Control and monitoring provisions are similar to those in the other power PCB. The AMP_RESET signal is converted from M3.3V logic levels to ±5V levels by BJTs Q21 and Q22 (11) and set up in an electrical logical AND between the amplifier channels, such that a logic LOW signal on AMP_RESET pulls the CSD pin of each controller IC to -5V. A fault reported by the controller IC will drive the CSD pin to -5V and pull the shared FAULT line to that voltage, since the FAULT line is also set up in an electrical logical AND. This line is converted to M3.3V logic levels by BJTs Q32 and Q26 and is reported back to the main PCBA’s processor. An excessive negative DC offset on any of the output channels will turn on BJT Q20 (12) to short the DCP node to GND; an excessive positive offset will turn on BJT Q19, which in turn causes BJT Q5 to short the DCP node to GND. Either case will turn on BJT Q22 and set the EXT_SD signal to -5V, disabling all amplifier channels.



[bookmark: _Toc152921993]Electrical debug procedures 	Comment by Ostrer, Dave: Let's each review for what is worth keeping	Comment by Ostrer, Dave: Include: 
How to test the battery
How to test the charger
Do we have the TAP commands? (Dave to ask Jayesh)
Guidance for diagnosis of trouble conditions is shown with the following LED indication table and debug flowcharts.
The flowcharts show suggested troubleshooting procedures for (potentially) common failure modes. Most procedures can be accomplished with the disassembly procedures shown earlier in this document and a multimeter. Potential hazards, due to accessible high-voltage nodes when system enclosures are open, are shown with a [image: ]symbol. When performing these operations, always:
06 | Wear safety glasses.
07 | Work with one hand behind your back, or away from live circuits or ground points, to avoid cross-body voltage being imposed, whenever possible.
08 | Stand on, and place all objects under work on, a flat, stable surface.
09 | Work with someone nearby, whenever possible.
It is also advisable when working on de-energized components to wear a wrist strap or other grounding device to avoid ESD to sensitive electronics.
Test point indications are shown for line array products (L1 Pro8/Pro16/Pro32) with an (L), and for subwoofer products (Sub1/Sub2) with an (S), or for the L1 Pro8/L1 Pro32/Sub1 power PCBA with an (8-32-1), and for the L1 Pro16/Sub2 power PCBA with a (16-2).
[bookmark: _Toc152921994]LED indications
	System state
	Indication on Standby LED
	Meaning

	Standby
	Off
	Normal, power is off

	On
	Steady – white
	Normal, power is on

	Auto-standby
	Pulsing – white
	Normal, system has entered standby after 4 hours of no audio or user interaction

	System fault
	Steady – red
	Power supply, power amplifier, or processor fault. See section below.

	Thermal fault
	Flashing – red
	Power amplifier has overheated. See section below.


The following table describes the meaning of each indication presented by the Standby LED, located on the IO panel as shown to the right.


[bookmark: _Toc152921995]System does not power on+ Probe
– Probe

First, check if AC power is being delivered to the Power PCBA. Then, use the board-to-board header or (for L1 Pro32) the ribbon cable interface as a way to separate the issue between the Main and Power PCBA. If the Power PCBA is providing its 18V standby supply to the Main PCBA when the unit is connected to AC, then the fault likely lies within the Main PCBA. The image to the right may help identify which pins to probe. Pins are numbered from the perspective of the Main PCBA. 
[image: ]


[bookmark: _Toc152921996]No audio is heard from speakers – L1 Pro8, L1 Pro16, L1 Pro32
This guide attempts to isolate the problem to either the input or the output side of the DSP. If none of the inputs work, and there is a known good signal coming from the source that is connected to each input, the issue most likely lies either with the ADC/codec or some component downstream of that point. A functioning green Signal LED indicates the audio is being received by the DSP. Audio that is present at the board-to-board header or ribbon cable (see image to right) indicates that the issue lies in the Power PCBA (or the line array/woofer drivers). + Probe (array)
– Probe
+ Probe (woofer)

[image: ]

[bookmark: _Toc152921997][image: ]No audio is heard from speakers – Sub1, Sub2
[bookmark: _Toc152921998]Audio is distorted or poor-quality
	Input
	Maximum input level
	Recommended input level for 50% Volume/Level setting

	L1 Pro Channel 1 or 2 XLR
	2.4 V RMS
	0.1 V RMS

	L1 Pro Channel 1 or 2 TRS (1/4”)
	12.2 V RMS
	0.5 V RMS

	L1 Pro Channel 3 3.5mm (1/8”)
	2.9 V RMS
	0.3 V RMS

	L1 Pro Channel 3 TRS (1/4”)
	12.2 V RMS
	1.2 V RMS

	Sub1/Sub2 Line In 1 or 2
	12.2 V RMS
	1.2 V RMS


Follow the same steps as in the above guides for “no audio” to isolate the source of distortion within the audio path of the system rather than isolating a complete break in audio. However, instead of setting the input level as high as possible, ensure the input level is appropriate for the given input channel per the below table, and set the Volume or Level control to approximately 50% (a “12 o’clock” setting).


[bookmark: _Toc152921999]System Fault is indicated
A System Fault may be permanent or intermittent. It may appear once and be very difficult to reproduce if the cause is intermittent: for instance, power supply overheating, low impedance or short-circuit at the amplifier output that is dependent on signal being applied to cause a fault. This guide generally assumes the fault is due to some permanent damage, which may be easy to repair (a wiring issue) or difficult to repair (damaged components in a power supply).
[image: ]The state diagram referenced earlier in this document can also aid in diagnosing System and Thermal faults by exploring the various ways they can be triggered.

[bookmark: _Toc152922000]Thermal Fault is indicated
A Thermal Fault has less of a wide array of potential causes – it is only triggered by excessive temperature at the power amplifier thermistor. This fault state is almost always temporary, and the first attempt should always be to move the system to a relatively cool place (less than 25°C or 75°F) and wait an hour, with AC disconnected, for the system to cool completely. 
If the system was being used at high power levels and in a relatively hot environment, this combination of conditions may exceed the system’s thermal capability. This product line is tested at its maximum continuous power output with pink noise at 25°C for many hours in a laboratory environment, and similarly tested with 1/3 of its rated power output (slightly less than its maximum continuous power) at 50°C, and in both cases proven to continue to run. If the ambient temperature is above 25°C, the volume level may need to be reduced. If the ambient temperature is above 50°C or if the product is in direct sunlight, the level may need to be reduced greatly or the environment changed to provide shade or better air flow.
When the system has cooled, reconnect it to AC power and turn it on, and play audio through it at the highest level comfortable. If it shuts down with a Thermal Fault again, open the product and ensure there are no foreign objects blocking the acoustic ports (all except L1 Pro32) and that no large objects such as acoustic batting sheets have moved in a way that would block air flow. For the L1 Pro32, review the L1 Pro32 air flow diagram shown in the Thermal Management section earlier in this document to ensure the illustrated air paths are not blocked; turn on the system and with a dampened finger or small piece of paper held next to the grille beneath the power ports, ensure the fan is operating and moving air. (Alternatively, inspect the fan rotor for movement with the L1 Pro32 enclosure open but all cables still connected.) The fan only runs when the product is On.
Finally, inspect all thermal mating surfaces as described in the Thermal Management section earlier in this document.

[bookmark: _Toc152922001]Software description
· Jayesh Sarode, SW Lead, Jayesh_Dilip_Sarode@bose.com 
· Matt Smolski, SQA Lead, Matt_Smolski@bose.com 
· David Malaguti, Mobile App Lead, David_Malaguti@bose.com

The FW image and can be updated via Bose USB updater (http://btu.bose.com/) or via Polycomm (internal Development tool). The instructions to update FW via Bose USB Updater can be found once you go on the site to update product. 

Instructions for updating Baby Yoda over BTU are located on the Sharepoint here:  https://bosecorp.sharepoint.com/sites/BabyYodaExternal/Shared%20Documents/Software/Tutorials/BabyYoda_BTU_Update_Instructions.docx?d=wfdc6934d865446b8a54360c4582f8ec2

Latest FW images for L1 Pro products can be found internally at SharePoint location BabyYoda Builds. These FW .bin can be picked up and product can be updated via Polycomm if needed. But one should choose to update units via Bose USB updater site.   

UIDD for the product explains lot of user behavior of the product. I would encourage to visit Baby Yoda’s UIDD to learn more about the user behavior of the products. The UIDD can be found in the Baby Yoda’s SharePoint Location as follows. 

UIDD Location: https://bosecorp.sharepoint.com/sites/BabyYodaExternal/Shared%20Documents/PRD%20and%20UIDD/Baby%20Yoda%20UI%20v1.51.pdf

Release notes for the products can also be found at respective FW image location Release notes are embedded in the FW build folder only.
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